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Abstract

Spherical microphone arrays are valuable tools for re-
alistic sound field analysis and higher-order Ambison-
ics (HOA)-based spatial signal processing. Room impulse
responses measured with spherical microphone arrays are
particularly effective for simulating complex acoustic en-
vironments. This paper presents a novel spatial room
impulse response database collected using an Eigen-
mike em64 spherical microphone array, measured in a
room compliant with the base reference ITU-R BS.1116-
3, which features spherically mounted loudspeakers and
low reverberation. In total, 36 - 63 = 2268 source-
receiver combinations were considered, which resulted in
2268 - 64 = 145152 room impulse responses. Through
simulations, we demonstrate the advantage of using em64
with high spatial resolution via sound field reproduction
and steered response power (SRP) map examples. For fu-
ture studies, this comprehensive database could benefit
diverse research areas, including sound source localiza-
tion, acoustic scene analysis, and machine learning as-
sisted spatial signal processing. We make the database
publicly available online to support further research.

Introduction

Capturing 3D sound field information in acoustic scenes
is an intriguing area of research with numerous applica-
tions, especially in immersive environments such as vir-
tual reality (VR). One effective method for obtaining
this information involves recording sound fields using spe-
cially designed microphone arrays that sample sound in
space. Notable examples include the Eigenmike em32
and em64 from mh acoustics [1], which feature 32 and
64 microphones arranged on rigid spherical surfaces, re-
spectively. The unique structure of these arrays enables
recorded signals to be represented in a more abstract
domain known as Ambisonics, which is independent of
the geometry of the recording device and allows flexible
adaptation to various spatial configurations. Initially in-
troduced by Gerzon [2], Ambisonics have since evolved
into higher-order Ambisonics (HOA), which provide in-
creased spatial resolution.

A fundamental challenge in HOA-based sound field rep-
resentation is that spatial resolution is limited by the
number of microphones [3]. This limitation results in
accurate sound field reproduction only within a specific
area known as the physical sweet spot, whose size is pro-
portional to HOA order and inversely proportional to fre-
quency [4]. Consequently, maximizing spatial sampling
resolution is crucial for improving accuracy.

Since access to spherical microphone arrays is not al-
ways straightforward, room impulse response databases
serve as valuable resources for simulating recordings from
these devices. Numerous databases featuring such tech-
nologies have been published in the literature. For in-
stance, [5] introduced a high-resolution database that in-
cludes measurements across three different rooms, each
with two receiver positions and three source locations.
The impact of varying furniture on the measured re-
sponses was explored in [6], which utilized a 32-channel
Eigenmike em32 across several room configurations with
four source-receiver combinations. The authors in [7] ac-
quired a database using the same Eigenmike model in
a variable acoustics room, considering three source and
seven receiver positions. In [8], the authors documented
an extensive database featuring 240 source-receiver com-
binations collected with the Eigenmike em32 in an aver-
age reverberation time classroom setting (Tgo =~ 1.12).

We present a novel database with high spatial resolu-
tion and numerous source-receiver positions specifically
designed to leverage data-driven spatial audio applica-
tions. We created the database using an Eigenmike em64
spherical microphone array across many source-receiver
combinations within a slightly reverberant measurement
room (T5p =~ 0.25s). In the following, we detail our mea-
surement setup and methodology. Then, we demonstrate
the characteristics of the measurement room by examin-
ing two room acoustic parameters. Finally, we discuss
the advantages of using em64 compared to em32 through
exemplary simulations based on sound field reproduction
and steered response power (SRP) maps.

Measurement Setup

The measurements were conducted in the IKS|Lab, a lis-
tening lab at the Institute of Communication Systems
(IKS) at RWTH Aachen University (Germany). Fig. 1
shows the room with a floor area of 35m2. This room
complies with the base reference ITU-R BS.1116-3 [9],
featuring an average reverberation time of approximately
Teo =~ 0.25s. Room impulse responses were measured
using the Eigenmike em64 spherical microphone array.
Fig. 2 shows this array, whose microphone positions can
be found in the data sheet provided by the manufacturer.
The frequency range in which the microphones operate
is between 20 Hz and 20kHz. For signal generation and
recording, the programming platform MATLAB was used
on the IKS|Lab computer. An RME Digiface Dante [10],
which has 64 input and 64 output channels, served as the
audio interface.

