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Abstract
Previous studies have shown the ability of human listeners to recognize rooms, both
with the same or different signals. However, most of them focus on the concert
halls and orchestral music, which usually accompanies such spaces. This thesis
focuses on the human ability to recognize acoustic conditions in a small rectangular
room using speech signals. The method used to study is a listening experiment in
which participants have to recognize the acoustics of the specific room configuration.
Stimuli are speech signals, both female and male auralized for three different setups
(three different acoustic panels configuration) of the room. The experiment consists
of audiometry, which examines the hearing threshold of participants, discrimination
test, where participants are presented with three samples of a different speaker, in
which one of them is different from the other two in terms of room acoustics and a
recognition test, where listeners are presented with the reference signal and three
alternatives, with one correct match. The recognition test consists of two conditions.
In the first condition, the reference and the alternatives contained the same source
sound. In the second condition, the reference is a different speech signal than the
alternatives. The experiment also included a questionnaire with questions about
the undertaken experiment. Subsequently, search and decision-making performances
were analyzed and interpreted. The overall results of the experiment showed that
the task was relatively easy for all participants. However, they indicated that the
recognition of acoustic conditions in rectangular room is harder while using different
stimuli instead of just one signal.
Keywords Room acoustics, sound perception, spatial hearing, speech, different

signals, auralization, recognition
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Symbols and abbreviations

Symbols
α absorption coefficient
G sound strength
c speed of sound
τ time difference
fs sampling frequency
T60, T30, T20 reverberation time
C50, C80 clarity
JLF early lateral energy fraction
LJ late lateral sound level
Ts centre time
ω angular velocity

Operators∑︁
i sum over index i

* convolution∫︁
dτ integral with respect to variable τ∫︁
dt integral with respect to variable t

lg logarithm with base 10

Abbreviations
DL Difference Limen
DRR Direct–to–reverberant ratio
EDT Early Decay Time
HRIR Head–related Impulse Response
HRTF Head–related Transfer Function
IACC Interaural Cross–correlation Coefficient
IACF Interaural Cross–correlation Function
ILD Interaural Level Difference
ITD Interaural Time Difference
JND Just–Noticeable–Difference
RIR/IR Room Impulse Response / Impulse Response
RT Reverberation Time
SDM Spatial Decomposition Method
SRIR Spatial Room Impulse Response
SNR Signal to Noise Ratio
SPL Sound Pressure Level
TDOA Time Difference Of Arrival
VBAP Vector Base Amplitude Panning
WFS Wave–Field Synthesis



1 Introduction
Room acoustics is a field of acoustic science that deals with acoustic environments.

Depending on its purpose, every room needs specific acoustics to “sound good”.
Acoustical qualities are commonly evaluated in terms of a set of parameters specified
by the ISO3382 standard. Rooms designed for listening to music will prioritize
parameters different from these used in classrooms or casual places. However, the
final evaluation of room acoustics should be done by human listeners. Therefore, over
the past 100 years, human perception has been studied and approached in various
ways, mainly focusing on the ability to evaluate the perceptual attributes of specific
spaces. However, one of the less considered aspect is the capability for recognizing a
particular room, especially while listening to different sounds, different signals from
the same space. Little attention has focused on room recognition based on different
excitation signals. Therefore, less work has examined the process that the listeners
would undergo to identify, or “hear”, the room, as well as the features of the room
that they would focus on in order to recognize it.

Recognition of rooms by human listeners combines human sound perception of
different rooms and recognition ability of these rooms. The topic of human space
perception has been researched extensively. The way people perceive a room is
extremely important not only in the case of musicians but also for ordinary listeners.
Some spaces are designed for a specific sound purpose and need to be perceived
in a particular way, otherwise, they fail to achieve their aim or cause unease and
frustration [1], [2]. For some listeners different attributes are important to find
the space acoustically pleased, therefore studies have been developed for evaluating
perceptual attributes on–site [3]. Various approaches have been undertaken to test
space recognition, or some of its attributes, using different methods or algorithms
[4]–[7]. Of these approaches, only [6] has identified rooms based on acoustic signals.
In addition, human participants have been used by Brinkmann et al. [8] to test the
accuracy of the software used for modelling acoustic spaces, by Haapaniemi et al.
[9] to test concert hall recognition using the same excitation signals. One research
[10] also used the listening test method for studying the ability to recognize the
shape of concert halls using one speech signal. The recognition test was based on
acoustics simulations designed using modelling software with additional visualisations
of examined concert halls. The results in [9] were confirmed in [11] using multiple
excitation signals based on classical music and instrumental music in order to test the
ability of human participants to distinguish between concert halls. Additionally, this
work showed that using different signals to identify the spatial attributes of a concert
hall leads to more difficulties than when using the same single signal. However,
such experiments are usually conducted using the acoustics of concert halls, because
these are the venues requiring precise design of the acoustics in order to ensure
the highest quality of the music played in concert hall environment. Although the
field of experimental room acoustics has gathered much information regarding space
perception, it has until now been limited to only one type of acoustic space: the
concert hall.

One possible approach for increasing our knowledge of space perception would
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be to expand research on human recognition of spaces by experimentally combining
a variety of spaces and signals. Therefore, the aim of this thesis is to determine
listeners’ ability to recognize acoustic conditions in a rectangular room based on
listening to different speech signals auralized in the room. The thesis also aims to
determine if using the same or different signals has influence on the difficulty of the
task. It will as well examine the significance of gender diversity between speakers
on the hardship of the recognition. In order to accomplish these aims, a listening
experiment was conducted in which various combinations of the spaces and signals
are presented to the listeners. Two listening tests were performed to determine the
subjects’ room recognition ability using different signals: a 3-choice discrimination
test and 3-choice recognition test. Additionally, the experiment included a standard
audiometry test as a screening phase and a questionnaire for gathering more data
about features used by the listeners to discriminate or recognize room conditions.
For the discrimination and recognition tests, the test samples were prepared using
the Spatial Decomposition Method (SDM) developed by Tervo et al. [12].

The rest of this thesis is structured as follows. Chapter 2 describes the theory
underlying room acoustics and sound perception, and the auralization method used in
the experiment. Chapter 3 reviews the literature regarding human sound perception
and recognition of acoustic spaces. Chapter 4 introduces the methods and materials
used in the experiment. Chapter 5 summarizes the results of the study. Chapter
6 discusses the outcomes of the thesis and the directions for future work. Finally,
Chapter 7 concludes the thesis.
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2 Theoretical background

2.1 Sound propagation in enclosures
2.1.1 Room acoustics

Room acoustics is an important topic that should be considered in all indoor
environments. The subject does not only concern locations dedicated to listening
to or recording music such as concert halls, music club, or recording studios but
also casual places, including workplaces and lecture halls. The major topic studied
in room acoustics is the relation between the direct sound and reflections caused
by room boundaries or between the reflections themselves. Various parameters
of room acoustics, are defined based on these relations. These parameters, as a
method of an objective evaluation of rooms in terms of acoustics, are described in the
ISO3382–1:2009 standard [13]. The evaluation is based on measured room impulse
responses (RIRs).

2.1.2 Absorption

Absorption converts the energy of sound into heat. Encountering the boundary by
a sound wave results in its partial reflection, partial absorption, and partial transition
to the other side of the partition. The effect is illustrated in Figure 1. The amount
of absorbed energy depends on the boundary material. The sound absorption of the
material is characterised by a parameter called absorption coefficient α, which is an
energy ratio between absorbed and incident sound. The values of the absorption
coefficient vary between 0 and 1, where 0 indicates that the surface does not absorb
any sound and 1 that all the sound encountering the surface is absorbed. The
absorption coefficient depends on the frequency. Typical absorption materials are
porous, and their coefficient increases with the frequency. The absorption area of
the room with different materials is calculated using Equation (1).

A = α1S1 + α2S2 + ... + αnSn =
n∑︂

i=1
αiSi, (1)

where A is the absorption area, α1, α2, αn, αi are the absorption coefficients of different
surfaces in a room and S1, S2, Sn, Si are the area of different surfaces in this room
[14].

2.1.3 Reflections and diffusion

Reflections from the acoustic surface are analogous to the optic ones. It follows
the reflection law saying that the angle of incident and the angle of reflection is the
same with respect to the surface normal [15]. It occurs in the case of smooth and
plain walls. This kind of reflections are illustrated in Figure 2a and they are called
spectacular reflections. If the path of these reflections is considered, then one can
imagine that the path after reflection originated from the virtual source that is a
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Figure 1: Absorption effect. While encountering a boundary some of the sound is
reflected, some is transmitted to the other site and rest is absorbed. Adapted from
[14].

mirror image of the original one in respect to the surface. This source is called an
image source. The technique of creating such image sources is used in the method
with the same name, Image Source method [16], for simulating the behaviour of the
sound in the particular room by creating the reflected waves.

Usually, the walls are not completely plain and smooth, which causes the effect of
diffusive reflections. The diffusion appears when the measurements of walls nonunifor-
mities are comparable with the wavelength. These nonuniformities produce scattered
reflections in every direction. The diffusion effect (scatter reflection) is shown in
Figure 2b. These reflections cause the sound field in the room to be more uniform.
The diffusion was studied by Schroeder and resulted in designing the Schroeder
diffuser, the device made of series of depth and wells [17] commonly used in rooms
to adjust its acoustics.

(a) Spectacular reflection. (b) Scattered reflection.

Figure 2: Reflections from the room surfaces. Adapted from [18].
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2.1.4 Diffraction

Diffraction, illustrated in Figure 3, is a phenomenon of bending sound waves on
the edges of objects and around them. A sound waves bends to the shadowed areas
(when looking from the source position) so the sound is audible on the other side of
the obstacle. The bending depends on the relation between wavelength and the side
of the wedge. Longer wavelengths, which indicate lower frequencies, diffract more
than shorter ones (high frequencies). The sound is not affected by the effect when
the wavelength is comparable or longer than the obstacle [17],

Figure 3: Diffraction effect. Adapted from [19].

2.1.5 Room modes

Room modes are resonances appearing in enclosed spaces. The resonance is the
tendency of the system to oscillate with greater amplitude at a specific frequency in
the room, what indicates that some of the frequencies are more empathized than the
others. These frequencies are related to the dimension of the room as they are caused
by reflections. In a rectangular room, the modes can be calculated with Equation
(2).

fnx,ny ,nz = c

2

⌜⃓⃓⎷(︃nx

lx

)︃2
+
(︄

ny

ly

)︄2

+
(︃

nz

lz

)︃2
, (2)

where fnx,ny ,nz is a frequency of the mode defined by the dimension x, y and z, l is
the dimension of the room in [m].

Figure 4 illustrates three kinds of modes occurring in rooms, axial, tangential and
oblique. Axial modes are the simplest and the most common ones, as they are results
of reflections between two parallel surfaces (one dimension). Tangential and oblique
modes are more complex as they appear in two and three dimensions respectively
[14].
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(a) Axial (b) Tangential (c) Oblique

Figure 4: Typed of room modes. Adapted from [20].

