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ABSTRACT

Measuring room impulse responses (RIRs) is fundamen-
tal to sound reproduction and acoustical research. For in-
stance, these measurements play an essential role in build-
ing digital twins in virtual reality to preserve their cul-
tural heritage. For sound reproduction, RIRs can be used
directly through convolution, or a more complex time-
frequency domain analysis may be used to characterize
a parametric method. Measuring RIRs using microphone
arrays, such as a spherical microphone array, is necessary
to extend this reproduction to the spatial domain. Recent
work has shown that reverberant sound fields have percep-
tually salient position- and direction-dependent character-
istics which should be considered in six degrees of free-
dom (6DoF) sound reproduction. However, related psy-
choacoustics and signal processing research require com-
plex datasets to measure to better understand these charac-
teristics. In this article, we present an experiment carried
out in the main auditorium of the Finnish National Opera
and Ballet in Helsinki, where we measured spatial RIRs
from the perspective of ninety-seven individual seats. We
analyze key characteristics of the resulting anisotropic and
inhomogeneous sound field using energy-based analysis
methods and the dataset is shared publicly to allow for
further research in this field, such as multi-slope decay
analysis and 6DoF auralization.

Keywords: Anisotropy, inhomogeneity, auralization, di-
rectional reverberation, virtual reality.
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1. INTRODUCTION

A measured room impulse response (RIR) contains infor-
mation on the time-frequency behavior of sound waves in
a room for a set of specific measurement conditions, such
as a microphone and loudspeaker position. As such, an
RIR may be used to detect the incident direction of early
reflections [1], to study specific acoustics characteristics
such as variable acoustics room [2, 3] or coupled volume
[4], and analyze properties of a late reverberant sound field
[5, 6, 7]. Larger datasets of measured RIRs [8] find appli-
cations in speech recognition [9], conservation of acous-
tics [10, 11], machine learning [12, 13], and studying the
perception of transitioning through coupled rooms [14].

In virtual and augmented reality (VR/AR) applica-
tions, where reproduction accuracy and six degrees of
freedom (6DoF) scene navigation are important, new chal-
lenges arise for acoustic reproduction [15, 16, 17, 18, 19].
For sound field reproduction, a spherical microphone ar-
ray (SMA) is typically used to measure spatial room im-
pulse responses (SRIR), which can be used for reproduc-
tion using convolution [20], or spatial-time-frequency pro-
cessing may be used to improve efficiency and accuracy of
the reproduction [21, 19].

While reverberation is often described as diffused in
time, recent acoustics measurement research has demon-
strated that reverberant sound fields are not necessarily
isotropic [22, 23, 6, 24], and may have perceptually salient
position- and direction-dependent decay characteristics
[25], which should also be considered in 6dof auralization
[26]. However, since the perceptual effect of anisotropic
reverberation will vary from one room to another and the
perceptual threshold of such characteristics has not yet
been fully established, more research is required to fully
understand this aspect.

In the study of anisotropic and inhomogeneous sound
fields, opera houses offer interesting characteristics. In-
deed, while they are built to encourage a certain amount
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of reverberation in the audience section, they also con-
tain large open spaces behind the stage as well as an or-
chestral pit and high ceilings, which all contributes to a
non-uniform spatial distribution of sound energy through-
out the decay. A previous experiment was performed in
an opera hall to capture SRIRs from fifteen seats [26] and
propose the use of a directional feedback delay network
reverberator for reproduction [27, 28]. However, a rel-
atively large inhomogeneity was observed between adja-
cent measurement points, suggesting the necessity to re-
duce the distances between each measurement point.

In this article, we present an extended measure-
ment campaign carried out in the main auditorium of
the Finnish National Opera and Ballet in Helsinki, where
SRIRs were measured from the perspective of ninety-
seven individual seats in the parterre section. Using
energy-based analysis methods, we analyze the sound
field to confirm it contains both anisotropic and inhomo-
geneous characteristics. The dataset is shared publicly
to allow its use in future research, including directional
and multi-slope decay analysis, and 6DoF auralization.
Since the stage curtain was raised during measurement,
and the stage was left empty, the measurement condi-
tions are not ideal for assessing the acoustics qualities
of this opera hall, in a musical sense. Nonetheless, the
dataset aims to offer an interesting set of sound field char-
acteristics and challenges for future research in reverber-
ation modeling and reproduction. The dataset, titled Op-
eraRIR, is available publically at https://doi.org/
10.5281/zenodo.8096639.

2. DATASET

2.1 Description

The main auditorium of the Finnish National Opera and
Ballet (FNOB), located in Helsinki, Finland, is a modern-
shaped horseshoe opera hall that opened in 1993. The hall
contains three balconies and a parterre, for a total of 1350
seats. The parterre contains 731 individual seats over 19
rows. In its widest section, the hall is approximately 27 m
wide, and 25 m deep, from the center back of the hall to
the beginning of the stage, including the orchestra pit.

