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Abstract

In recent years, spatial audio became more and more relevant for consumer applica-
tions such as immersive multimedia playback and video games. Thereby, an ongoing
challenge is to authentically reproduce the spatial auditory impression of acoustic
spaces. In this context, it has not yet been investigated how accurately the vertical
positions of early reflections need to be reproduced in order to result in a plausible
spatial room impression.

The aim of this thesis is to evaluate the ability of the human hearing system to
distinguish between early reflections with different elevation angles as well as to
quantify the auditory differences caused by changing an early reflection’s elevation.
Therefore, impulse responses of an isolated ceiling reflection were measured and,
in combination with spatial impulse responses of two different rooms, used to per-
form both loudspeaker- and headphone-based listening experiments. The results
of these experiments show that changing an early reflection’s elevation angle can
lead to clearly perceivable differences depending on the reflection strength, the re-
flection position, the change in elevation, the acoustic environment and the source
signal. Thereby, the loudspeaker based reproduction method with custom HRTFs
resulted in larger perceived spatial differences than the headphone based method
using generalized HRTFs. Furthermore, it was found that the change in interaural
cross-correlation caused by altering a reflection’s elevation angle is strongly related
to the amount of perceived spatial differences.

The outcomes of this thesis suggests that, under certain conditions, the vertical
positions of early reflections need to be reproduced in order to achieve an authentic
spatial room impression. On the other hand, it was shown that compressing all
elevated reflections of a spatial room impulse response to the horizontal plane does
not result in perceivable differences if the SRIR is sufficiently diffuse and does not
contain pronounced ceiling reflections.

Keywords: spatial audio, auditory perception, psychoacoustics, elevated reflections,
spatial decomposition method, room acoustics, spatial impulse responses, loud-
speaker array, microphone array, direction of arrival
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1

Introduction

Since the middle of the last century, stereophonic sound reproduction is the standard
for consumer audio applications and for a long time, surround sound systems could
only be found in cinemas and ambitious home theaters. However, in recent years
more and more consumer products like soundbars or even desktop computers imple-
mented multi-speaker setups that promise some kind of immersive audio experience.
Simultaneously, headphone based spatial audio reproduction gained in relevance as
virtual reality headsets, headphones with integrated tracking systems and game con-
soles with binaural audio support became accessible to the mainstream consumer
market. Thereby, one ongoing challenge is to plausibly reproduce the spatial audio
impression of real or simulated acoustic spaces. I.e. for video games, it is desirable
that the sound scene a user perceives via headphones matches the environment sim-
ulated in the game, including an authentic spatial reproduction of all sound sources
and room reflections.

In order to reproduce such a sound field at a specified position in a room for an
arbitrary source signal, the room’s impulse response, i.e. the transfer path from a
source position to a receiver position, has to be measured or simulated. For monaural
or stereo applications, this procedure is rather simple and can be conducted by
measuring the room response with one or two microphones. For spatial audio on
the other hand, not only the time and frequency structure of the room response
but also the exact incident directions of different room reflections are important.
Such a spatial room impulse response can be measured with a microphone array,
consisting of four or more microphones. Depending on the used processing method,
a general rule of thumb is that a high spatial resolution of such a measurement
requires a large number of microphones which is cost, processing and, depending on
the measurement method, also time intensive. Thereby, one unanswered question is
how accurately the spatial impulse response of a room has to be measured in order
to authentically reproduce the acoustic impression at a listener position. From the
current state of research in this field it is, to the author’s best knowledge, not
evident whether or not the exact elevation angle i.e. the vertical position of an early
room reflection influences the spatial auditory perception and if humans perceive a
difference when changing the original elevation of such a reflection. As the human
detection accuracy for a change in elevation of a sound source is not as precise as
the detection of a change in lateral displacement [1, Sec. 2.1}, one could assume that
the vertical resolution of a spatial room impulse response does not have to be as
accurate as the horizontal resolution in order to achieve a plausible room impression.
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In practice, this aspect is relevant since accurately determining the elevation an-
gle of a reflection requires a three dimensional microphone array and thereby a
significantly larger number of microphones than e.g. using a two dimensional mi-
crophone array which results in a decreased vertical localization accuracy. Recently
developed microphone arrays such as the far-field equatorial array [2] follow this
approach by assuming only horizontally-propagating sound fields and hence using a
two dimensional, circular microphone arrangement which leads to a significantly re-
duced number of required microphones at the cost of compressing all elevated sound
sources to the horizontal plane.

Motivated by the question if such a spatial compression of elevated reflections leads
to noticeable auditory changes, the scope of this thesis was set to investigate under
which conditions humans perceive a difference when altering the elevation of an
early room reflection. Thereby, the objective was not to obtain precise detection
threshold values but to rather gain fundamental insights on the elevation dependent
auditory perception of early reflections which can then be used to estimate under
which conditions an accurate spatial reproduction of elevated reflections might be
required.

While this seems to be a rather fundamental psychoacoustic question, not much
literature on this specific aspect of spatial hearing was found. In the last decades,
several authors investigated the perceptual effects of isolated ceiling reflections on
parameters such as localization accuracy [3], auditory envelopment [4] as well as tim-
bral [5] and spatial aspects [6]. Recently, publications such as [7], [8], [9] and related
work by the same authors evaluated different perceptual aspects of vertical reflec-
tions, often in a ‘listening for entertainment’ context based on three-dimensional
loudspeaker reproduction systems such as Dolby Atmos and Auro 3D. Thereby,
the authors of [7] used a listening experiment setup consisting of two loudspeakers
in a semi-anechoic space whereby one of the loudspeakers was elevated to electro-
acoustically simulate an early ceiling reflection. This setup is, in its fundamental
idea, quite similar to the loudspeaker based listening experiment performed in this
thesis. However, while [7] evaluated perceived spatial and timbral differences as well
as preference for different musical stimuli and speech, only cases with and without
added ceiling reflection were compared to each other and it was not evaluated how a
shift of the elevated reflection down to the horizontal plane affects the auditory im-
pression. To the authors best knowledge, none of the previously performed studies
actually investigated the effects of altering the elevation of an early room reflection.
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Theory

2.1 Fundamental Principles of Spatial Hearing

The purpose of this section is to introduce the fundamental auditory concepts rel-
evant in the context of this thesis. Naturally, this introduction can only present
a mere fraction of the continuously growing state of knowledge on spatial hearing,
more detailed insights can be obtained from relevant literature such as [1], [10] and
[11].