2.1.6 Room impulse response

The ISO3382–1:2009 standard [13] defines impulse response (IR) as a “temporal
evolution of the sound pressure observed at a point in a room as a result of the
emission of a Dirac impulse at another point in the room”. An impulse can be
generated using different methods including popping balloon and gunshot. However,
these are not the most efficient techniques to measure IR. Therefore, measuring IR
is usually performed using pseudorandom noise [21] or logarithmic sine sweep [22]
as stimulus signals. The impulse response of an enclosed space is its “fingerprint”
and contains information about the acoustic environment in this space. Knowing
the impulse response gives a possibility of calculating an output signal for any input
signal by using the convolution (Equation (3)). An example of room impulse response
showing division for a direct sound, early reflection and a reverb tail is presented in
Figure 5.

y (t) = h (t) ∗ x (t) =
∫︂ ∞

0
x (τ) h (t − τ) dτ, (3)

where y (t) is an output signal, x (t) input signal and h (t) is an impulse response
of a system (room). The method though apply in case of linear systems, where the
superposition concept exists [23].

Early reflections are defined as sounds arriving at human ears after the direct
sound, being reflected once or a few times from room surfaces. The time range of
the early reflections is 50–100 ms. The early reflections can be important for the
perception of rooms as they give information about the size of a room and a sense
about the distance of the source from the listener. They give the listener a general
concept of the room [26].

Later reflections also plays an important role in rooms perception. They arrive
much longer after the direct sound and cannot be integrated with it. They can be
perceived as a separate echo, which is a strong reflection within the late reverberation
that has much higher level, in an unfavourable case, while in more pleasing situation,
they contribute to the reverberation. They are also detrimental from the viewpoint
of speech transmission [26].
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Figure 5: Example of absolute values of a room impulse response with marked direct
sound, early reflection and reverberation tail.

2.1.7 Reverberation time

Reverberation time (RT) is defined as the time when the energy of a signal
decreases by 60 dB and the signal stops being audible. From the measurement point
of view, parameters T20 and T30 are used as 60 dB drop is usually not possible to
be measured because of background noise. The parameters are evaluated with the
smaller dynamic range, respectively 20 and 30 dB, and then multiplied by factors 3
and 2 to obtain the value corresponding to 60 dB drop. Precisely, T60, T30 and T20
are measured as time between signal levels of -5 dB and -65, - 35 and -25 dB. The
calculation of the reverberation time can be estimated using Equation (4), known as
the Sabine formula, presented by its author in 1898 [24].

T60 = 0, 161V

A
, (4)

where V is the volume of the room and A is its absorption area.

2.1.8 Early Decay Time (EDT)

Early Decay Time (EDT) is defined as a time in which the energy of the sound
decays 10 dB after the source signal stops. The measured value is multiplied by factor
6 to obtain the reverberation time. The measuring range of the EDT is between 0
and –10 dB, which allows a better description of early reflected sounds behaviour
in the room as it is influenced by early reflections. Usually, the Early Decay Time
is shorter than the Sabine one and depends on the listener position, however, in a
perfectly diffuse field, it is equal to T60 [26].
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2.1.9 Clarity

Clarity is the measure of a relation between useful and detrimental reflections. It
shows how “clear” is the signal in regard to reverberation. The clarity is described
by two parameters, dependably on a considered signal. C50 is calculated in the
case of speech signals and it is the ratio of the energy of the first 50 ms of an
impulse response to the rest of its energy. This parameter evaluates the clarity or
intelligibility of speech. In the case of music, C80 parameter is considered. It is the
ratio of the first 80 ms of impulse response energy and the rest of its energy. Higher
limitation for the music results from the fact that reflections are more detectable
while having speech signals than it is with music [26]. Equation (5) shows the way
of calculating the parameter, where in the place of te, respectively 50 or 80 ms is used.

Cte = 10lg

∫︁ te
0 p2 (t) dt∫︁∞
te

p2 (t) dt
, (5)

where Cte is an early to late ratio index, te is an early time limit (50 or 80 ms) and
p (t) is a sound pressure at the measurement point.

2.1.10 Sound strength

Sound strength (G) is a parameter that characterizes the level at which a listener
experience sound in a room. It demonstrates the contribution that reflections have
on sound. The measured G states the sound level in the room in relation to the
sound level in an anechoic chamber with the same sound source. The parameter is
defined as total energy of an IR divided by the energy of the source at a distance of
10m in free field [26]. The sound strength is closely related to the perceived loudness
of sounds [27]. Equation (6) presents the calculation method of the parameter.

G = 10lg

∫︁∞
0 p2 (t) dt∫︁∞
0 p2

10 (t) dt
, (6)

where p (t) is a sound pressure at the measurement point, p10 (t) is sound pressure
measured at the distance of 10m in a free field.

For the omnidirectional source usually used in the room acoustic measurements
G is calculated according to below formula [13]:

G = Lp − LW + 31 dB (7)
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where Lp is a sound pressure level measured at every point and LW is the sound
power level of the sound source.

2.1.11 Direct–to–reverberation ratio (DRR)

Direct–to–reverberant ratio (DRR) is one of the measures of the spaciousness. It
is defined as a ratio of the sound pressure level of the direct sound from the direc-
tional source to the reverberant sound pressure level. Small values of DRR indicates
high spaciousness of a room [26]. The parameters is calculated according to Equa-
tion (8), where the length of the direct path is assumed to be 2.5 ms according to [28].

DRR = 10lg
direct sound

reverberant sound
= 10lg

∫︁ 2.5ms
0 p2 (t) dt∫︁∞
2.5ms p2 (t) dt

, (8)

where where p (t) is a sound pressure at the measurement point.

2.1.12 Interaural cross-correlation

The sound wave arriving from outside the vertical symmetry plane will produce
different signals in the right and left ear. The correlation of these sound pressures
plays important role in sound source localization and subjective impression of the
spatial properties of a sound field. This correlation is characterized by the normal-
ized interaural cross–correlation function (IACF) [29]. The parameter is calculated
according to Equation (9).

IACFt1,t2 =
∫︁ t2

t1
pl (t) · pr (t + τ) dt√︂∫︁ t2

t1
p2

l (t) dt ·
∫︁ t2

t1
p2

r (t) dt
(9)

where pr (t) and pl (t) are the impulse responses at the entrance to the right and left
ear canal respectively,t1 and t2 describe the time range and τ is a time difference.
The time range for calculating parameters can differ, as it can be calculated for
whole time range (t1 = 0, t2 = ∞), early (t1 = 0, t2 = 80ms) and late reverberation
(t1 = 80ms, t2 = a time greater than the reverberation time of the enclosure).

The maximum absolute value of the IACF is called interaural cross-correlation
coefficient (IACC) and it is calculated according to Equation (10) for the range
|τ | < 1ms.

IACCt1,t2 = max|IACFt1,t2| for − 1ms < τ < 1ms (10)
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Interaural cross-correlation coefficient is more commonly used than the IACF.
This quantity, however, is negatively correlated with the spatial impression. High
values of the IACC indicate low spaciousness. Therefore, using the quantity 1–IACC
has become common because of association a larger number with a better property
[29].

2.1.13 Centre time

The distance from the source can be perceived as the relative level difference
between direct sound/early reflections and reverberation. Another influence on the
perceived distance can be a difference in the arrival time of direct sound and the
reverberation. This difference is characterized by centre time (Ts), the measure of
the energy distribution over time. Centre time is a centre–of–gravity time of the
squared impulse response as it is related it the perceived balance of the room between
clarity and reverberation [29]. A low Ts indicates a clear room while a large centre
time values mean the room is reverberant. It is calculated according to Equation (11).

Ts =
∫︁∞

0 t · p (t) dt∫︁∞
0 p2 (t) dt

(11)

where p (t) is a sound pressure at the measurement point and t is the time of duration
of a signal.

2.2 Sound perception
Hearing or sound perception is the ability of perceiving sound by detecting

vibrations, changes in the pressure in the medium, by the hearing receptive organ,
which is the ear in the case of humans. The ear detects vibrations and transfers them
into the brain as information through the auditory nerve. What a human hears,
the auditory object, is the information read and received in the brain. The study
about human perception of sound is called psychoacoustics. Psychoacoustics uses
quantities referring to the perception of sound called the attributes of the auditory
object. These quantities such as loudness and pitch are related to the physical and
objective features of sound, relatively as SPL and frequency, however, this relation
is not straightforward. There are more psychoacoustics quantities of how humans
perceived sound, and they are related to one or more physical quantities of sound.
Measuring these quantities requires though the comparison between the auditory
objects on verbal or numerical scaling [30].

2.2.1 Just Noticeable Difference (JND)

Just Noticeable Difference (JND) is defined as a minimal difference that is already
perceived by a listener. It can be considered as a connection between the subjective
perception of room acoustics and the objective evaluation of this environment. As
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stated in [32], it "should be identified for the major perceptual and objective aspects
of reverberation, towards efficient and robust characterisation of reverberant sound
fields."

According to the ISO3382–1:2009 standard, the JND of reverberation time stands
at 5%. However, the subject of this parameter got attention and raised speculation,
therefore many studies have been conducted to verify this claim [33]–[38]. Some of
these studies found the value of JND close to the one presented in the standard.
In [33] the difference limens (DLs) value for the RT was 0,026 ± 0,022 s for music
samples presented in a variable acoustic, where the acoustic was changed by the
authors, and 0.057 ± 0.005, which gives around 8%, for the music sample presented
in the same room but earlier recorded and played back over loudspeakers. In [34]
presented value is 6% and Meng et al. [35] show the values around 10% for the
experiments with white noise. The [36] exhibits similar values, additionally claiming
that a speech signal shows a significant difference in perceived RT.

Other studies show that JND is not restricted to the value presented in the ISO
standard. In the same study where experiments with white noise gave a similar value
to the standard one the experiment using motifs played on the traditional Chinese
instruments determined the just noticeable difference of the reverberation perception
to be about 21.2%–39.9%. Karjalainen et al. [37] show the range of JND equal to
3.3%—12.5%. In 2013, Belvenis et al. [38] determined the JND on 24% with a claim
that the perceived reverberation is not correlated with the stimuli signal agreeing
with the same findings from [34].

Additionally, some studies claim that JND value of reverberation time [35], clarity
and centre time [39] should be considered as a larger value in cases of "ordinary"
and non-expert people. According to Martellotta [39], the JND of Ts appears to be
related to the reverberation and its value is expressed by 8.5% of the reference value,
which differs from the constant standard value of ±10ms. Less attention has been
dedicated to other parameters, but according to Okano [40], the JNDs for G and
IACC, as well as JLF [41] were consistent with the ISO3382 standard. The JND
of direct–to–reverberant ratio parameter was defined in the study [28] to be at the
level of 5–6 dB. However, Larsen et al. [42] determined that the JND of DRR is
dependent on the value of the parameter and its value is 2–3 dB at 0 and 10 dB and
at least 6–8 dB at 10 and 20 dB.

