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ABSTRACT

Undamped acoustic modes inside rooms - especially in
small ones - are often responsible for a decreased acous-
tic quality, in particular when the rooms’ main function is
“critical listening” and/or “playing musical instruments”.
Mainly in the latter case, treatment with broadband ab-
sorption is not always efficient and yields either uneven or
too short reverberation times. Rehearsal rooms are typical
cases where the “liveness” of the space needs to be guar-
anteed and putting a broadband absorber would make it
“too dry”. Rehearsal room design can be seen as a search
for an optimal compromise between sound strength and
reverberation time across the audible part of the spectrum.
This contribution presents results from listening test ex-
periments, in which the perception of modes was investi-
gated, in particular with respect to what extent differences
in axial room mode damping are audible.
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1. INTRODUCTION

The acoustic design of a small rehearsal room usually con-
sists of defining adequate values for the volume, aspect
ratio, reverberation time, room strength and background
noise [1–3]. Figure 1 depicts the relation between two
important room acoustic quantities, the strength and the
reverberation time, and possible problems caused by too
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high or too low values. A complicating factor is that the
reverberation time and the strength are frequency depen-
dent, in particular in the case of small rooms, in which
the spectral dependences are strongly affected by the exis-
tence of separated room modes. Practice rooms for in-
dividuals and even small ensembles usually have prop-
erties that cause the Schroeder frequency (the empirical
lower frequency limit for the applicability of the statisti-
cal acoustics approaches) to be inside the frequency range
of sound produced by many types of musical instruments
and the human voice. This implies an imbalanced fre-
quency response and decay characteristics caused by the
room modes.

Figure 1. Relations between room reverberation and
strength. Rehearsal room design can be viewed as
a search for an optimum proportion between room
volume and absorption (adapted from [1]).

Many studies have been performed to describe the
human perception of resonances, mainly in critical lis-

DOI: 10.61782/fa.2023.0385

6127



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

Figure 2. Spectrograms of the anechoic stimuli used for convolution in the ABX listening test: one (1TA) and
two (2TA) tone stimuli played with a bow on a double bass, and a simple rhythmic pattern played on a kick
drum (KD).

tening environments. Toole and Olive [4] studied per-
ception thresholds for delayed and undelayed resonance
peaks added to a signal path of a loudspeaker system. The
experiments focused on pulses and broadband noise. The
authors mention that continuous broadband sound appears
to be advantageous for the detection of resonances and
that the detection is in general less difficult for wide (low-
Q) resonances of the same peak amplitude than for narrow
(high-Q) ones. For more transient sounds, adding rever-
beration can be beneficial for the detection of a lower-Q
resonance. Some further tests were performed by Olive
et al. [5], who compared the detection of both peaks and
dips and showed that (a) pulses perform similarly for high-
Q peaks and notches and (b) pink noise performs the best
for peak detection of various Q values, but is not effec-
tive in revealing high-Q notches. Kritly et al. studied
the audibility of coincidence dips and structural resonance
dips in sound isolation spectra [6] and of spectral dips and
peaks in broadband sound [7, 8]. Avis et al. [9] extended
the research towards room acoustics, performing listen-
ing tests aiming at the room mode detection thresholds
based on the constant resonance Q of all the modes below
the Schroeder frequency. They suggested a limit value of
Q=16, but at the same time mentioned that the modal de-
cay may be a more appropriate descriptor. In one of the
latest works in this area by Fazenda et al. [10], the au-
thors elaborated on the dependence of absolute mode de-
tection thresholds on the modal decay. Tests were done
for both musical an artificial stimuli and the followed ap-
proach included a combination of a low-frequency rever-
berant sound and a high-frequency anechoic sound. Work

by Rizzi et al. [11] aimed at the transient behaviour of
a room based on the so-called ”Overshoot Response”, i.e.
the room response to short sounds, which often does not
lead to a steady acoustic field development.

In this work, we extend the above research to the re-
verberant environment of a shoe-box type practice room
for music rehearsal, of which the acoustic response is cru-
cial for the users. This contribution addresses mainly two
questions: (a) What are the perceivable changes in room
mode damping in a practice room for individuals? (b)
How is the discrimination performance affected by the na-
ture of the instrument sound? In the following, we elabo-
rate on the simulation and auralization of sounds in rooms
with different modal characteristics, and on the results of
listening tests that were aimed at assessing information on
the audibility of the differences.