In this measurement campaign, 210 SRIRs were mea-
sured. More specifically, 97 individual seats located on
the parterre were measured sequentially using two differ-
ent sound sources located on the stage (Fig.1), for a to-
tal of 194 SRIRS. Among these measurement positions,
four were selected as validation points, and two extra mea-
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Figure 1. Measurement layout.

surement sets were performed, using the same two sound
sources, thus adding 16 SRIRs to the dataset. These vali-
dation points are intended for use in assessing the stability
of the measurements and the background noise.

The measurements were captured using an SMA, the
Eigenmike® 1 , to obtain microphone signals that can be
encoded as fourth-order ambisonic SRIRs. Two Genelec
8331A loudspeakers were used as sound sources and both
were positioned at a depth of one meter, from the edge of
the stage, on a 1.6 m stand. The first source was located
5.53 m from the lateral center, on the left side of the stage
when looking from the parterre, and the second loud-
speaker was located in the center 1. Other than the loud-
speakers, the stage was left completely empty, the curtain
was fully raised, and no audience was present. Therefore,
in practice, the perceived reverberant sound field would be
different during a live performance.

While the use of an omnidirectional sound source,
such as a dodecahedron, is recommended to measure
acoustic parameters and measurements [29], we observed
during the first experiment ([26]) that the deviation of om-
nidirectionality was unpredictable at mid-high frequen-
cies, and that the loss of phase coherence due to their
multi-driver operation was resulting in measurements that

1 https://mhacoustics.com/
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Table 1. Microphone coordinates of the first two
measured rows contained in the dataset.

row seat x y row seat x y
2 37 3.51 7.80 4 112 3.00 9.56

40 4.97 8.35 115 4.47 10.17
43 6.52 8.87 118 5.97 10.71
46 8.06 9.29 121 7.54 11.15
49 9.60 9.58 124 9.12 11.44
52 11.19 9.79 127 10.68 11.66
55 12.81 9.86 130 12.28 11.72
58 14.44 9.79 133 13.89 11.69
61 16.02 9.60 136 15.48 11.59
64 17.58 9.32 139 17.04 11.35
67 19.14 8.91 142 18.62 11.03
70 20.64 8.37 145 20.16 10.58
73 22.11 7.72 148 21.69 10.01

150 22.62 9.56

were sub-optimal for analysis and sound reproduction.
Hence a high-quality, two-way studio monitor, was pre-
ferred as the excitation source, and its directivity is con-
sidered a property of the measurements.

The SRIRs were measured using 30-second long ex-
ponential sine sweeps [30, 31]. The loudness of each loud-
speaker was adjusted using a sound pressure level (SPL)
meter from an arbitrary position in the far field. How-
ever, after detecting some clipping in the output of the
first source at high frequencies, the frequency range of the
sweep used was restricted as a precaution. More specif-
ically, we used a sweep covering a frequency range of
50 Hz to 16 kHz for the first sound source, and a sweep
covering a frequency range 50 Hz to to 20 kHz for the sec-
ond source. Nonetheless, spatial analysis in the 16 kHz-
20 kHz frequency range are never recommended when us-
ing such an SMA due to physical limitations.

The locations of the measurement points were chosen
to cover as much of the parterre given time constraints in
the availability of the hall for measurements. For the first
half of the parterre, closer to the stage, every second row
was measured, and in the second half of the hall, every
third row. For most measured rows, two non-measured
seats were left between each measured one, and this was
extended to four seats on the last row. The average lat-
eral distance between two measured seats in the same row
was 1.57 m, and the average depth distance between two
measured rows was 1.58 m. Throughout the measurement
campaign, the microphone was placed on the floor directly
in front of a seat, using a 1.4 m tall stand. The location of
each microphone position was obtained using a top-view

architectural plan of the hall (Fig.1). The coordinate sys-
tem used here is in meters and the axis origin is located in
the top left corner of the architectural plan, the two loud-
speakers are positioned at y = 0. As such, the coordinates
of the first source are (7.30, 0.0), and the second source is
located at (12.83, 0.0).

In post-processing, the overall maximum amplitude
value detected across the whole dataset was used to
normalize the dataset while preserving the relative
differences between measurements. The public dataset
contains the deconvolved impulse responses, both as
32-channel microphone signals, as well as fourth-order
Ambisonic files encoded with the ACN channel ordering
and SN3D normalization. The SRIRs were measured at
48 hKz. The coordinates of each measurement position
are provided in a separate data file (Table 1).