2.2.2 Spatial hearing

Spatial hearing focuses on the perception of sound directions and locations. It
seeks to locate sources and attributes of the room where the listener currently
is. Spatial hearing is based on the analysis of signals arriving at both ears. The
mechanism of the spatial hearing can be understood and characterised the most
accurate in the case of a plane wave in the free field, as in the case of overlapping
signals the accuracy decreases. Spatial hearing is characterized by head–related
acoustics and localization cues [30].

Head–related acoustics is described by head–related impulse responses (HRIRs),
which represent the direction and distance from source to a human ear. Presentation
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of the response in the frequency domain is called head-related transfer function
(HRTF) and it is defined according to Equation (12) as the ratio of the sound source
response at a specified position at the ear canal (Hec) and the corresponding response
in the middle position of the head when the head is absent (Hff ). The responses are
usually measured in free-field conditions [30].

HHRT F (ω) = Hec (ω)
Hff (ω) (12)

Another characteristic of human spatial hearing is a subconscious analysis of
signals arriving at both ears which results in localisation cues. The localisation
cues help to perceive the distance and direction of a sound. They include binaural,
monaural, and dynamic cues. The binaural cues are defined as the differences between
ear canals signals. These differences are divided into the interaural time difference
(ITD) and interaural level difference (ILD). ITD is the delay between a sound received
by an ipsilateral (on the site of the sound source) and a contralateral (on the opposite
side than the source) ear. ILD is the level difference between the ipsilateral and
contralateral ears. The effect is frequency depended and happens only when the
wavelength is small enough compared to the size of the head [30]. ILD is dominant
for signals with frequencies above 1500 Hz, and ITD for frequencies below 1000 Hz
[31]. The cues are shown in Figure 6.

(a) Interaural Time Difference (ITD) (b) Interaural Level Difference (ILD)

Figure 6: Binaural cues.

Monaural cues are relaying on the sound arriving at a single ear. They are derived
from the effects of elevation, or front–back locations, on the spectral filtering properties
of the head related transfer function (linear alteration of the sound spectrum by
properties of the torso, head, and pinna). The resulting sound entering the ear canal
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is distorted dependably on the wavelength of the sound and the angle of incidence
upon which it reaches the ear. Consequently, the spectral shape of the HRTF changes
with the direction of the sound source [43].

The dynamic cues appear during head movements and result in changes in binaural
and monaural cues. These cues change accordingly to the head movements of a
listener. It helps to resolve right-left and front-back direction. If the cues do not
change during the movement, it can be assumed that the source is moving with the
head, it is above the head or perceived inside the head of listeners such as listening
to their own voice or eating [30]. Therefore dynamic cues are important factors in
sound externalization. It is assumed that the externalization of sound appears when
the source is steady and do not move along with the head movements. Brimijoin et
al. [44] showed that free–field signals that move with the head are more likely to
be internalized and the externalization can be evoked as long as head movement is
taken into account.

2.3 Auralization
Auralization is defined as "the process of rendering audible, by physical or mathe-

matical modelling, the soundfield of a source in a space, in such a way as to simulate
the binaural listening experience at a given position in the modelled space." [45].
Auralization involves measuring or simulating spatial impulse response, the spatial en-
coding of this response for multichannel reproduction system and finally convolving it
with an anechoic recording. Figure 7 presents the steps of reproduction. Auralization
is one of the important methods in room acoustics research [46].

Throughout the past 20 years, different spatial encoding methods have been
developed to apply for 3D sound reproduction. There are various methods that
are based on different assumptions. Some of them, including Wave-Field Synthesis
(WFS) [47], and Ambisonics [48], are based on the physical reproduction of the sound
field. Other methods, such as the binaural techniques [49], focus on reproducing
the acoustic pressure at eardrums. There are also methods which principle is to
reproduce spatial cues, including Spatial Impulse Response Rendering (SIRR) [50],
and Vector Base Amplitude Panning (VBAP) [51]. One of the encoding methods,
the Spatial Decomposition Method (SDM) [12], is based on the concept of image
sources.

All mentioned methods have their advantages and disadvantages. While Am-
bisonics, WFS and the binaural techniques require more specialized microphones,
the SIRR, VBAP and SDM are not restricted to such extent. The SDM method
requires at least four–microphone array and WFS requires multiple microphones,
otherwise, it becomes time–consuming. On the other hand, an advantage of the first
four mentioned methods is that they can be used with continuous sounds, not like
the other two, just with the spatial impulse responses. Despite all these features,
all the methods can provide plausible effects. The choice of the method depends
completely on the personal preferences and requirements of projects.

This thesis uses the SDM for the auralization, therefore this method is described in
more details in section 4.3. The basic principle of the method is room spatial impulse
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Figure 7: Auralization process. Created based on [12].

response decomposition for image-sources. The algorithm analysis a multi–channel
impulse response with a sliding time window and yields an estimate of a direction
of each sample in the impulse response. Their attributes are the representation of
the impulse response [12]. Amengual et al.[52] determined that similarities between
auralizations using SDM and original sound fields depend on the target room and
stimulus. However, the method is commonly used in various research [9], [11] [46],
[53]–[56].
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3 Previous research - literature study
The current section reviews the previous research regarding the scope of this

thesis. Section 3.1 describes research regarding human perception of the room
acoustics, which shows how listeners perceive various rooms and what features they
are mostly focused on in these rooms. Next, section 3.2 goes through the studies
of room recognition by human listeners. It reviews what methods and techniques
have been used for rooms identification. Lastly, section 3.3 mentions research that
studied room recognition, however, with various techniques and algorithmic methods.
The section is included to show that the subject of rooms recognition is a topic that
raised interest and has been approached in various ways.

3.1 Human perception of room acoustics
Section 2.1.1 talks about room acoustics, sound propagation in enclosures and the

most commonly measured parameters used to evaluate it. The evaluation of room
acoustics should not only be based on these parameters. Human perception is one of
the evaluation methods that should be considered while designing a specific room as
people are the ones who use these spaces. For instance, perceptible reverberation
time can be subjectively rated by human listeners by referring to it as “long” or
“short” or calling a room itself “dry” or “reverberant”.

Every listener is unique and it can be stated that they hear differently. Some people
are characterized by hearing disabilities caused by a hearing disorder or even age.
Oppositely, there are people with advanced hearing abilities or more sensitive hearing
because of gained education or body features. However, considering the normal
hearing listeners, no matter the personal opinions and tastes, the basic evaluation of
room acoustics is usually unanimous. The listeners are able to examine if space is
properly designed through basic determination if speech can be understandable in
a room or the music clearly audible. Dependably on a room and its specification
humans focus on different features of the room.

There is a claim that some of the musical pieces were created with consideration
of the hall itself as the acoustical characteristic had to be taken into consideration
as it affects the performance and its features such as dynamic or pauses in the
played musical piece. Therefore these are the factors that can be considered while
evaluating the acoustic of halls with live performance. Kalkandjiev [1] evaluated
room influence on music performance and the features which are the most critical for
this performance are clarified. In the paper, the musicians describe which features
mostly influence the feedback and their performance. Listening though is not the
only way to analyze the acoustics environment. Based on listening to their own
performance, the musicians evaluated rooms and their purpose. Every examined
room has its own specific acoustics and features that make them unique and more
recognizable for the musicians. The attributes that the study mainly focuses on
included reverberation time, treble and bass. The research gives an idea of what
features listeners can focus on while trying to recognize the room.

Another study [2] examined the effect of the room acoustic in the recording of
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different characteristic. The work focuses on the musicians and their impressions
of particular chosen rooms. It described which parameters have been taken into
consideration. These parameters differ from room to room as sometimes one attribute
of the room acoustics was more obvious and easier to detect. The paper aimed to
examine when certain rooms are suitable for the enjoyment of a specific kind of
music. The perception of enjoyment in a room is an indicator of properly design
room acoustics for the specific purpose of this room. In the research, the musicians
were evaluating the room by playing their own instruments and judging for what
music purpose room is suitable. The purpose included rehearsal, performance,
recording. These evaluations were based on the perception of the attributes of the
room acoustics.

Both papers, however, quite distant from the thesis subject, give the concept of
how people perceive various rooms and music played in them. The studies show
how listeners evaluate the acoustics environment based on the various music signals
and what parameters and room attributes influence this perception. The studies
determined that perception of a room acoustics provides the means to establish the
purpose of specific rooms based on their acoustic attributes.

3.2 Room recognition by human listener
The way listeners perceive different rooms and their attributes raises the question

if the same listeners could recognize these rooms by just listening to them. Various
researchers studied the subject with different approaches. In [8] rooms identification
has been done via a listening test with a human subject. In the experiment, the
researchers analyze how thoroughly various acoustic modelling software could simulate
the acoustics and its attributes and to what extend this simulation can be recognized
by a human listener by previously listening to the real space. Similar studies
were conducted recently, examining if human listeners based on the auralization
and visualisation of concert halls can recognize the shape of the space [10]. The
auralizations were based on the simulation of halls and speech signals. According to
the results of performed in the study 4–choice listening test, the concert hall shape
recognition is a hard task, as the overall score of the listening task occurred to be
slightly above the chance level.

The experiment studying the recognition of concert halls with the music stimuli
signal was conducted by Haapaniemi et al. [9] in 2014. The research investigated if a
human listener can recognize the space while listening to the same excitation signal
auralized in various concert halls. The study also included the examination of which
part of impulse response has the biggest influence on such recognition. According to
the results, the listeners were able to recognize the halls. Additionally, it was easier
to identify them based mostly on early reflections rather than the late response.

Recently, similar studies have been conducted. The experiment which tested
the recognition ability of concert halls with different signals (classical music and
instrumental music) validated the results of the previously mentioned research [9]
during which most listeners could find the match for the halls while listening to the
same excitation signals and showed that matching spaces while listening to different
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signals causes more difficulties than a recognition of the space while listening to the
same signal [11]. The studies also showed that the greatest confusion was caused by
spaces with similar acoustics terms. In a multiple–choice test, comparing the sound
of signals and discriminating any discrepancies in them, lead to the recognition of
the space in question. However, those kinds of experiments are usually conducted
using the acoustics of concert halls. Choice of that kind of spaces is obvious because
these are the venues, where acoustics must be designed thoroughly as their main
purpose is to cause the played music sounds as good as possible. Although the field of
experiment room acoustics has gained much information regarding space perception,
it has until now been limited to only one type of acoustic space.

The research show that identifying rooms while listening to their simulation is
a hard task for human listeners because of the inadequacies in reproducing some
of the room features by modelling software. The rooms recognition, while using
auralization created with measured IRs, is possible and human listeners are able to
identify rooms, especially while listening to the same signals. Using different signals
causes more confusion, particularly between rooms with similar acoustics. Most
research that proceeded with listening tests for room recognition [9]–[10] restricted
them for concerts halls and music samples. Broadening the test for different kind of
rooms combining with different signals can show more reliable results of possibilities
of human hearing for recognition of rooms.

