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Introduction 

The ability to successfully localize sound sources is essential 
for daily life. Apart from enabling a listener to localize 
imminent threats such as an approaching car, this ability is 
also considered to be closely linked to successful auditory 
selective attention performance. In many scenarios, people 
are confronted with the challenge of trying to listen to a target 
speaker in the presence of other disturbing noise sources, e.g., 
in a cocktail-party situation. In the context of their ongoing 
DFG project, the authors are investigating auditory selective 
attention performance of young, normal-hearing listeners 
compared to elderly listeners with age-related hearing loss. 
One of the main research questions the project is trying to 
answer, is whether performance differences between young, 
normal-hearing participants and elderly participants with age-
related hearing loss can be attributed to sensory deficits, or 
rather cognitive decline. An approach pursued in the planned 
listening experiments is to introduce signal impairments using 
a software for the simulation of cochlear hearing loss, with the 
intention of impairing the sensory capabilities of young, 
normal-hearing participants to a level comparable to the one 
of the elderly participants. If sensory equality can be achieved, 
any performance differences observed must be explained by 
other effects. Among the goals for the ongoing localization 
experiment presented here are the integration of the hearing 
loss simulation for the use with different audio reproduction 
methods and to answer the following research question: How 
will different degrees of simulated hearing loss affect 
participants’ localization accuracy and response times? 

Since audio reproduction methods constitute important tools 
in the field of hearing research, with different methods 
exhibiting individual advantages and disadvantages, a 
selection of relevant methods are to be compared in the 
context of the study. Here, the aim is to answer the following 
questions: What differences in the results can be observed for 
the different reproduction methods? How do they compare to 
the reference condition (namely, discrete loudspeakers)? 

Method 

The experiment design comprised the independent variables 
reproduction method and degree of hearing loss. 

For reproduction method, a total of six different levels were 
defined. Playback via single discrete loudspeakers was 
defined as a reference condition since it usually allows the 
most accurate localization, cf. [1]. As the second loudspeaker-
based reproduction method, Higher-Order Ambisonics 
(HOA), was included. These methods were realized with the 
surrounding spherical cap loudspeaker array “SCaLAr” [2], 
which consists of 68 loudspeakers and is installed in the fully 
anechoic chamber at the Institute for Hearing Technology and 

Acoustics (IHTA). Finally, binaural synthesis using both 
individual and generic head-related transfer functions 
(HRTFs) with reproduction via headphones were included. 
Reproduction in these cases was static, i.e., not responsive to 
head movements. 

For degree of hearing loss, three different conditions were 
defined: no hearing loss, mild hearing loss, and moderate 
hearing loss. The mild and moderate hearing loss auditory 
thresholds were based on data provided in ISO 7029 [3] and 
are representative of 70- and 80-year-olds, respectively.  

As dependent variables, the pointing azimuth and elevation 
(to ultimately obtain the corresponding angular errors) as well 
as response times were measured. 

Nine different sound source positions were defined, all of 
which were placed in the horizontal plane. To prevent 
participants from having to switch hands between trials and 
facilitate pointing with the right hand, all sound sources were 
located in the right hemisphere.  

To indicate the perceived sound source direction, participants 
use the proximal pointing method [4], where the head of the 
participant and a hand-held device are tracked using an optical 
tracking system. Participants are instructed to face forward 
and to not move their head (supported by a head rest) during 
stimulus presentation and subsequent pointing. 

A pulsed speech-shaped noise signal was used as stimulus, 
consisting of five pulses with a total duration of 1.95 s. In case 
of the unimpaired signals, i.e., without simulated hearing loss, 
stimuli were presented at a level of 60 dB(A), independent of 
the reproduction method used. 

Potential participants are young adults, normal-hearing 
(HL < 20 dB for all audiometric frequencies in the range of 
125 Hz to 8 kHz), and right-handed to prevent a confounding 
effect from different handedness during pointing. 

Integration of hearing loss simulation 

For the simulation of cochlear hearing loss via signal 
processing, the Wadai Hearing Impairment Simulator 
(WHIS), mainly developed by Irino [5], was used. This tool 
was selected based on the evaluation carried out by Deutsch 
& Fels [6], in which several hearing loss simulators were 
compared, and it was shown that the WHIS yields the most 
accurate results. The WHIS focuses on the simulation of 
elevated hearing thresholds and loudness recruitment.  

