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ACOUSTIC ANALYSIS AND DATASET OF TRANSITIONS BETWEEN COUPLED ROOMS
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?Acoustics Lab, Department of Signal Processing and Acoustics, Aalto University, Espoo, Finland
†Department of Media, Aalto University, Espoo, Finland

ABSTRACT

The measurement of room acoustics plays a wide role in audio
research, from physical acoustics modelling and virtual real-
ity applications to speech enhancement. While vast literature
exists on position-dependent room acoustics and coupling of
rooms, little has explored the transition from one room to its
neighbour. This paper presents the measurement and analysis
of a dataset of spatial room impulse responses for the transi-
tion between four coupled room pairs. Each transition con-
sists of 101 impulse responses recorded using a fourth-order
spherical microphone array in 5 cm intervals, both with and
without a continuous line-of-sight between the source and mi-
crophone. A numerical analysis of the room transitions is then
presented, including direct-to-reverberant ratio and direction
of arrival estimations, along with potential applications and
uses of the dataset.

Index Terms— Room Impulse Response, Acoustic Mea-
surement, Coupled Rooms, Room Transition

1. INTRODUCTION

Several characteristics of reverberation are dependent on the
source and microphone positions in a room, such as direct-to-
reverberant ratio, early reflections and modal coupling, while
reverberation time remains largely constant. However, when
coupled rooms are considered, features such as double-slope
decays, boundary diffraction and portaling effects emerge [1],
all of which vary with inter-room position and coupling aper-
ture size. The transition between coupled rooms is therefore
a complex interaction, and poses significant challenges for
acoustical modelling.

Room acoustics measurements are widely used in virtual
reality systems offering six degrees-of-freedom immersive
experiences, dereverberation algorithms for more efficient
speech recognition [2] and even aiding reconstruction of his-
toric monuments [3]. Measurement of the acoustic response
of a room, the acquisition of the room impulse response
(RIR), is typically achieved using a loudspeaker as the sound
source playing an exponential sine sweep, and a microphone
as the receiver [4]. RIRs measured with spherical microphone
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Fig. 1: Room geometry and source locations (denoted by
loudspeakers) for the Meeting Room to Hallway transition.
Microphone orientation and trajectory denoted by red arrow.
Red and purple source locations have continuous line-of-sight
(CLOS) between the source and microphone, blue and yellow
do not (colours correspond to those in Fig. 4).

arrays, which use the principles of Ambisonics to encode mi-
crophone signals into spherical harmonic (SH) format [5],
are known as spatial room impulse responses (SRIRs). These
allow for greater flexibility post measurement, as they can be
reproduced over loudspeaker arrays or headphones and allow
directional analysis.

Recent literature has investigated how RIRs change with
different receiver positions inside a single room, both for
virtual reality [6] and dereverberation applications [7]. While
it is possible to interpolate between measured RIRs [8], the
perceptual requirements for inter-measurement distance vary
with auditory stimuli, whereby sounds with limited frequency
bandwidth can forgive larger distances between measure-
ments [9], and the greater diffuseness of late reverberation
allows for different measurement distances for different parts
of the impulse response [6]. However, little has been pub-
lished on the transition from one room to another. Due to
diffraction and portaling effects from the coupling aperture
between rooms, and with situations that can arise such as no
continuous line-of-sight between the source and receiver, the
transition is significantly more complex.

This paper presents the analysis and measurement of a
dataset of SRIRs for the transition between four coupled room



pairs (see Fig 1 for an example), intended for use in acoustics
and signal processing research. The paper is laid out as fol-
lows: the measurement process is detailed in Section 2, some
numerical analysis of the data is presented in Section 3 includ-
ing direct-to-reverberant ratio and direction of arrival estima-
tions, and potential applications of the dataset are discussed
in Section 4. A link to download the measured dataset, along
with formatting information and accompanying materials, is
presented in Section 5.

2. ROOM TRANSITION IMPULSE RESPONSE
MEASUREMENT

Four room transitions were measured, each repeated for four
different source locations: two inside each room, one of
which kept a continuous line-of-sight (CLOS) between the
source and microphone for the entire transition, and the sec-
ond with no CLOS for a microphone in the opposite room.