1161



DAS|DAGA 2025 Copenhagen

Figure 1: IKS|Lab with spherically mounted loudspeakers.
The red circle indicates the Eigenmike em64 at the center.

Figure 2: Eigenmike em64 that features 64 microphones.

Room impulse responses were measured at 63 differ-
ent positions within the room. Fig. 3 is a graphical
representation of all measurement positions. The mea-
surement positions are described in Cartesian coordi-
nates (z,y,2) € Z3, with (z,y,z) = (0,0,0) indicating
the origin. As can be seen, the 63 measurement posi-
tions are distributed across three different height levels.
Each height level contains 21 measurement positions ar-
ranged in a 5 x 5 rectangular grid. Corner positions were
excluded due to their proximity to some loudspeakers,
which complicates accurate measurements.

The IKS|Lab is equipped with 36 Neumann KH120D stu-
dio monitors [11], 32 of which can be described within
a spherical configuration relative to the origin as high-
lighted in Fig. 3: For orientation, only the loudspeakers
with indices 1, 8 and 32 are indicated. Together, the
loudspeaker and measurement positions cover the entire
listening area within the loudspeaker installation with
high spatial resolution. In total, 36 - 63 = 2268 source-
receiver combinations were considered, which resulted in
2268 - 64 = 145152 room impulse responses. Further de-
tails regarding the exact loudspeaker and measurement

positions can be found in the documentation sheet pro-
vided with the published database [12].

Measurement Procedure
At each measurement position, a logarithmic sweep sig-
nal [13] lasting 10s was played by each of the surround-
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Figure 3: 3D visualization of the measurement positions.
The colors (0/0/@) indicate the positions of Eigenmike em64
in the highest, middle and lowest planes, respectively.

ing 36 loudspeakers and recorded by the 64 microphones
of the array. Denoting the input signal that is played
through a loudspeaker as z(k) and the recorded micro-
phone signals as y(k), with k representing the discrete
time index, we determined the multi-channel room im-
pulse responses through spectral division, i.e.,

o= (2

where F {-} and F~!{-} represent the discrete Fourier
operator and its inverse, respectively. To synchronize
measurements and partially compensate for processing
delays caused by the measurement hardware, a loopback
signal was utilized. The measured impulse responses
were regularized within a frequency range of 60Hz to
20kHz, and truncated to 1s at a sampling rate of 48 kHz
to obtain the final room impulse responses, denoted as

Loudspeaker Characterization

The Neumann KH120D loudspeakers in the IKS|Lab con-
sist of a tweeter for mid-high frequencies and a sub-
woofer for lower frequencies. According to the manu-
facturer’s data sheet, the crossover frequency between
these two drivers is set at 1.7 kHz. Through experiments,
we analyzed the measured impulse responses around this
crossover frequency and observed no significant effects,
even when the distance between the loudspeaker and
measurement position was small. According to the man-
ufacturer’s data sheet, the loudspeakers maintain a linear
frequency response within the range of 44 Hz to 21 kHz,
with deviations of +3dB, and exhibit a linear phase re-
sponse from 120 Hz to 16 kHz with a variation of +45°.
Additionally, they have a latency of less than 2.6 ms.

Room Acoustic Parameters

Using the collected em64 database, we analyzed the
acoustic characteristics of the measurement room. To
achieve this, we considered the omnidirectional channel
(HOA order 0) between the measurement position at the
center of the room and all surrounding 36 loudspeakers.
For each omnidirectional channel, we calculated rever-
beration time RT30 and clarity C50 over frequency using
ITA Toolbox [14]. These parameters provide valuable in-
sights into the reverberation characteristics and how well
the room supports speech intelligibility since late reflec-
tions can be unfavorable for understanding speech [15].
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Figure 4: Reverberation time RT30 (top) and clarity C50
(bottom) based on omnidirectional channels between em64 at
the center and all 36 loudspeakers, and their average (—@—).