3.3 Different approaches to room recognition
Before the recognition of rooms by human listeners was studied, the researchers

differently approached the problem of identifying spaces. This approach focused on
room recognition or a single feature based on using mostly algorithms and microphone
techniques. A master thesis [4] studied the techniques for identification of enclosure
boundaries and estimation of its sound field. It showed the possibility of estimating
the shape of shoe–box shaped rooms. The results cannot show the identification of the
rooms themselves but can differentiate their geometry. Research on close–microphone
reference methods of RIRs identification for acoustic applications, tested with speech
as source signals, shows as well that such recognition is possible [5]. The room
impulse response is its fingerprint and already consists the information about room
acoustics, so rooms can be differentiated on its basis. Mentioned papers do not focus
on the recognition itself, but they show that some attributes of the enclosure can be
identified and recognize using various algorithms.

In 2012, Peters et al. [6] studied the possibility of recognition with machine
learning techniques. The research was based on three experiments with different
settings. The recognition system was based on a model with specified acoustic
features. It shows that recognition of rooms based on auralization of music and
speech samples is doable. The studies present the difference in recognition using
stimulus auralized with different RIRs, same RIRs and different sample and combine
techniques. The method presented in the research was patented by authors four years
after publishing the paper [57]. In 2018, Moore et al. [7] proposed the method of room
identification with speech signals based on spectral decay statistic. It was tested using
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speech signals and the same signals proposed by authors reverberation enhancement.
Tests with both versions show that the identification of the specific room is possible,
while the proposed by author improvement exhibits better recognition.

All the research showed that the identification of rooms or their features using
algorithms or microphone techniques is possible and gives satisfactory effects. The
study [6] using machine learning techniques resulted in room identification at the
level of 61% for music excerpts and 85% for speech samples, while research using
spectral decay statistics [7] resulted in identification at the level of 70 and 79%,
respectively without and with proposed enhancement, only using speech samples.
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4 Listening experiment
This section describes the design and procedure of the listening experiment.

Section 4.1 illustrates the examined room and its acoustical conditions. Section 4.2
focuses on used speech signals. Sections 4.3 describes the method and process of
auralization. Listening setup and used playback levels are detailed in section 4.4.
Section 4.5 explains the procedure of the experiment with division for screening
phase, conducted listening tests and questionnaire. Lastly, section 4.6 describes the
participants of the conducted experiment. Some of the Matlab scripts used during
the experiment preparation process can be found in Appendix D.

4.1 Room and acoustical conditions
The thesis focuses on the recognition of the rectangular room. It differs from

the previous studies that concentrated on concert halls identification [10], [11].
Experimenting with different kind of spaces can reveal if the same principles of
recognition are applicable for rooms with simple architecture.

The room included in the experiment is the Variable Acoustic Room Arni, located
at Aalto Acoustic Lab. The room has adjustable walls and ceiling panels, and the
opening and closing of these panels can create various acoustic conditions. The
thesis examines the recognition of different configurations of the panels in the room.
Experimenting with the room and its specific setups allowed for evaluating the
recognition of the room based on the objective parameters as the size and general
geometry of the room do not change. The room measurements have been done in
five different configurations – 0% panels open, 25% of panels open, 50% of panels
open, 75% of panels and 100% panels open. For the experiment, only three of these
five configurations were chosen based on evaluating objective parameters, analysing
the IRs of setups and listening to the examples of auralizations. Two extreme setups
were rejected because they were considered to be too different from the others. Three
examined configurations include the room with 25, 50 and 75% panels open, with
corresponding names "25", "50" and "75" used in the experiment results analysis.

Objective parameters were calculated based on measured impulse responses of the
room configurations. IRs were measured using the G.R.A.S 50VI–1 vector intensity
probe with 25 mm spacing between microphone capsules, and the Genelec “The
Ones” 3310 loudspeaker as a source at four meters distance in front of the receiver.
The measurements differ for the ISO3382 standard procedure which requires an
omnidirectional source and more than one receiver positions. The experiment was
conducted using just one measured position. Therefore calculated parameters are
based on the analysis of impulse responses in the chosen position. The energy decays,
calculated with measured IRs in the measurement position, are presented in Figure
8.
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(a) Room with 25% of panels open.

(b) Room with 50% of panels open.

(c) Room with 75% of panels open.

Figure 8: Energy decay in the Arni room in three different configurations measured
in 4m distance from the receiver. The x–axis (time) is presented in the logarithmic
scale.
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(a) Reverberation Time T20 (b) Early Decay Time (EDT )

(c) Clarity (C50) (d) Centre time (Ts)

(e) Early lateral energy fraction (JLF ) (f) Late lateral sound level (LJ)
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(g) Interaural cross–correlation (IACC) (h) Direct–to–reverberant ratio (DRR)

Figure 9: Objective parameters of the three room configurations used in the experi-
ment: setups with 25%, 50% and 75% panels open. The parameters are presented in
1-octave bands from 125–4000 kHz. The average and JND value calculated according
to ISO3382–1:2009 standard [13] is also marked at all figures.

The calculated parameters of three room configurations with the source in the
chosen position with corresponding JNDs are presented in Figure 9. It is worth
mentioning that most of the calculated parameters are based on the ISO3382—-1:2009
[13], which concerns performance spaces. Therefore, not all parameters may be a
proper measure for examined room, which is consider a small room. The parameters
were, however, calculated to examine if they could have influence on the recognition or
discrimination between room configurations. The centre time quantity was calculated
additionally to commonly used parameters. Kaplanis et al. [32] qualify centre time
parameter as the good measure of the physical boundary for early/late reflections in
small rooms. This thesis uses also direct–to–reverberant ratio quantity, which is a
parameter not included in ISO3382–1:2009 standard.

The clear difference in reverberation parameters (EDT and T20) and C50 is seen
between the configuration with 25% panels open and the other two. For none of the
configurations, values for these parameters are withing JNDs, however, for the setups
with 50 and 75% panels open the values are close to each other. Moreover, according
to findings presented in section 2.2.1, the perceived JND of these parameters is higher
than claimed in the ISO standard. The Ts parameter shows values withing JND
for 50 and 75, while configuration with 25% panels open is characterized by the
centre time considerably higher than the other two. Smaller differences between all
the configurations are visible in JLF and IACCE parameters. Early lateral energy
values are the same for 50 and 75 and within JND for 25, while in the case of
cross–correlation the values of all configurations are within JND. However, all the
values are similar and it can be noticed that the differences are caused by behaviour
of the sound in the lower frequencies, up to 1 kHz. LJ parameter shows distinctive
differences. The ratio of direct and reverberant sound as well exhibits differences
between all the configurations. The values are negative as the source position of four
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meters distance from the receiver exceeds critical distance of each room configuration.
The JND values of the parameter were not marked in the graph, however, following
the information gathered in section 2.2.1 the values would be within just noticeable
difference range for all configurations. The JND values for late lateral sound level are
not known but it can be assumed that the differences are too large not to be audible.

Considering the values of the objective parameters and the differences between
them, it can be noticed that in the case of reverberation parameters, speech clarity
and centre time, the room with 25% of panels open should be easily distinguished
from the other two. The IACCE and JLF show the biggest similarity for all the rooms
configurations, as opposed to LJ which exhibits a distinct difference for all of them.
The DRR quantity demonstrates the differences that not necessarily can be clearly
audible for listeners. Therefore, if the recognition of these configurations was based
only on the reverberation, the 25 setup would be easily recognizable, while listeners
could have difficulties with distinguishing between 50 and 75. Focusing mainly on
the early lateral energy, early interaural cross–correlation or DRR quantities would
cause confusion while recognizing configurations. However, recognition based on late
lateral energy should be easy and should not cause difficulties for any of the setups.
It can be assumed that the recognition of the configurations could be a simple task
based on the calculated parameters. However, most probably, the simplicity of this
task could be visible for participants with listening experience, while subjects without
any background in the field and no experience may demonstrate more difficulties.

4.2 Speech samples
The samples used in the experiment consisted of one type of sound, speech signals.

The experiment uses both female and male English speech excerpts. The recordings
are part of the free database, TSP Speech Database [58], consisting of 12 female and
12 male speakers, mostly native Canadian English speakers. The database includes
also recordings of different English dialects and non-native speakers. The speech was
recorded in an anechoic chamber with conditions providing high signal-to-noise ratio
(SNR). The recordings are sampled with 48 kHz and 16-bit rate.

For the female speech samples, in total 21 different samples were used, involving
three different speakers (two speakers with nine different samples each and one
speaker with three different samples). For the male speech samples, in total 15
different samples were chosen. They also involved three different speakers: one
speaker with nine different samples and two speakers with three different samples
each. The choice of the number of speakers and different samples for them can be
justified by the annoyance that is caused by listening constantly to the repetition of
the same sound. It can be also explained by the design of the discrimination and
recognition tests, described in more detail in section 4.5.2. For the analysis part of
the thesis, the names of the samples have been created by combining the letter “F”
for female speakers and “M” for male speakers with the number 1–3 for a speaker
number, such as F1, F2, F3, M1, M2, M3.

All recordings are two seconds long. Because of audible differences in loudness,
they were equalized before the auralization process. The loudness of all samples
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was set as 23 LUFS. Figure 10 shows the spectrum of six samples, one sample of
each speaker, to show the variability in frequency content and diversity in basic
speech component such as fundamental frequency. The spectra are smoothed over
the 1/3–octave bands using smoothSpectrom Matlab Toolbox [59] and normalized
to 0 dB. Noticeable differences in fundamental frequency are detected between male
and female speakers, while the speakers of the same gender display similarities in
this feature.

Figure 10: Spectra of the six anechoic speech samples, one sample for every speaker
chosen for the experiment. The spectra are smoothed over 1/3-octave bands and
normalized. First three (left side of the figure) are the female speakers, named
accordingly "F1", "F2" and "F3" and the last three (right side of the figure) presents
male speech, named "M1", "M2" and "M3".

4.3 Auralization method
Auralizations of the samples were made with the convolution of the spatial room

impulse responses (SRIRs) with the anechoic signals. The SRIRs were created using
the SDM. The method decomposes a spatial impulse response, measured with the
array of at least four–microphones, for image-sources. It applies a short sliding
window on a multi–channel impulse response and estimates the direction of arrival
for every sample using least squares solution for time difference of arrival estimates
(TDOA). Next, the method selects one of the array microphones as a pressure
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signal. Then each sample of this pressure is assigned with the spatial location. These
attributes are a representation of obtained spatial impulse response. According to
the methodology, the chosen microphone should be located in the geometric centre
of the array [12]. In this experiment the SDM toolbox [60], which is a Matlab
implementation of the method, was used to obtain the 45-channel SRIRs. Then the
multi–channel impulse responses were convolved with each of the anechoic speech
samples. The time differences in sound arriving in the listening position from the
channels, caused by loudspeakers being at different distances, are compensated while
playing the sound from the computer.