The four transitions measured were:

• Meeting Room to Hallway
• Office to Anechoic Chamber
• Office to Kitchen
• Office to Stairwell

The rooms are situated in the Acoustics Lab at Aalto Uni-
versity, Espoo, Finland. An illustration of room geometries
and source locations for the Meeting Room to Hallway transi-
tion is presented in Fig. 1 (corresponding figures for the other
transitions are included in the full dataset).

2.1. Measurement Methodology

The impulse responses were measured using 5 second expo-
nential sine sweeps [4]. A directional source was preferred
over an omnidirectional source in order to mimic radia-
tion characteristics for practical applications such as human
speakers, therefore a Genelec 8331A coaxial loudspeaker
was used for sweep playback at a peak A-weighted amplitude
of 83.1 dB (measured at a distance of 1.5 m using a Sinus
Tango sound pressure level meter), and an RME Fireface
UCX audio interface. The SRIRs were recorded using an
mh acoustics em32 Eigenmike, a 32 capsule spherical micro-
phone array capable of fourth-order Ambisonic capture, using
the proprietary Firewire interface. All audio was recorded at
24-bit resolution with a 48 kHz sample rate. Loudspeaker
and microphone heights were 150 cm and 155 cm, corre-
sponding to the approximate average height of human mouth
and ear height, respectively [10]. A 5 cm distance between
measurements was used for the 5 m trajectory (from 2.5 m
inside the first room to 2.5 m inside the second), resulting in
a total of 101 measurements per source location, which for
4 source locations totals 404 SRIRs per room coupling, and
1616 SRIRs in the whole dataset. The measurement setup for
the Meeting Room to Hallway transition is shown in Fig. 2.

Fig. 2: Impulse response measurement setup for the Meet-
ing Room to Hallway transition with a spherical microphone
array and a loudspeaker. The tape on the floor indicates the
microphone positions.

2.2. Deconvolution and Post-Processing

The sweeps were then encoded into fourth-order SH format
with ACN component ordering [11] and SN3D normalisation
[12], using the EigenUnits Encoder1 plugin. Sweeps were
exported with an additional two second tail, and impulse re-
sponses were generated through deconvolution of the encoded
SH sweeps with the inverse of the original sweep. Impulse
responses were then aligned temporally using onset detection
based on the exceeding of a threshold magnitude, with a pre-
onset gap of 5 samples (approximately 0.1 ms), before being
truncated to a length of 1.5 s with in and out half-hanning
amplitude windowing of 5 samples and 0.1 s, respectively. If
the noise floor becomes an issue, such as when the source
and receiver are in opposing rooms with no CLOS, an SRIR
denoising process could be employed as in [13].

Time-domain plots of the omnidirectional SH channel
(first channel of the SH files) of the Meeting Room to Hall-
way transition, for the source in the meeting room is presented
in Fig. 3 (corresponding figures for the other transitions are
included in the full dataset). There are clear differences
between the transitions with and without CLOS. When the
source is occluded (no CLOS), the direct sound is greatly
attenuated in the coupled room, whereas the effect is more

1https://mhacoustics.com/eigenunits

https://mhacoustics.com/eigenunits


(a) No continuous line-of-sight

(b) Continuous line-of-sight

Fig. 3: Time-domain plots of the Meeting Room to Hall-
way transition (first 40 ms) for the sources in the meeting
room, with and without a continuous line-of-sight between
the source and microphone (see Fig. 1). Measurement posi-
tion 0 cm is in the meeting room, and 500 cm in the hallway.
The impulse responses are truncated such that direct sound
arrives at the beginning.

gradual with CLOS. In the CLOS plot, a strong reflection
arriving at a time decreasing from above 40 ms to approx-
imately 15 ms is from the opposing room wall. There are
also similar reflections from the meeting room wall between
measurement positions 0 cm and 250 cm, due to the source
facing the wall.