2.2 Alignment

One significant challenge of measuring a hall from many
positions is ensuring a consistent alignment of the micro-
phone for each measurement position. Since this hall con-
tains no parallel walls to align with, and each seat has a
slightly different rotation angle on the parterre, the front
of the spherical microphone was aligned horizontally us-
ing a laser pointer, aiming at the loudspeaker located in
the center of the stage. Therefore, each measurement of
the dataset uses a different alignment which needs to be
compensated during post-processing.

In the dataset’s coordinate system, the alignment ref-
erence point is located at (12.83, 0). The exact orien-
tation angle was obtained by a combination of geomet-
rical prior knowledge and acoustical evidence from the
measured SRIRs. More specifically, for each position a
windowed SRIR was obtained by applying a rectangular
window around the maximum peak of the omnidirectional
RIR to all channels, hence isolating the direct path com-
ponent. This windowed SRIR was then analyzed to de-
tect the direction-of-arrival (DOA) of the direct path, us-
ing a plane wave decomposition approach, band-limited
between 2–6 kHz, followed by peak finding on the plane
wave amplitude distribution. The azimuth component of
the obtained DOA combined with the azimuth of the line
connecting the measurement position and the source was
then used to obtain the azimuthal rotation of the Eigen-
mike in the global coordinate system. Based on the ana-
lyzed azimuthal rotation angle for each measurement po-
sition, the Ambisonic recordings were inversely rotated to
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Figure 2. Lateral rotation angle of the SMA used
during measurements.

face the back wall of the stage (Fig.2). Compensation an-
gles, original measured files, and rotated HOA files are all
provided in the dataset.

2.3 Control points

In the context of sound reproduction, determining the op-
timal distance between measurement points remains an
open question. In order to assess the homogeneity of the
sound field at shorter distances, two pairs of seats were
measured with a shorter distance between them. The first
pair, measured on row 5, has a distance of 0.28 m between
the two microphone positions, and the second pair, on row
7, has a distance of 0.55 m. These measurement points lie
outside the main grid points used for the rest of the mea-
surement campaign and may be of interest in the study of
6dof interpolation. These two pairs of seats were mea-
sured three times consecutively to study the stability of
the measurement method.

3. ENERGY-DECAY ANALYSIS

In the context of sound reproduction, a common analysis
approach for reverberant sound fields is to analyze the de-
cay of energy over time [32]. While energy-decay analysis
has some drawbacks, such as sensitivity to environmental
noise, it provides useful measures in the context of artifi-
cial reverberation as they correspond well to our percep-
tion of sound decay. Additionally, time-frequency anal-
ysis of late reverberation in a measured RIR may be per-
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Figure 3. Directional EDC results on the horizontal
plane, for the first 25 ms of an SRIR filtered between
1 kHz and 3 kHz, measured in front of seat 37, on the
second row, using the first sound source.

formed using a filter bank [33]. For SRIRs, this analysis is
extended to a set of angles to obtain direction-dependent
characteristics [25]. As such, directional room impulse
responses (DRIRs) are obtained from a measured SRIR
encoded in spherical harmonics (SHs) using plane wave
decomposition for a set of angles distributed around the
sphere

y(n, ϕ, θ) = yT (ϕ, θ) s(n), (1)

where s(n) = [s1(n), ..., s(L+1)2(n)]
T is the L-th order

ambisonic SRIR, and y = [Y0,0, Y1,−1..., YL,L]
T is a vec-

tor of SH values for a pair of azimuth and elevation an-
gles (ϕ, θ). Directional, and frequency-dependent, decay
curves are calculated from a DRIR using [6, 25]

EDC(n, ω, ϕ, θ) = 10 log10

(
N∑
i=n

(
y(i, ω, ϕ, θ)

)2)
,

(2)
where ω is the center frequency of a band in a filter
bank. As such, energy-decay analysis can be performed
for different time segments (n), frequencies (ω), and di-
rections (ϕ, θ). When visualizing results, we limit some
of these parameters to allow comparison of specific time-
frequency-directional aspects.

3.1 Energy-decay on the horizontal plane

Using the SRIR measured on seat 37, on the second row,
and the first sound source, located on the left of the stage,
the response was filtered using a bandpass between 1 kHz
and 3 kHz. In Fig.3-5, an energy-decay analysis is per-
formed on a set of azimuthal angles around the sphere,
for a fixed elevation angle (0◦). On the analyzed plane,
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Figure 4. Directional EDC results on the horizontal
plane, for the first 1.5 seconds of an SRIR filtered
between 1 kHz and 3 kHz, measured in front of seat
37, on the second row, using the first sound source.

from the perspective of an audience member looking to-
wards the stage, an azimuth angle 0◦ is to the right, 90◦ is
towards the stage, 180◦ is to the left, and 270◦ is behind.

For any given time step, the directional decay analysis
contains the sum of the remaining decay energy in that
direction (Fig.2). Figure 3 contains results for the first
25 ms of the measured SRIR. We observe that the direct
sound is incident to 75◦, thus slightly to the right from the
perspective of the parterre. We also observe that the decay
energy is slightly stronger at 0◦ and 235◦in the first 25ms
of decay.