2. METHOD

A music rehearsal room was assumed with dimensions
2.63×3.40×3.40 m (V = 30.4 m3, which is some-
what smaller than the ISO 23591 [3] recommended min-
imum for this kind of rooms, 35 m3). The room pa-
rameters were chosen to mimic the common situation
of the use of a room that has been ad hoc converted
into a (non-ideal) practice room, and also for 2.63 m
dimension to correspond with the second lowest room
mode frequency at 131 Hz (which also corresponds to
the fundamental frequency of the C3 note). According
to ISO 23591, the optimal reverberation time based on is
Topt = 0.4 s, which corresponds to the Schroeder fre-
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Figure 3. Processing steps applied on the stimuli during the listening tests. After the convolution, the normal-
ization factor is deduced from the high-pass filtered sound. The original convolved sound is then multiplied by
this factor.

quency fS = 2000
√

T/V = 229Hz. Similarly to the
work by Fazenda [10], this study quantifies mode damping
by modal decay. Any modal resonance can be described
based on its quality factor Q [−]

Q =
f

∆f
, (1)

where f [Hz] is the central frequency of the resonance and
∆f [Hz] is its spectral bandwidth described by the −3 dB
decrease of SPL when compared to the resonance peak
value.

This modal Q value can be then directly related to the
modal decay T60 [s] by [12]

T60 ≈ 2.2Q

f
≈ 2.2π

δ
, (2)

where δn = ∆f/π [rad−1] is a damping factor [13]. Also
similarly to the work of Fazenda et al. [10], the room im-
pulse response was calculated following Kuttruff in [13],
with some changes:

pω (ω, r) = iQvc
2ρ0

∑
n

pn(r)pn(r0)

(ω2 − ω2
n − 2iδnω)ΓnV

, (3)

where r [m] and r0 [m] are the receiver and source po-
sitions respectively, Qv [m3s−1] is the volume velocity
of the source, c [ms−1] is the speed of sound in air,
ρ0 [kgm−3] is the density of air, ω [rad−1] is the angu-
lar frequency and V [m3] the room volume. The quan-
tity Kn [m3] in Kuttruff’s notation has been replaced by
the quantities ΓnV , which determine the amplitude fac-
tors of the axial, tangential and oblique modes, as also
used in [14]. In this work, different from Kuttruff, we
were interested in a source with a flat spectrum and there-
fore the ω dependency was skipped in the part before the

summation term. Using this analytical solution, the re-
verberation time of each mode could be individually ma-
nipulated. The targeted T60 in Eq. 2 was different be-
tween the low and high frequency part of the spectrum:
(a) A constant T60,HF = Topt was set for frequencies
higher than the 175 Hz crossover frequency. (b) For the
modes below the crossover frequency, different values of
T60,LF were tested: 0.48 s, 0.56 s, 0.64 s and 0.72 s. The
spectrum was calculated for modes lower than approxi-
mately 12 kHz and in a next step, the inverse Fourier trans-
form of Eq.3 was calculated numerically and the resulting
impulse response was convolved with different anechoic
sounds. Three different kinds of stimuli were generated: 1
tone arco (1TA), 2 tones arco (2TA) and kick drum (KD).
Sound 1TA consisted of a single C3 note played on a dou-
ble bass in an arco style (with bow), 2TA consisted of two
successive notes C3 and D3 played in arco style and KD
was a simple kick drum pattern of three successive hits.
The first two sounds were generated using a sampled in-
strument, the drum sound was synthesized. The spectro-
grams of the anechoic stimuli are shown in Figure 2.

In order to achieve a valuable adequate listening test
comparison between different variants of T60,LF , which
differed not only in modal decay times but also in ampli-
tude, the HF regions of the convolved sounds to be com-
pared were energetically aligned. The adopted procedure
is schematically shown in the Figure 3. After convolution,
a high-pass Butterworth filter at 200 Hz was applied in
order to keep only the HF region, which was not affected
by differences in low frequency modal decay times. For
that region, a target peak level was chosen and a corre-
sponding normalization factor was calculated. Next, this
normalization factor was applied to the convolved sound.
The target peak was chosen to −24 to −26 dBFS for all
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Figure 4. Average results and their standard deviation for each of the tested combinations and stimuli (1TA –
one tone arco, 2TA – two tones arco, KD – kick drum).

stimuli, which corresponded to RMS SPL values of ap-
proximately 69 dB for both arco stimuli and 81 dB for
kick drum stimuli.