Fig. 4 shows both RT30 and C50 in the frequency range
of 250 Hz to 8 kHz for all 36 loudspeakers along with their
average over frequency. RT30 decreases with frequency,
which reflects greater absorption of higher frequencies
and their quicker decay compared to lower frequencies.
In this frequency range, RT30 is bounded by 0.3s and
drops below 0.1s at 8 kHz. This indicates that the room
has a low influence on the measurement data in terms of
reverberation.

The clarity of the room was quantified using C50 val-
ues derived from measured impulse responses. The C50
value measures the ratio of early sound energy received
in the first 50 ms to late sound energy which arrives after
50 ms. Fig. 4 shows the C50 values for all 36 loudspeak-
ers, which indicates that the C50 values range from 8 dB
to 35dB. The observed increase in C50 with frequency
suggests that higher frequencies contribute more effec-
tively to clarity within the room.

Together, these parameters provide an understanding of
the room’s acoustic characteristics. The low RT30 and
high C50 values imply that the room supports clear sound
propagation with minimal interference from late rever-
beration, which indicates that the database is well-suited
for acoustic scene simulations. Additionally, high C50
values suggest that this em64 database is particularly
suitable for simulating speech scenes.

Database-Driven Simulations

To demonstrate the usefulness of the em64 database and
verify the plausibility of our measurement data, we per-
formed simulations based on sound field reproduction
and SRP maps. In the following, we will present sim-
ulation results based on exemplary acoustic scenes. The
simulations were conducted using both the newly col-
lected Eigenmike em64 database and an existing Eigen-
mike em32 database that was also created in the IKS|Lab.

Sound Field Reproduction

In the first simulation, we considered an acoustic scene
with a sinusoidal source signal at frequency f = 4500 Hz
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Figure 5: HOA-based sound field reproduction of an acoustic
scene with a sinusoidal source at frequency f = 4500 Hz and
from a single loudspeaker. The sound field is reproduced using
an existing em32 database at HOA order 4 (left), and the
novel em64 database at HOA order 6 (right). The red circles
represent the physical sweet spots.

coming from a single direction. This acoustic scene was
simulated using both the em32 and em64 databases. The
simulated microphone signals for both cases were trans-
formed into HOA domain, which allowed to reproduce
the sound field based on these HOA signals. Since the
number of microphones in spherical arrays determines
the maximum achievable HOA order, we reproduced the
sound field at an HOA order of 4 using the em32 database
and at an order of 6 using the em64 database.

Fig. 5 shows the reproduced sound fields for this simu-
lated acoustic scene based on measurements from both
databases. As expected, em64 provides higher spatial
resolution compared to em32 due to its greater number
of microphones, which enables a higher HOA order. Con-
sequently, the sound field based on em64 can be repro-
duced accurately over a larger physical sweet spot. These
findings highlight an advantage of using the novel em64
database with more array microphones.

Steered Response Power Maps

SRP maps allow the analysis of sound source directions
within an acoustic scene. They visualize the spatial dis-
tribution of the signal energy by calculating the power
density across a wide range of directions that cover the
entire scene with a certain spatial resolution.

To compare the effectiveness of both databases in localiz-
ing the correct sound source directions, we created SRP
maps based on three measured room impulse responses
from different directions for both the em32 and em64
databases. Similar to the previous simulation, we calcu-
lated the SRP maps based on the measured HOA signals.

Fig. 6 shows the resulting SRP maps. Due to the lim-
ited HOA orders in both cases, some spatial blur around
the true loudspeaker directions is observed, which be-
comes less pronounced with higher HOA orders [16]. In
this example, the advantage of using the em64 database
is evident, which reduces spatial blur by allowing for
an HOA order of 6 compared to 4 for em32. Conse-
quently, the resulting energy distribution is more concen-
trated around the true loudspeaker directions for em64.
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Figure 6: SRP maps based on three active loudspeakers with
em32 (top) and em64 (bottom). The crosses (x) indicate true
loudspeaker directions.