In Fig.4, which contains analysis results for the first
1.5 seconds, more energy is centered around 335◦ in the
first 100 ms, before gradually migrating to 15◦ and 175◦

at around 0.5 seconds. In any SRIR measurements, some
background noise will inevitably occur and the energy
needs to be taken into consideration when interpreting de-
cay analysis. In the later part of the measured sound field,
the background noise is noticeably present towards 60◦

and 250◦ (Fig.5), which appears to interfere with the anal-
ysis results already at 1 second. For sound reproduction, it
is highly recommended to use denoising methods to avoid
an unnatural reverberation effect when convolving with
this noise [34].

3.2 Energy-decay deviation

In a homogeneous sound field, sound energy is uniformly
distributed to any point in space, and in an isotropic sound
field, the energy incident to a point is uniformly dis-
tributed from any direction. In practice, these theoretical
requirements for a diffuse sound field are never fully re-
alized and it becomes interesting to quantify how much
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Figure 5. Directional EDC results on the horizontal
plane, for the first 4.5 seconds of an SRIR filtered
between 1 kHz and 3 kHz, measured in front of seat
37, on the second row, using the first sound source.

we deviate from this uniformity energy principle. The
energy-decay deviation (EDD) [6, 25], is a measure of the
deviation between direction-dependent EDC(n, ϕ, θ) to a
mean

EDD(n, ϕ, θ) = EDC(n, ϕ, θ)− EDC(n). (3)

where EDC(n) corresponds to the omnidirectional and
location-independent mean.

For the purpose of this dataset, we are interested in
the study of both anisotropy and inhomogeneity and as
such, the EDC(n) is calculated from a set of directions
distributed on the top hemisphere, for every measurement
point. Using this approach, we can analyze how the en-
ergy is distributed in the measured area, at different times.
At time zero, time-aligned from the initial impulse for
each seat, in Fig.6, the location of the first sound source
can clearly be identified as coming from the front left of
the stage, represented in the top-left corner of the figure,
while the overall reverberant energy decreases as the mea-
suring point gets further away from the source.

In Fig.7, we can observe that at 1 second, more rever-
berant energy between 3kHz and 5kHz originates from the
ceiling compared to the first two and last measured rows.
This may be explained by the presence of a different ceil-
ing material directly above the first two measured rows.

In Fig.8, representing the EDD of the reverberant
sound field at six seconds, we observe the most promi-
nent energy, which is caused by noise at this point in time,
originates from the stage area. This energy is slightly less
prominent in seats located on the right side of the parterre,
suggesting that the source of the noise was either direc-
tional or obstructed in some way.



10th Convention of the European Acoustics Association
Turin, Italy • 11th – 15th September 2023 • Politecnico di Torino

Figure 6. Top view analysis of each measured rows,
at time 0 seconds.

Figure 7. Top view analysis of each measured rows,
at time 1 second.

3.3 Reverberation Time

An important characteristic of a reverberant sound field is
the reverberation time, T60. Here again, for spatial anal-
ysis, we favor a directional analysis from a set of DRIRs
(T60(ϕ, θ)). The decay analysis time window used here
starts after the mixing time and before the noise floor is
reached [34]. The mixing time is established using a spa-
tial incoherence evaluation method to find the transition
point between early and late reverberation ([35, 34]). In
Fig.9, we can observe the T60(ϕ, θ) of the middle seats in
two different rows, 2 and 6. The shorter reverberation time
coming from above seat 55 and longer T60(ϕ, θ) above

Figure 8. Top view analysis of each measured rows,
at time 6 seconds.

seat 210 are consistent with what is observed in Fig.7.
Overall, through these energy-based analyses, we

observe that the sound field should be considered both
anisotropic and inhomogeneous. Further analysis also
shows that the energy distribution during the early part
of the reverberation is not a predictor of the behavior dur-
ing late reverberation, which suggests that its reproduction
would require direction-dependent decay characteristics.

4. CONCLUSION

This article introduced a dataset of measured SRIRs in
the opera house of the FNOB located in Helsinki, Fin-
land. Two directional sound sources were used on the
stage along with 97 microphone positions distributed in
the parterre section. A 32-channel SMA was used produc-
ing fourth-order Ambisonics SRIRs that allow further spa-
tial analysis. Energy-based analysis methods confirmed
that the reverberant sound field of the parterre area is non-
uniform. This dataset is shared publicly and intended to
help advance research on anisotropic and inhomogeneous
reverberant field modeling and reproduction methods.
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Figure 9. T60(ϕ, θ) analysis of the top hemisphere
of two middle seats, located respectively on rows 2
and 6.
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