4.4 Playback levels and listening setup
The playback of the sound samples was set to be at the level of normal human

speech by adjusting the output level of the signal played from the computer to simulate
conditions close to realistic situations. The level of normal speech is standardized
by ISO3382–3:2012 [61] and its value equals to LAeq = 60 dB. The levels of the
stimuli signals (LAeq) were measured in the listening position using B&K Hand-held
Analyzer Type 2250 with the free field microphone type 4189. The values can be
found in Table 1. The levels vary from 55 to 61 dB. As mentioned in Section 4.2,
the loudness of samples were equalized before the rendering but the differences in
loudness depended on the room configurations were maintained.

The listening setup includes 45 active loudspeakers Genelec “The Ones” 8331.
The experiment has been run on iMac Pro desktop. The sound from the computer to
the loudspeakers is sent via RME MADIface XT audio interface and RME ADI-6432
format converter. The loudspeaker system is optimized to playback levels and delays
for sound to arrive at the listening position at the same time and the same levels from
all loudspeakers. The setup shown in Figure 11 is placed in an anechoic chamber
with a measured LAeq = 18 dB background noise with turned on loudspeakers.

4.5 Procedure
The experiment consisted of two phases, screening phase performed as an au-

diometry test and testing phase including discrimination and recognition test as well
as a questionnaire. The whole procedure was taking from 50 min to 1.5 h, depending
on the subject experience in participating in listening tests. In the beginning, the
participants were given the written instruction about the test procedure (Appendix B)
and asked for signing the agreement for data (Appendix A). Additionally, throughout
the experiment, the subjects were verbally instructed about the procedure and could
ask questions in case of any doubts.

4.5.1 Screening phase

The screening phase was the first phase of the experiment. It was performed
using the pure-tone audiometry test for every experiment participant. The screening



33

Speaker Sample No. 25OPEN 50OPEN 75OPEN
1 58 58 58
2 58 58 56
3 58 60 58
4 59 57 59

F1 5 59 59 58
6 60 60 59
7 58 57 59
8 59 59 58
9 57 57 57
1 59 57 58
2 58 59 57
3 60 58 60
4 59 60 59

F2 5 61 59 61
6 58 59 59
7 59 58 59
8 60 59 59
9 60 60 60
1 59 59 58

F3 2 58 59 59
3 58 60 58
1 58 57 59
2 58 55 58
3 59 59 59
4 58 60 59

M1 5 58 59 58
6 59 57 59
7 59 59 59
8 59 57 59
9 58 58 59
1 58 58 58

M2 2 56 58 59
3 59 59 59
1 57 59 57

M3 2 60 58 58
3 56 58 57

Table 1: Levels (LAeq) of the samples measured in the chamber in the listener position.
"F" in speaker column indicates a female speaker and "M" male speaker. Sample
number means the sample of each speaker. All together there was 36 samples for
each room configuration what gives 108 stimuli in total.
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Figure 11: Listening setup of 45 loudspeakers located in anechoic chamber at Aalto
Acoustics Lab. The model includes the listener position with the arrow indicating
front of the setup.

phase aimed to examine the participants for normal hearing. The audiometry was
conducted according to the ISO 8253–1:2010 standard [62]. The test was performed
using the MADSEN Micromate 304 portable audiometer. The device includes the
headphones for listening to the pure-tones and a clicker for indicating whether the
listener heard the sound. The audiometry was conducted in the listening booth
providing proper conditions for the test. Figures 12a and 12b presents the equipment
used for the test and the listening booth. The screening phase was taking around 20
min. The procedure of the audiometry test was given verbally to all participants.

4.5.2 Discrimination test

The first listening test was a discrimination test. The test was conducted to
establish if participants could differentiate rooms in terms of their acoustics. It was
also considered as training for participants before the main part of the experiment
and getting familiar with the interface and sound samples. The test was implemented
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(a) Portable audiometer with headphones and
clicker

(b) Listening booth

Figure 12: Setup for the pure-tone audiometry test performed according to ISO
8253–1 standard [62].

as a triangle test (XXY), where participants had to choose the room that they
considered different from the other two. The triangle test assumes the success rate at
1/3 and it is considered as the common strategy used in the discrimination testing
[63]. The test trials included three combinations of the room setups: 25–50, 25–75
and 50–75. The test samples included six different speakers (three women and three
men) with three different signals for each of the speaker, which gives 18 samples in
total. The combination of these stimuli and the pairs of room configurations resulted
in one repetition of 36 trails for the test overall. It is worth mentioning that all the
trials stimuli signals were different in terms of speakers and the stimuli signal, but
that was not to consider as a difference as the only variation should be considered in
terms of room acoustics.

In this test, the participants were asked to listen to three samples, A, B and C,
indicating rooms configurations and find the one that is different from the other
two. In the interface shown in Figure 13 the samples destined for listening were
located in the top window named “Replay”, and the answers could be found in the
bottom window named “Response”. As mentioned in Section 4.5, in the case of
the discrimination test all the samples were different in terms of signal (different
speech/speaker) and subjects were specifically informed both in written instruction
as well as verbally that this feature should not be considered as the difference. The
only difference that mattered in the test should be considered in terms of room
acoustics.

4.5.3 Recognition test

The second part of the test phase was a recognition test. The test aimed to
examine the ability of room identification. The test was implemented as three
alternative force choice (3–AFC) test which included a reference signal and three
answers corresponding to the three chosen combinations of the room. Similarly to
the triangle test, the probability of success is 1/3, but the optimal decision rules
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Figure 13: Discrimination test interface.

differ between the tests, which results in a difference in the relation between sensory
dexterity and the probability of making a mistake [64]. The test included samples of
three speakers (two women and one man) using nine different signals per speaker. The
test was implemented using two different conditions. The “same” condition referred
to a situation where the reference signal and the alternatives are the same speech
stimuli. In the “diff” conditions the reference and answers signals are different. The
arrangement of samples included nine cases: F1–F1, F2–F2, M1–M1, F1–F2, F2–F1,
F1–M1, M1–F1, F2–M1 and M1–F2 for each room configuration as a reference signal,
which gave 27 trials. To equalize the number of the "same" and "diff" conditions, the
repetition of the "same" arrangement was done. In total, the test included 36 trials
with 18 “same” and 18 “diff” conditions.

The main principle of the test was to choose one of the three alternatives A, B
and C, which respond to the reference signal in terms of room acoustics. In this case,
the interface illustrated in Figure 14 consisted of “Replay” and “Response” windows
for listening to samples and picking the answer. The participants were informed
about two conditions appearing in the test. In the case of both listening test, the
participants were informed that they can listen to samples as much as they want
and there is no limitation, but once the question is answered there is no possibility
of coming back and changing the answer.
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Figure 14: Recognition test interface.

4.5.4 Questionnaire

The last phase of the experiment included the questionnaire, designed to gather
additional information about the study. The survey included information about
the participant (gender, age, experience in listening tests participation) as well
as three questions subjectively evaluating the tests. The first of these questions
asked about the difficulty of the test, which required rating the experiment with
scores 1–5. The other two required participants to describe attributes which had an
influence on recognition or discrimination of the room and opinion about differences
in difficulties between “same” and “diff” condition. Additionally, the last question
also asked participants about the influence of using different speakers gender for
trials in recognition test difficulty in comparison to the same gender. The template
of the questionnaire can be found in Appendix C.

The participants were asked to fill the questionnaire after finishing both listening
tests. They were free to ask any question in case of misunderstanding the task.

4.6 Participants
Seventeen listeners, included two women and 15 men, participated in the exper-

iment. Participation was voluntary and all the participants were informed about
the purpose of the study. The participants were informed about anonymity and
assented for the usage of the gathered data. This information is included in the
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document knowingly signed by every participant. The subjects listening experience
was various. Four of the participants declared no listening experience, five claimed
some experience and eight declared vast experience in the listening experiments.
The experiment assumed testing subjects with various educational backgrounds and
experience, therefore the listeners from different environments have been invited to
participate. Unfortunately, because of the world epidemiological situation only four
participants, which gives around 20% of all subjects, were not in any case connected
to Aalto Acoustics Lab. These participants were Aalto students from different
programmes. The rest of the participants consisted of eleven persons from Aalto
Acoustics Lab and two who are the part of Aalto Acoustics Master’s programme.
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5 Results
This section demonstrates the results of the listening experiment. Section 5.1

presents the results of the screening phase. Sections 5.2 and 5.3 evaluate the results
of discrimination and recognition tests with consideration of "diff" condition where
stimuli consisted of different genders speaker in Section 5.4. Additionally, Section
5.5 analyzes questionnaire answers given by the participants.

5.1 Screening phase
The results of pure-tone audiometry are presented in Figure 15. The Figure

includes the audiograms of each participant. The results indicated that none of the
subjects exhibited problems with hearing threshold. Therefore all listeners were
allowed to participate in the experiment. Few subjects showed slight elevations in
hearing levels for some frequencies. They can be noticed in audiograms in Figures
15a, 15f and 15i. However, these elevations are still in the range of normal hearing.
After short interviews with the subjects, these elevations appeared to be the result
of diseases from childhood, work with loud sounds or problems with ear wax.

5.2 Discrimination test
The discrimination test was conducted as the first test in the testing phase.

Figure 16 illustrates its overall results. Assuming that each individual evaluation is
an independent Bernoulli trial allows for using binomial probabilities for comparison
between the cases. The cases are considered as the pairs of two configurations of the
room: 25–50, 25–75 and 50–75. The exact binomial test with a 95% confidence level
shows that the overall performance in the test is good and above the 33% chance
level in all the cases. It also indicates that the test was easy, and the participants had
no difficulties with the discrimination task. Overall performance of the test is 96.4%
with a perfect discrimination score (100%) for the pair of two extreme configurations
25–75 and above 90% performance for the other two cases.

The two-proportion χ2–test was implemented for evaluating the differences be-
tween the cases. The test analyzes if the results of discrimination between two cases
(two proportions) are significantly different. The test uses 95% confidence intervals
what means that the significant difference is observed if p–value is less than 0.05
(p < 0.05). The analysis was carried out using R statistical programming language
[65], specifically the prop.test() function which performs the two proportion χ2–test
returning the value of Pearson’s chi-squared test statistic χ2 and p–value.

As far as the test does not indicate significant difference between 25–75 and 25–50
cases with 98.7% success score, it shows the significant differences between 50–75
case and two others. It indicates that this condition was significantly harder to
discriminate than the other two. The performance of the 50–75 pair is at the level of
90.7%. Table 2 presents the results of the two–proportions test.