Conclusion

We presented a novel room impulse response database
recorded with the Eigenmike em64 spherical microphone
array. Based on the measurement data, we derived two
room acoustic parameters, reverberation time (RT30)
and clarity (C50), that characterize the acoustics of the
measurement room. The results showed that the mea-
surement room exhibits low reverberation times and high
clarity, which indicate a suitable environment for simulat-
ing acoustic scenes. We compared simulation results from
the em64 database with those from an existing Eigenmike
em32 database collected in the same measurement room.
The findings indicated that, regarding both the physical
sweet spot size and overall spatial resolution, the novel
em64 database offers significant advantages over em32.
Moreover, since the em64 database comprises numerous
source-receiver combinations, it can serve as an effective
test environment for evaluating algorithms in applica-
tions such as acoustic scene analysis and sound source
localization. This database can also be utilized for data
generation in machine learning assisted spatial audio ap-
plications. We have made the database available online
to facilitate research in spatial audio.

Database Access and Format

The room impulse response database is available at
https://doi.org/10.5281/zenodo.15093935 under a
Creative Commons Attribution 4.0 International license.
The impulse responses are stored as 4-byte (32-bit)
floating-point values and as .mat files. Additionally,
a supplementary document is included, which provides
detailed information about measurement setup, loud-
speaker arrangement, measurement procedure, indexing
convention, and the folder structure.

References
[1] mh acoustics, “Eigenmike em64 and em32.” [On-
line]. Available: https://mhacoustics.com/products

[2] M. A. Gerzon, “Periphony: With-height sound re-
production,” J. Audio Eng. Soc., vol. 21, no. 1, pp.
2-10, 1973.

1164

[3] B. Rafaely, B. Weiss, and E. Bachmat, “Spa-
tial aliasing in spherical microphone arrays,” IEFEE
Trans. Signal Process., vol. 55, no. 3, pp. 1003-1010,
2007.

B. Rafaely, Fundamentals of spherical array process-
ing. Springer, 2015, vol. 8.

T. Liibeck, J. M. Arend, and C. Pdrschmann,
“A high-resolution spatial room impulse response
database,” in Proceedings of the 47th German An-
nual Conference on Acoustics (DAGA), Vienna,
Austria, August 2021, pp. 6-9.

G. Gotz, S. J. Schlecht, and V. Pulkki, “A dataset of
higher-order Ambisonic room impulse responses and
3D models measured in a room with varying furni-
ture,” in Proceedings 2021 Immersive and 3D Audio:
from Architecture to Automotive (I3DA). IEEE,
2021, pp. 1-8.

T. McKenzie, L. McCormack, and C. Hold, “Dataset
of spatial room impulse responses in a variable
acoustics room for six degrees-of-freedom render-
ing and analysis,” arXiv preprint arXiv:2111.11882,
2021.

0. Olgun and H. Hacihabiboglu, “METU SPARG
Eigenmike em32 acoustic impulse response dataset.”
[Online]. Available: http://doi.org/10.5281/zenodo.
2635758

ITU-R, “Methods for the subjective assessment of
small impairments in audio systems,” International
Telecommunication Union (ITU), Recommendation
BS.1116-3, 2015.

RME, “RME Digiface Dante.” [Online]. Available:
https://rme-audio.de/

Neumann, “Neumann KH120D.” [Online]. Avail-
able: https://www.neumann.com/de-at/

E. Chatzimoustafa, J. Heck, D. Patek, and
P. Jax, “IKS|Lab Eigenmike em64 impulse response
database.” [Online]. Available: https://doi.org/10.
5281 /zenodo.15093935

S. Miiller and P. Massarani, “Transfer-function mea-
surement with sweeps,” Journal of the Audio Engi-
neering Society, vol. 49, no. 6, pp. 443-471, 2001.

P. Dietrich, M. Guski, J. Klein, M. Miller-Trapet,
M. Pollow, R. Scharrer, and M. Vorlander, “Mea-
surements and room acoustic analysis with the ITA
Toolbox for MATLAB,” in Proceedings of the 40th
Italian Annual Conference on Acoustics (AIA) and
the 39th German Annual Conference on Acoustics
(DAGA), Merano, Ttaly, March 2013, p. 50.

M. Vorlander, Awralization:  Fundamentals of
Acoustics, Modelling, Simulation, Algorithms and
Acoustic Virtual Reality. Springer, 2020, vol. 2.

M. Kentgens, Signal Processing Concepts for User
Movement in Scene-Based Spatial Audio. Shaker
Verlag, 2023, vol. 3.