The block diagrams shown in Figure 1 depict the schematic 
signal flow for the different reproduction methods and how 
the hearing loss simulation was integrated in each case. 
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Figure 1: Block diagrams showing the signal flow for the 
different reproduction methods and the integration of the 
hearing loss simulation (x = raw speech-shaped pulsed noise 
signal, HLS = hearing loss simulator, HpTF EQ = headphone 
transfer function equalization [7]). 

In case of the binaural synthesis played back via headphones, 
two variants, c) and d), for the integration of the hearing loss 
simulation were implemented: In variant c), the input signal 
is first sent through the WHIS, the resulting single-channel 
output is subsequently processed with the HRTF. By contrast, 
in variant d), the input signal is first processed with the HRTF, 
the resulting two output channels are subsequently sent 
through separate instances of the WHIS. The latter method 
allows a more realistic integration of hearing loss simulation, 
as any interaural level differences introduced by the HRTF 
can now be considered by the non-linear processing of the 
WHIS adequately.  

Preliminary results 

Based on the data collected thus far, several interesting 
observations were made. The preliminary results suggest that 
the introduction of hearing loss simulation causes a drastic 
increase in front-back confusions. While confusion rates are 
lowest in case of single loudspeaker reproduction, no distinct 
differences can be found between all other reproduction 
methods. Regarding azimuth localization, the lowest errors 
are observed for the reference condition of single loudspeaker 
reproduction without simulated hearing loss, as expected. But 
again, the introduction of simulated hearing loss seems to 
result in higher localization errors, while differences among 
reproduction methods appear to be minor. Similarly, response 
times appear to be longer for conditions with simulated 
hearing loss, while again, no clear differences among the 
reproduction methods can be seen in the data. These results 
suggest that longer response times usually found for elderly 
listeners are at least partially explained by a sensory deficit. 

The majority of observed performance deficits are most likely 
explained by the frequency-dependent level attenuation 
caused by the hearing loss simulator. For any of the 
configurations presented in Figure 1, the interaural time 

differences remain largely unaffected by the introduction of 
the hearing loss simulation. The time-varying behavior of the 
WHIS, which, in simplified terms, tracks the amplitude of the 
input signal over time and reacts accordingly, likely only 
plays a subordinate role: The envelope of the pulsed noise 
signal mainly alternates between an amplitude of zero and a 
plateau of maximum amplitude, with only short transitions in 
the shape of fade-ins and fade-outs in-between. 

Funding 

This work is funded by the German Research Foundation 
(Deutsche Forschungsgemeinschaft, DFG) [project number 
513033051]. 

References 

[1] Deutsch, T., Vollmer, L., & Fels, J.: An assessment of 
spatial fidelity of Higher-Order Ambisonics 
reproduction using the SCaLAr system. Proc. DAGA, 
Vienna & online, Austria (2021), 1433-1436 

[2] Pausch, F., Behler, G., & Fels, J.: SCaLAr – A 
surrounding spherical cap loudspeaker array for flexible 
generation and evaluation of virtual acoustic 
environments. Acta Acustica, vol. 4, no. 5 (2020) 

 [3] ISO 7029:2017: Acoustics – Statistical distribution of 
hearing thresholds related to age and gender. ISO, 
(2017) 

[4] Bahu, H., Carpentier, T., Noisternig, M., & Warusfel, 
O.: Comparison of different egocentric pointing 
methods for 3D sound localization experiments. Acta 
acustica united with Acustica, vol. 102, no. 1 (2016), 
107-118 

[5] Irino, T.: Hearing impairment simulator based on 
auditory excitation pattern playback: WHIS. IEEE 
Access (2023), 78419–78430 

[6] Deutsch, T., & Fels, J.: Evaluating models for the 
simulation of cochlear hearing loss. Proc. DAGA, 
Hamburg, Germany (2023), 200–203 

[7] Masiero, B., & Fels, J.: Perceptually robust headphone 
equalization for binaural reproduction. Audio 
Engineering Society Convention 130, (2011) 

 

DAGA 2024 Hannover

219