The overall and individual results of the discrimination test can be found in Table
3. It is noticeable that the first test subject (TS01) made significantly more mistakes
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(a) TS01 (b) TS02 (c) TS03 (d) TS04

(e) TS05 (f) TS06 (g) TS07 (h) TS08

(i) TS09 (j) TS10 (k) TS11 (l) TS12

(m) TS13 (n) TS14 (o) TS15 (p) TS16

(q) TS17

Figure 15: Graphical presentation of results of the pure-tone audiometry for each
participant conducted according to [62]. The thresholds were measured for octave
bands 250–8000 Hz with the additional measurements for 3 and 6 kHz in case of big
gaps appearing between surrounding these frequencies. The audiograms showing
the thresholds for frequencies were drawn using Matlab script that can be found in
Appendix D.
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Figure 16: Results of the discrimination test in terms of three cases (the combination
of the room configurations pairs between which the discrimination were taking place
during the listening test), 25–50, 25–75, and 50–75.

Case Statistic
25–50 vs. 25–75 χ2 (1, N = 204) = 1.34 p ≥ .05
25–50 vs. 50–75 χ2 (1, N = 204) = 10.81 p < .05
25–75 vs. 50–75 χ2 (1, N = 204) = 17.89 p < .05

Table 2: Results of the two-proportions χ2–test with the 95% significance level
indicating if the difference in the discrimination results cases are significant or not.
The presentation of the results consist of degrees of freedom (df) and sample size use
in a test. These values are presented as χ2 (df, N = sample size) = χ2 value. The
p − value is presented as p < / ≥ value corresponding to the significance level.

in comparison to the other participants and can be treated as an outlier. Therefore
two alternative statistical analysis were performed, with and without TS01 subject
results. Excluding the subject, however, did not have a significant influence on the
final results, so the decision was made about including these results.

5.3 Recognition test
The analysis of the recognition test was performed according to the same principle

as for the discrimination test. Again, the assumption about independent Bernoulli
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Room pairs Total
Test Subject 25–50 25–75 50–75 n %

TS01* 12(0) 12(0) 6(6) 30 83,3
TS02 12(0) 12(0) 12(0) 36 100
TS03 12(0) 12(0) 11(1) 35 97,2
TS04 12(0) 12(0) 12(0) 36 100
TS05 12(0) 12(0) 11(1) 35 97,2
TS06 11(1) 12(0) 12(0) 35 97,2
TS12 12(0) 12(0) 10(2) 34 94,4
TS08 12(0) 12(0) 11(1) 35 97,2
TS09 12(0) 12(0) 12(0) 36 100
TS10 11(1) 12(0) 9(3) 32 88,9
TS11 12(0) 12(0) 12(0) 36 100
TS12 12(0) 12(0) 10(2) 34 94,4
TS13 12(0) 12(0) 11(1) 35 97,2
TS14 12(0) 12(0) 12(0) 36 100
TS15 12(0) 12(0) 11(1) 35 97,2
TS16 11(1) 12(0) 12(0) 35 97,2
TS17 12(0) 12(0) 11(1) 35 97,2
All 201(3) 204(0) 185(19) 590 96,4

Table 3: Results of the discrimination test, individual for each participant as well
as combined together. Results are presented as correct(incorrect) answer with total
number or correct answers and the percentage. Test subject number 1 is marked
with *, whose results were noticeably worse than other participants, however, the
results included in final analysis as they did not have significant influence on the
ultimate outcome.
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trials had to be made to allow for comparison of two conditions (“same” and “diff”)
based on their binomial probabilities. The overall performance of the test is 94.8%
with 98.4% score for the "same" condition and 91.2% for the "diff" condition. The
results and corresponding confidence intervals derived from binomial distribution
are illustrated in Figure 17. The exact binomial test rejected the zero hypothesis
and accepted the alternative one about the true probability of success above the
33% chance level in both cases. The two–proportion χ2–test with a 95% confidence
level was performed for examining the significance of the difference between the two
conditions. The results show the considerable differences between the situation with
the reference stimuli and answers being the same signal and state when reference and
alternatives are different. It indicates that more mistakes were made for the condition
where different signals were used. These results show then that the recognition is
affected by the condition whether the stimulus signals are different or not.

The same analysis with exact binomial test and χ2-test, both with 95% confidence
levels were performed for each of the room separately to investigate if the significance
of the difference in the "same" and "diff" conditions depends on acoustic conditions
of a room configuration. The binomial tests, performed for every setup, rejected the
zero hypothesis, showing the performance above 33% of chance level, similarly to
the overall results. The two–proportion tests results are presented in Table 4 and it
can be acknowledged that the difference between the same and different stimuli is
significant in every case. Therefore one can assume that independently of a room,
the recognition is affected by the conditions of using difference or the same signal.
Recognizing rooms seems to be harder with the usage of various signals.

Case Statistic
25 χ2 (1, N = 204) = 5.26 p < .05
50 χ2 (1, N = 204) = 3.28 p < .05
75 χ2 (1, N = 204) = 3.76 p < .05
All χ2 (1, N = 306) = 14.54 p < .05

Table 4: Results of the two-proportions χ2–test with the 95% significance level
indicating if the difference in the recognition room using the same or different stimuli
signals are significant or not.

It is noticeable that some participants obtained a perfect score (100%), therefore
it is clear that the task was easy, similarly to the discrimination task. However,
according to the results presented in Figure 17a it is visible that the trials consisting
of different signals were more difficult in every case. According to the results, the
easiest case in identification is exhibited by the configuration with 50% panels open,
while the other two shows the same score in the "diff" condition and the room setup
with 75% panels open has the lowest score in the "same" condition. This discards the
assumption that the room setup with a 25% panel open should be the most obvious
and trivial case to recognize.
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(a) Overall results (without the separation for the room configuration).

(b) Results taking into consideration room configurations.

Figure 17: Results of the analysis of the recognition test results based on the condition
of the same and different stimulus signals as reference and alternatives.
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The results of individual participants, as well as the overall score, are presented in
Table 5. It is identifiable that subject no. 15 (TS15) has significantly more incorrect
answers in comparison to the other participants and can be treated as an outlier.
Therefore, the same way as in the case of the discrimination test, two alternative
statistical analysis were performed, with and without the subject results. It was
decided to including the scores as they did not have a considerable influence on the
results.

Room configurations
25 50 75 Total

Test Subject Same Diff Same Diff Same Diff n %
TS01 6(0) 5(1) 6(0) 6(0) 5(1) 4(2) 32 88,9
TS02 6(0) 6(0) 6(0) 6(0) 6(0) 5(1) 35 97,2
TS03 5(1) 4(2) 6(0) 6(0) 6(0) 6(0) 33 91,7
TS04 6(0) 6(0) 6(0) 6(0) 6(0) 4(2) 34 94,4
TS05 6(0) 5(1) 6(0) 6(0) 6(0) 6(0) 35 97,2
TS06 6(0) 6(0) 6(0) 6(0) 6(0) 6(0) 36 100
TS07 6(0) 5(1) 6(0) 6(0) 6(0) 4(2) 33 91,7
TS08 6(0) 6(0) 6(0) 6(0) 6(0) 6(0) 36 100
TS09 6(0) 4(2) 6(0) 6(0) 6(0) 6(0) 34 94,4
TS10 6(0) 6(0) 6(0) 6(0) 6(0) 6(0) 36 100
TS11 6(0) 5(1) 6(0) 5(1) 6(0) 5(1) 33 91,7
TS12 6(0) 6(0) 6(0) 5(1) 6(0) 6(0) 35 97,2
TS13 5(1) 6(0) 6(0) 6(0) 6(0) 6(0) 35 97,2
TS14 6(0) 6(0) 6(0) 6(0) 6(0) 5(1) 35 97,2
TS15* 6(0) 3(3) 6(0) 3(3) 4(2) 4(2) 26 72,2
TS16 6(0) 6(0) 6(0) 6(0) 6(0) 6(0) 36 100
TS17 6(0) 6(0) 6(0) 6(0) 6(0) 6(0) 36 100
All 100(2) 91(11) 102(0) 97(5) 99(3) 91(11) 580 94,8

Table 5: Results of the recognition test, individual for each participant as well as
combined together. Results are presented as correct(incorrect) answer format with
total number or correct answers and the percentage. Test subject number 15 is
marked with *, whose results were included in final analysis as they did not have
significant influence on the ultimate outcome.

Recognition test results can be also represented as confusion matrices. A confusion
matrix, also known as an error matrix is one of the machine learning techniques.
It is a two–dimensional matrix that evaluates the performance of a classification
task. The task is performed as categorization of "classifier" with regard to "test data".
Confusion matrices show the number of data correctly and incorrectly classified as
some specified class [66]. In this thesis, the confusion matrices were created to show
which room configurations were mostly confused with each other. The matrices,
shown in Figure 18, present the proportion of the percentage of an answer given
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with respect to the reference signal. The matrices also validate the simplicity of
the test. The largest confusion is presented in "diff" condition, with the pair 50–75.
Participants confused these two configurations at the level of 10% in the case of 75 as
a reference signal. It is consistent with the results of the discrimination test, which
showed the greatest problem with determination between these two setups. In the
condition with the same signal, it can be noticed that the greatest confusion caused
the situation with 75% panels open setup as a reference. It was in 2% mistakenly
taken as configuration with 25%. The confusion does not exceed 10% of the answers
in any case.

(a) "Same" condition (b) "Diff" condition

Figure 18: Confusion matrices of the recognition test results.

5.4 Speaker gender diversity
One of the research questions considers the influence of the differences in speaker

gender on the difficulty of room recognition, or its discrimination. The data analysed
in this case refer to the trials where the gender differed. In the discrimination test the
trials where the one of the alternatives was of different gender (F–F–M or F–M–M).
In case of recognition test only the trials in "diff" condition were considered.

The two-proportion χ2–test for the discrimination test results was conducted
considering differences in speakers genders in the trials. The two groups of data in
the test was the results of trials that included different gender speakers (F–M) and
the same speaker (F–F and M–M). The exact binomial test showed the performance
above the chance level for both conditions. The test resulted in an overall score of
95.1% for the same gender condition and 97.1% for the different gender case. The
χ2 analysis showed non–significant difference. The same analysis was performed
considering the difference of gender in every case (25–50, 25–75 and 50–75). The test
resulted in scores showed in Table 6 and Figure 19 and performed exact binomial test
showed discrimination above the chance level. The results showed that in two cases
the scores with the same gender speaker were lower than when the gender differed.
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The performed χ2–test scores can be seen in Table 7. According to these results,
the gender variety did not influence rooms discrimination, even in the most difficult
room configurations pair, 50–75.

Room pairs
25–50 25–75 50–75 Total

Same Diff Same Diff Same Diff Same Diff
gender gender gender gender gender gender gender gender

96.5 99.3 100 100 88.7 91.7 91.7 95.1

Table 6: Results (expressed in %) of the discrimination test with consideration of
the gender speakers for each room configurations pair and total count for all answers.
"Same gender" means the conditions with all three samples with the same gender of
the speaker (F–F and M–M), "Diff gender" indicates the case when the samples did
not characterize themselves by the same gender speaker (F–M).