As mentioned already, comparative listening tests
were performed on the generated convolved stimuli in or-
der to get insight in the audibility of differences in low
frequency modal decay times. The ABX type listening
test protocol was used: three stimuli A, B and Reference
(X) were presented to the listener, who was then deciding,
which of the A or B was the same as the X. The first play-
back was strictly in the order A-B-X, but after that, the
listener was allowed to replay any of the material. Each
stimuli pair was presented in four combinations (A-B-A,
A-B-B, B-A-A, B-A-B), in a random order. For each stim-
ulus, the number of combinations N presented to the lis-
tener can be calculated as:

N = C(5, 2) · n =
4!

2!(4− 2)!
· 4 = 24 (4)

where C is the number of unique pairs of different T60,LF

variants and n is the number of repetitions of each pair
within that test. Since the focus of our interest was on
the lower frequencies, a 20dB limit for only frequencies
≤ 1000 Hz was chosen for passing the pure-tone audiom-
etry test.

3. RESULTS

The test was performed in the semi-anechoic chamber in
the acoustic laboratory at KU leuven using the HEAD
acoustics® HPS IV listening unit. Since this test repre-
sents a preliminary study on the topic, also the responses
of two co-authors were part of the evaluation. A total of
13 listeners participated on the test, including several ac-
tive musicians. For a better understanding, some terms
should be defined. Combination here refers to the unique
pair of RIRs (with the specific T60,LF values) used for
convolution with the anechoic stimuli. Stimuli, on the
other hand, refers to the original sound before convolu-
tion. The difference in the LF decay times can be calcu-
lated as ∆T60,LF = |T60,LF,1−T60,LF,2|, where T60,LF,1

and T60,LF,2 are the LF mode decay times presented in
a combination.

Figure 4 shows the average results for each combina-
tion together with their standard deviation. There are evi-
dent differences between stimuli (ANOVA repeated mea-
sures shows a significant difference between the stimuli
with p = 7.8 · 10−7). The further pairwise T-test (with
a Bonferroni correction applied) reveals (Table 1) that sig-
nificant differences can be found between the arco (1TA,
2TA) and drum stimuli (KD), but not between the two arco
stimuli.

In view of that, the results were further analysed sep-
arately for arco stimuli (TA) and kick drum (KD). In
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Table 1. Pairwise T-test results for different stimuli
(1TA – one tone arco, 2TA – two tones arco, KD –
kick drum).

Stimuli 1 Stimuli 2 pcorr
1TA 2TA 1
1TA KD <0.001
2TA KD <0.001

case of TA, no significant differences in performance were
found between different combinations. Furthermore, the
t-test showed that the performance was higher than 0.5
only for combinations 0.48-0.72 (p=0.002) and 0.56-0.72
(p=0.020). In the case of KD stimuli, all the combinations
showed performance higher than 0.5, with one exception
of a combination 0.56-0.64, for which only a trend was
present (p=0.075). Also in case of KD, several signifi-
cant differences in performance were found between dif-
ferent combinations, but none of them between combina-
tions with a shared lower value of T60,LF or with a con-
stant ∆T60,LF , as can be seen in Table 2.

Table 2. Pairwise T-test for different combinations,
only for kick drum stimuli (KD).

pcorr
Combination 1 Combination 2 (KD)
0.48-0.64 0.56-0.64 0.036
0.48-0.64 0.64-0.72 0.071
0.48-0.72 0.56-0.64 0.049
0.48-0.72 0.64-0.72 0.018
0.56-0.72 0.64-0.72 0.069

4. DISCUSSION AND CONCLUSION

Interestingly, the comments, which were provided by the
participants after the test, contained a wide range of facets,
ranging from ”timbral changes”, ”muddiness”, ”clarity”,
”differences in reverberation”, ”masking towards higher
frequencies”, or even ”slight changes in pitch”. Even
though the focus was widely spread, it can be concluded
from the listening test results that the kick drum sound
(and supposingly other highly transient sounds) serves
better than the steady tonal signal when searching for the
differences in room mode damping. Hence, temporal dif-
ferences seem easier to evaluate than spectral differences.

This finding is in agreement with previous studies and par-
ticularly with Olive et al. [5], who found that detecting
high-Q resonances in case of pulses as stimuli was done
more adequately than when broadband noise signals were
used as stimulus. The upcoming research will further fo-
cus on the audible differences in room mode damping in
a semi-reverberant environment. Attention will be paid to
the different musical instrument characteristics as well as
to more narrow band changes in room reverberation.
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with ”Rozvojový projekt 1.17 Mobility studentů VUT”
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