3. NUMERICAL ANALYSIS OF ROOM
TRANSITIONS

3.1. Direct-to-Reverberant Ratio

The direct-to-reverberant ratio (DRR) is used to elicit acous-
tical properties such as source distance. The DRR of the tran-
sitions was estimated for the omnidirectional SH channel as

DRR = 10 log10

∫ t0+σ
t0−σ h

2(t)dt∫∞
t0+σ

h2(t)dt
(1)
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Fig. 4: Estimated direct-to-reverberant ratio of the Meeting
Room to Hallway transition, for four measured source loca-
tions, with and without a continuous line-of-sight (CLOS)
between the source and microphone (colours correspond to
source locations shown in Fig. 1). Measurement position 0 cm
is in the meeting room, and 500 cm in the hallway.

where h denotes the time-domain impulse response, t0 is the
time of the direct impulse and σ is the correction variable,
which in this case was 10 ms [14]. Fig. 4 presents the DRR for
all source locations and measurement positions of the Meet-
ing Room to Hallway transition (corresponding plots for the
other transitions are included in the full dataset). For the two
source locations with no CLOS, the DRR decreases signifi-
cantly when the microphone leaves the room with the source.
This happens earlier when the source is in the hallway due to
the door occluding the direct path (see again Fig. 1). For the
source locations with CLOS, the DRR is relatively even apart
from small increases when approaching the source, as well
as when the microphone has just entered the opposing room
from the source, due to the occlusion of reflections from the
room containing the source.

3.2. Direction of Arrival

Direction of arrival (DOA) is a metric that can be used to
measure the directivity of room reflections and direct sound
of SRIRs. The DOA of the transitions was estimated above
3 kHz (due to the order dependent filtering necessary for
higher order spherical microphone arrays [15]) using a fourth-
order SH steered plane-wave decomposition beamformer, that
calculates the power at each chosen location on the sphere
[16]. DOA was estimated in one degree resolution for seven
arrivals, referring to the direct sound and loudest early re-
flections. The horizontal DOA for all source locations and
measurement positions of the Meeting Room to Hallway tran-
sition is presented in Fig. 5 (corresponding figures for the
other transitions are included in the full dataset). Azimuth
is denoted in degrees where a positive increase moves an-
ticlockwise. Colour intensity is normalised separately for
each measurement to the maximum power detected in that
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(a) Source in meeting room, no CLOS
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(b) Source in meeting room, with CLOS
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(c) Source in hallway, no CLOS
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(d) Source in hallway, with CLOS

Fig. 5: Estimated direction of arrival of direct sound and early reflections for the Meeting Room to Hallway transition, with and
without a continuous line-of-sight (CLOS) between the source and microphone (see Fig. 1). Measurement position 0 cm is in
the meeting room, and 500 cm in the hallway. Azimuth values are presented from −170◦ to 190◦ for aided visibility around
±180◦, and colour intensity is normalised separately to each measurement’s maximum power value.

measurement, in order to illustrate the relative intensity of
the dominant source direction to the other reflections. The
plots demonstrate the portaling effect for the source locations
with no CLOS, as the dominant arrival tends toward the me-
dian plane once through the coupling aperture. Additionally,
strong reflections and changes to the relative power of ar-
rivals occur around the coupling aperture. The plots for the
source with CLOS are simpler, however, showing relatively
consistent DOA, though the relative power of the reflection
from the source to the opposite room’s far wall increases as
the microphone approaches.

4. APPLICATIONS AND CONCLUSION

This paper has detailed the measurement of spatial room im-
pulse responses for the transition between four coupled room
pairs. Preliminary numerical analysis demonstrates the com-
plex characteristics of the transition: direct-to-reverberant ra-
tio decreases through the coupling aperture and with occluded
line-of-sight between the source and microphone, and direc-
tion of arrival estimations show the effect of the aperture on
room reflections, as well as the portaling effect when the di-
rect sound is occluded and the source and microphone are in

opposing rooms. Potential applications of this dataset include
parametric room acoustics modelling [17], dereverberation al-
gorithms [18, 19], virtual reality [20], machine learning [21],
and impulse response interpolation [22].

5. DATASET DOWNLOAD

The dataset is available under a Creative Commons license
at http://doi.org/10.5281/zenodo.4095493,
downloadable in either Spatially Oriented Format for Acous-
tics (SOFA) [23] or Wav format. Supplementary data includes
illustrations of room geometries and source locations, DRR
graphs and estimated DOA plots.
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