Case
Room pairs Gender Statistic

25–50 same vs. different χ2 (1, N = 204) = 0.74 p ≥ .05
25–75 same vs. different χ2 (1, N = 204) = 0.74 p ≥ .05
50–75 same vs. different χ2 (1, N = 204) = 0.2 p ≥ .05

All same vs. different χ2 (1, N = 612) = 0.97 p ≥ .05

Table 7: Results of the two-proportions χ2–test with the 95% significance level
indicating if the difference in the discrimination results cases are significant or not.

Similarly to the discrimination test, the recognition test was also analysed based
on the gender difference for "diff" condition. Again, the exact binomial test as well
as the two-proportion χ2–test (95% confidence levels) were performed. The overall
performance, illustrated in the Figure 20a shows the performance of 97.5% for the
same gender and 89.2% for the different gender of a speaker. The exact binomial
test showed the recognition above the chance level. According to the two-proportion
χ2–test, the difference between the case of the same and different gender of speaker is
significant. The same results are obtained in the case of analysis of the specific room
configurations. For every room setup, the difference between condition with the same
gender of the speaker, and the different one exhibits a significance. Figure 20b and
Table 8 present the results of listening test for every room configuration and with all
the answers considered together. The results of the two-proportion χ2–test for each
of the cases are shown in Table 9. According to these results, the difference in the
gender of the speaker influenced the difficulty of the recognition task by making it
harder.
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(a) Overall results (without the separation for the cases of pairs of the room configurations).

(b) Results taking into consideration room configurations pair between which the discrimi-
nation took place.

Figure 19: Results of the analysis of the discrimination test results based on the
condition of the same and different gender of the speakers as the stimuli signals.
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Room configurations
25 50 75 All

Same Diff Same Diff Same Diff Same Diff
96.3 88.2 99.3 94.1 97.1 85.3 97.2 89.2

Table 8: Results (expressed in %) of recognition test in "diff" condition with con-
sideration of the gender speakers. Results consider each room configurations and
total count for all answers. "Same" in this case means the conditions with all three
samples with the same gender of the speaker (F–F and M–M), "Diff" indicates the
case when the samples did not characterize themselves by the same gender speaker
(F–M).

Case
Room Gender Statistic

25 same vs. different χ2 (1, N = 102) = 3.71 p < .05
50 same vs. different χ2 (1, N = 102) = 3.1 p < .05
75 same vs. different χ2 (1, N = 102) = 8.06 p < .05
All same vs. different χ2 (1, N = 306) = 17.41 p < .05

Table 9: Results of the two-proportions χ2–test with the 95% significance level
indicating if the difference in the recognition room using stimuli with the same or
different gender of the speaker are significant or not.

5.5 Questionnaire
After the listening tests participants were asked to fill in the questionnaire. The

questions are described in section 4.5. Omitting the answers for the age, gender and
the experience in participating in listening tests, which were asked for the statistical
analysis of the participants showed in section 4.6, the answers for the questions about
the experiment itself were analysed (See questions 3., 4. and 5. in Appendix C). The
results of the difficulty of the experiment are illustrated in Figure 21. Two of the
participants found the test difficult, for one the experiment was "not difficult not
easy", 10 participants considered the test as easy and four as very easy. None of the
participants viewed the test as very difficult. The majority of the participants found
the test to be easy, which coincides with the conclusion obtained in the statistical
analysis of the listening tests results.

The participants were asked about the attributes on which they focused on while
recognizing or discriminating the room and they usually mentioned the reverberation
time of the room configuration. Among the mentioned features were also echo
(spaciousness; "how large the room sounds"), image width, the coloration of the
sample, high frequency balance, distance or depth of the speaker, loudness/proximity,
spectral content (for the same samples), modulation occurring in one of the room
configurations, tone of the speaker, the position of speaker and width of the envelop-
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(a) Overall results (without the separation for the room configuration).

(b) Results taking into consideration room configurations.

Figure 20: Results of the analysis of the recognition ("diff" condition) test results
based on the condition of the same and different gender of the speakers in stimulus
signals as reference and alternatives.

ment.
As the last question, the subjects were asked about the difficulty of the test
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Figure 21: Participants answers for the question of difficulty of the experiment. The
scale included scores 1–5 with according answers form "Very easy" to "Very difficult".
The results are presented as a number of participants described the experiment as a
specific difficulty level and % of all participants.

regarding the same and different stimuli samples and the differences in the gender
speaker. According to most of the answers, the condition with the same reference
and answers signals was an easier case than the condition with different stimuli
signals. Answers varied more in the gender case. Some of the participants found the
condition with different speaker gender harder and some of them stated that the
difference in the gender had no influence on the difficulty of the task.
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6 Discussion
Both discrimination and recognition tests occurred to be relatively easy as the

overall result as well as individual scores of participants for both tests were highly
above the chance level. Even including the outliers in the overall results did not
change the impression of simplicity. Despite the very good results of the test the
recognition with the same stimuli signals is significantly easier than using different
signals, which upholds the findings from [11].

The screening phase of the experiment was conducted to examine if any of the
participants do not experience severe hearing loss. The problem with the hearing
threshold would prevent the participant from participation in the testing phase of
the experiment. None of the participants exhibits profound hearing loss, however,
few subjects show small elevations for some of the frequencies. Interviews with
participants experienced the elevations determined probable causes. These elevations
could cause problems during the experiment, however, they did not affect the results of
the listening tests. The screening process is a good method for objectively evaluating
participants ability to proceed with the further stages of experiments. This is a good
practice to include the phase in the tests as it allows for the primary selection of
the participants who in the process of the result analysis could be treated as outliers
and either way their results could be excluded from conclusions. However, this phase
is more useful in the large group of people, where the testing applies to unknown
participants. In this thesis, the participants were a part of a smaller group with
known persons. It can be discussed then if the simple interview with the participant
could be considered as enough base to admit a test subject as eligible and spare the
time. However, sometimes people could not inform about some hearing threshold
elevation or be not aware of it, which is visible while conducting the audiometry
screening.

The first part of the testing phase aimed to determine the ability of listeners to
discriminate rooms. The part also served the purpose of the training in the usage
of the interface and getting used to the test. As the test was purposely designed
relatively easy, the thesis investigates if having no or little experience with the
listening tests or acoustics background or education will influence the results. The
overall results confirmed the assumed difficulty level, however, it showed that the
discrimination of the rooms using speech signals is easy for the participants no
matter their listening experience. The test was designed so that all of the stimuli
were different signals, so the discrimination could not be done by comparison of
the features of the signals themselves. The results show that the only difficulties
occurred with the pairs of configurations of the room which were more similar to
each other, while the pair containing the extreme cases did not cause any problem in
determination.

The recognition test appears to be equally easy, with a high score, above 90%.
Nevertheless, it confirms the conclusion drawn in [11] that recognition based on the
different stimuli signals is harder than using the same signals. However, in the case
of speech signals, the recognition seems to be much easier. The difficulty level can
as well depend on the shape and volume of the studied room as the recognition
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of the shape of the concert hall using only one speech signal occurred to be even
harder than music excerpts [10]. A higher simplicity level could also be a result of
using three alternatives in the test instead, like in the mentioned studies, four. It
gives a participant less option to choose from, and a better chance to differentiate
between the configurations. Implementing a discrimination test in the experiment
was a good practise as it allowed for using it as training before the recognition task.
At the same time, it provided a base for the recognition test as it can be assumed
that the hardest case for the recognition will be 50 and 75 as the discrimination
between the two of the room seemed to be the toughest case. Results show that the
configuration with 50% had a perfect score for the "same" condition and the highest
one for the "diff" condition. It is noticeable that the configuration with 75% panels
open exhibits the worst results. If the assumption was based on the results from the
discrimination test it could indicate that when the setup was set as reference signals
then it could be mistakenly chosen as 50. The same situation appears in the case of
25 as discrimination between 50 and 25 also seems to be raised little difficulties. Only,
the recognition between 25 and 75 should be clear and do not cause any difficulties.
However, the results show that one configuration was mistakenly identified as the
other.

The confusion between all configurations was presented in confusion matrices.
Although, as shown, the mistakes in overall results do not exceed 10%, which does
not give much information. Much more can be seen in the results of participant no.
15, whose performance was the worst during the recognition task. The error matrices
with these results are presented in Figure 22. Based on the presentation, the most
confusion occurred when the reference room configuration was 75. In the "same"
condition that is the only case as the other two setups have perfect scores and were
not mistaken with any of the alternatives. The 75 is confused the same way with
both 25 and 50 configurations. In the case of the "diff" condition, the confusion is
more visible. In this case, 75 has the most correct answers (67%) while 25 and 50
were answered correctly in half on cases.

(a) "Same" condition (b) "Diff" condition

Figure 22: Confusion matrix of the recognition test for TS15 (participant no. 15).



54

In both listening tests, the most problematic pair of room configuration is the
50–75 combination. This pair was assumed to cause the greatest confusion based
on the reverberation parameters of each setup (EDT and T20), speech clarity (C50)
and centre time (Ts). The problem with the pair 25–50 occurred as well, which
according to the parameters could be a cause of IACCE. These assumptions partly
correspond to the answers given by the participants in the questionnaire. Most
subjects stated that reverberation time was the attribute taken into consideration
while discrimination or recognition trials. For some of the listeners, it was the only
one they focused on, therefore it can be claimed that the reverberation was the most
distinctive aspect, maybe even too obvious, what resulted in the high simplicity
of the task. According to some participants, the coloration of the signal had an
influence during discrimination or recognition task. Two of these subject named
it as the modulation of signal, which characterizes one of the room configuration.
Therefore, it could be the cause of clear differences between all configurations, what
resulted in a high simplicity of both tasks. Three participants pointed to width as the
attribute they based their answers on. The perceived width corresponds to the early
reflection parameter (JLF ) and according to Bradley et al. [67] the speech perception
is more sensitive to early reflections, because of their influence on improving speech
intelligibility, than the music signals, which perception and enjoyment are based
on lateral energy. This parameter, though, is not that distinctive as according to
Figure 9, it has the same value for room configurations with 50 and 75% of panels
open and is withing JND for the third setup. The overall simplicity of the whole
experiment, both discrimination and recognition tests, could be based on the lateral
energy (JL). The differences in the parameter between the room configuration are so
distinctive that the participants could hear that was "on top" of the speech signals,
which means the room setup itself. The direct–to–reverberant ratio also shows the
differences between the configurations. They are not as distinctive as in the case of
JL, but the spatiousness was mentioned by participants in the questionnaire as one
of the features on which they based the discrimination/recognition. Therefore, these
differences could be the reason of task simplicity.

One can wonder if a signal itself had an influence on the recognition. It can be
argued that speech is one of the most common signals for a human listener. It is a
signal regularly heard in everyday life. Human ear anatomy confirms that claim, by
the fact that human hearing is the most sensitive for the frequency range associated
with speech. According to the so-called "Cocktail Effect Party" human hearing is also
trained for retrieving and perceiving the speech from any other signals (noise) [68].
This information supports the assumption that speech is one of the easiest signals
for sound perception and could be heard "on top" of different attributes. It could
influence the difficulty level of the experiment making it much easier. It can be also
visible in the research [6], where the success rate of room identification using speech
signals was higher than while using music stimuli. One of the features of the speech
signal is its composition. Especially if there is a consideration around the same
language. The speech is composed of vowels and consonants which are characterized
by specific spectra and are the same for every speaker. This could be one of the
features which make speech signals such a trivial case. According to participants,
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some consonants of human speech were the attributes that allowed the recognition
or discrimination of the room configuration, especially the sound of consonant "s"
for different speakers. Additionally, speech is a signal containing a large amount of
silence because of the breaks appearing between the separate words, oppositely to
music or constantly continuous signals. This causes a different perception of speech
and could be also a reason for the simplicity of the task.

The experiment was designed to be relatively easy, as testing listeners with
little and no acoustic background was one of the conditions for the experiment.
Unfortunately, the current pandemia did not allow for gathering a larger group of
inexperienced participants. The test group of participants consisted of only 23.5% of
the subject from outside the Aalto Acoustic Laboratory and did not have an acoustic
background. Based on the score of TS15 it can be assumed that a larger group of
participants without any connection to the acoustic field could change the overall
results and show if room recognition for the "ordinary" person is problematic even in
the simple case.

The subject of room recognition using different signals is still new in the acoustic
field and can be widely researched. This thesis focuses on the recognition of different
configurations of the rectangular room excited with the speech signals. It is an
expansion of the knowledge in the subject gather by Kuusinen et al. [11] using
concert halls and music. Nevertheless, much still can be studied. The thesis uses only
one room, which narrows the research to only one shape of the space with different
acoustics created by the absorption panels setups. Therefore, the study could be
expanded to different rooms. Including different spaces could differ the outcome of
the experiment. The results of [10] showed that in the case of concert halls with
different shapes and speech signal the recognition of the shape was slightly above
the 25% chance level. Therefore, maybe the variety of shapes in the case of small
rooms could increase the difficulty of recognition. Already testing configurations of
panels that result in very similar acoustic conditions could change the difficulty of
the task. There are infinitive possibilities of rooms combinations. As far as mixing
rooms significantly different in aspect reverberation from each other has no sense.
It is confirmed by using mainly reverberation time as a recognition/discrimination
attribute, the combination of parametric similar rooms could show interesting and
surprising results.

The second major decision in the experiment design that has to be made is used
signals. The experiment conducted in the thesis used only speech signals. The study
could be expanded with the usage of different signals. Even with speech signals,
there are already more variations possible. One can wonder if different language
could also influence the recognition of the configurations. It could be broadened with
various music signals, not necessarily "appropriate" for space. As far as a concert
and instrumental music (violin) were used in concert halls recognition as these are
signals most commonly used in the spaces, Greif [10] showed that using different
than classical music signal, in this case, speech, can also be applied. Various types
of music could have a different experiment outcome.
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7 Conclusion
This thesis aimed to examine the ability to recognize acoustics of a rectangular

room using different speech stimuli. It focused on determining if the recognition
based on the same stimuli is easier than when it is based on the different excitation
signals. The work also aimed for analyzing if different genders of speaker have an
influence on the difficulty of the task.

The listening experiment was designed to achieve the goal of the thesis. The
experiment was based on the listening tests using auralizations rendered with speech
signals and IRs created using the SDM method. Firstly, three of the five original
configurations of the room with adjustable acoustics were chosen based on the
examination of their objective parameters as well as trial auralizations. Then, the
spatial impulse responses were created and convoluted with the chosen 36 anechoic
speech signals to create the samples used in the experiment.

The experiment consisted of two phases. The screening phase, conducted as
pure-tone audiometry, and the testing phase. The screening was included to establish
if the participants have a normal hearing threshold. The second phase consisted of the
discrimination and recognition tests as well as the questionnaire. The discrimination
test was implemented for examining participants abilities to discriminate a room setup
different than others and the recognition test was utilized to determine the ability to
recognize the configurations using speech signals with "same" and "diff" conditions.
Lastly, the questionnaire was filled by participants to gather more information about
and attributes used for discrimination or recognition of the room setups.

Finally, the results of the experiment were analyzed and discussed. The screening
phase did not exclude any of the participants and all of them participated in the
testing phase of the experiment. The participants have different levels of listening tests
experience and different educational background. The results of both discrimination
and recognition test were much above the 33% chance level, which showed that both
tests were easy for both subjects with music or acoustic education and experience
and the ones without it. Even though the tasks were easy, the recognition of the
room configurations in the "diff" condition appeared to be significantly harder than in
the "same" condition, especially in the situation when acoustics, characterized by the
parameters, was similar. Challenges with similar room setups were firstly exhibited
in the discrimination test, where the pair of the most similar configurations (50–75)
appeared to be considerably harder than the other two. The highest difficulty was also
confirmed by the test subject who all stated in the questionnaire conducted after the
listening tests that the condition with different signals was harder than the usage of
the same one. The same questionnaire confirmed as well the findings of reverberation
being the most considered attribute while discrimination and recognition of the room
as mostly every participant pointed to it. Moreover, some of them stated that it was
the only one they based their choices on.

The study also analyzed the influence of the difference in a speaker gender on
the test difficulty. This topic did not get a clear conclusion, as according to obtained
results, the gender differences did not have a significant impact on the discrimination
test. However, the recognition test indicated a significant difference for the same
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and different gender speaker used in the "diff" condition. The case cannot be also
confirmed by the subjective opinions of test subjects as the questionnaire answers did
not state unanimously the gender diversity influence. For some participants, gender
diversity was a more difficult case, while for others this condition do not matter.

The experiment can be claimed to be successful based on the obtained results.
The thesis confirmed the findings from [11] about the significant difference between
recognition of room acoustics with the same and different stimuli signals. At the same
time, it showed that using the auralizations of speech signals with a simple-shaped
rectangular room is a relatively easy case, opposite to recognition of shape form using
a combination of speech and concert halls virtualization [10]. The study showed
that reverberation, similarly to [11], is the most perceived attribute in the case of
recognition and confirmed the findings also that is mostly perceived in the speech
signal cases. The thesis broaden the knowledge about room recognition and underline
that there are more research possibilities.
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A Data Usage Agreement

 

I understand that my participation in the research is completely voluntary and that I have the 
right to discontinue my participation at any stage. I have understood that the research data 
is gathered for the purpose of scientific research / thesis work in the public interest purposes 
only, but that I have right to my own data in compliance with the GDPR. I acknowledge that I 
have received the information necessary to make an informed decision about my 
participation in the research, have had my questions answered, and agree to volunteer as a 
research subject. I am an adult (over 18 years old) and agree to take part in this study. 

 

………………………………….             …………………………………. 

     Date and place                         Signature  

 

 

 

 

  

Figure A1: Data Usage Agreement document used in the experiment.
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B Experiment instruction

EXPERIMENT INSTRUCTION 

 

Welcome and thank you for taking part in this experiment! 

The experiment contains 3 parts:  

1. Audiometry test 

2. Discrimination test 

3. Recognition test 

 

Audiometry test is taken to determine if you do not have any major elevation in hearing threshold. 

 

There is no time limitation during the listening tests. You can take as long as you need to take the test, 

as well as unlimited attempts to listen to the samples. 

In both tests, you will listen to 36 trials, where you will hear both female and male speech signals. 

Remember to answer all the questions as there is no possibility to come back and answer them later.  

The test consists of “Playback” field (to play the signals) and “Response” field (to register your answer). 

While clicking on one of the buttons in the “Playback” field, the signal will play in the loop, so use the 

“Stop playback” button located in the left bottom corner of the test window to stop replaying the 

sample. 

After picking one of the answers in the “Response” field, use the “Next” button located in the right 

bottom corner of the test window to proceed to the next trial. 

After finishing all the trials a completion message will appear in the test window. 

 

The discrimination test:  

You will have 3 possibilities (“A”, “B” and “C”). 

Your task is to choose ONE, that is different from the other two in terms of room acoustics.  

All the trials consist different signals - different text/speakers – DON’T TAKE IT INTO CONSIDERATION 

AS DIFFERENCES – the only things considered as differences are the ones indicating the acoustics of 

the room (e.g. if you think that one answer has more reverberation). 

After finishing the differentiate test, the recognition test will take place. 

 

The recognition test:  

The test consists of a reference signal (“REF”) and three answers (“A”, “B” and “C”). 

Your task is to choose ONE, that is the same as the reference in terms of room acoustics.  

Similarly to the previous test, you will hear the reference signal and the answers that are different 

(different text/speakers), but DON’T CONSIDER IT AS DIFFERENCE. Focus on the room acoustics 

feature as e.g. reverberation – which answer matches the reference. 

 

After the finished experiment, I will ask you to fill a short questionnaire. 

 

Good luck!        

Figure B1: Instruction about the procedure of the experiment.
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C Questionnaire

RECOGNITION EXPERIMENT QUESTIONNAIRE  

 

GENDER 

 

AGE 

 

1. Do you have any experience regarding listening tests? Mark with X. 

 

 

         I have no experience                I have some experience                    I have vast experience 

 

2. In your opinion, how difficult you consider the test on scale 1 – 5 (1 – very easy; 2 – easy;  

3 – not easy not difficult; 4 – difficult; 5 – very difficult)? Mark wit X. 

 

 

1       2            3                 4                       5 

 

  

3. On what kind of attributes did you focus while trying to match the answer to the reference or 

discriminate the sample (e.g. reverberation etc.)? Describe with your own words. 

 

…………………………………………………………………………………………………………………………………………………………… 

…………………………………………………………………………………………………………………………………………………………… 

…………………………………………………………………………………………………………………………………………………………… 

 

4. In your opinion, were the trials with the same signal easier to recognize that the ones with different 

ones? If yes, what kind of features of the signals had an influence on the difficulty? Does the task 

seem more difficult if speakers are of different gender (female - male) than when they are of the 

same (female – female or male – male)?  

 

…………………………………………………………………………………………………………………………………………………………… 

…………………………………………………………………………………………………………………………………………………………… 

…………………………………………………………………………………………………………………………………………………………… 

…………………………………………………………………………………………………………………………………………………………….  

 

Figure C1: Questionnaire used in the experiment.



67

D Scripts
Some of the scripts that was used to achieve the goal of the thesis have been

uploaded to GitHub and are available in the public repository "Master Thesis Project"
under the URL address:

https://github.com/Zuza-D/Master-Thesis-Project

https://github.com/Zuza-D/Master-Thesis-Project
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