2.1.1 The Auditory Space

Frontal Plane

Median Plane

Back
Azimuth = 180°
Elevation = 0°

Front
Azimuth = 0°
Elevation = 0°

Horizontal Plane

Figure 2.1: Head-related coordinate system which describes a source position by its
azimuth angle, elevation angle and distance r relative to a listener’s head
center.

In order to describe the position of a sound source relative to a receiver position,
it is common to use a head-related coordinate system as shown in Figure 2.1 which
describes a source position by its azimuth and elevation angle in degree as well as
its distance r. Thereby, the origin of the coordinate system is defined as the center
between the upper margins of the two ear canal entrances [1, Sec. 1.3]. Since there
are different symbols commonly used for azimuth (e.g. ¢ or #) and elevation (e.g. J),
this thesis just uses the written out terms in order to avoid confusion. In addition to
the spherical coordinates describing a source position, three different planes which
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are orthogonal to each other and intersect at the origin allow to further classify the
auditory space. While different authors use different terms for those planes, this
report defines them as median, frontal and horizontal plane as proposed by [1] and
shown in Figure 2.1.

2.1.2 Human Sound Source Localization

a) Left Ear, Elevation 0°  b) Right Ear, Elevation 0°  ¢) Left Ear, Azimuth 0° d) Right Ear, Azimuth 0° 0
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Figure 2.2: Normalized magnitude spectra of KEMAR HRTF set [12] for source
positions on the horizontal plane (a and b) as well as for source positions
on the forward median plane (¢ and d).

The human ability to localize a sound event in the auditory space relies on attributes
of the sound waves arriving at both ears, so called auditory cues. Those cues can
generally be divided into two groups i.e. attributes that differ between both ears,
so called interaural cues such as interaural time or level differences, and attributes
that affect both ear signals in the same way, so called spectral or monaural cues.

The fundamental mechanism responsible for the generation of those directional cues
is the anatomy of the human head, torso and outer ear which alters a sound wave
depending on its incident angle. E.g. a sound wave arriving from the left side reaches
the right ear later and with less amplitude compared to the left ear. Additionally, the
wave bends around the head and pinna which leads to spectral differences between
both ears. A sound wave originating from the median plane on the other hand, i.e.
with zero azimuth and a certain elevation, reaches both ears with the same level and
at the same time. Assuming a symmetric head anatomy, the spectral modifications
due to interferences caused by the outer ear, sound waves bending around the head,
reflections from the torso etc. are also identical. In this case, the perception of
elevation only relies on monaural cues which means that the human brain is able
to recognize certain spectral characteristics of the sound arriving at both ears and
assign those spectral cues to a perceived elevation. In general, those monaural cues
are not as robust as interaural cues which means that the human ability to perceive
changes in the elevation angle of an auditory event is lower than for changes in
azimuth angle [1, Sec. 2.1]. However, interaural cues alone are not sufficient for a
reliable discrimination of the front and back location of a sound source as well as its
elevation [10, Sec. 5.1]. Without any spectral information, the interaural cues yield
in a so called “cone of confusion”, which describes all possible sound source position
that have the same distance to the left and right ear and therefore result in similar
interaural differences [1, Sec. 2.5]. This effect can be observed in Figure 2.3, where

4
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both the interaural level difference (ILD) and interaural time difference (ITD) are
very similar in a specific cone shaped region centered at £ 90° azimuth angle and
0° elevation. This means that the key for the human ability to accurately localize a
sound source is the combination of interaural and spectral cues as well as dynamic
cues caused by head movements [13]. Thereby, the smallest difference in a specific
attribute such as azimuth or elevation of an auditory event that is required to result
in a perceived change of the sound localization is referred to as localization blur.
As comprehensively described in [1, Sec. 2.1], this localization blur is not only
dependent on the source’s azimuth and elevation angle but also on source signal
attributes such as frequency spectrum, level, distance and time structure.

A common approach to describe the modifications of sound waves arriving from
different incident angles caused by the human anatomy is to measure or simulate
the transfer path from an arbitrary source position to the entry points of both ear
canals. This transfer path can be modelled as LTI system with a certain frequency
response function which is referred to as head related transfer function (HRTF) and
with a finite impulse response referred to as head related impulse response (HRIR).
A HRTF can be obtained from measurements with an artificial head which is a
manikin that, depending on the specific model, mimics the shape of the human
head, outer ears and torso and contains two microphones placed in its ear canals.
The artificial head used for all measurements in this thesis is a KEMAR model from
GRAS Sound and Vibration as shown on the cover page as well as in Figure 3.1b.
Instead of using artificial heads, HRTFs can also be measured by placing small
microphones in a subject’s ear canals or by using approaches such as the boundary
element method (BEM) in order to simulate the transfer paths numerically. One
important distinction in the context of HRTFs is whether a custom HRTF set was
individually measured for a subject or if a standard HRTF, e.g. obtained from an
artificial head which not necessarily fits to a subject’s specific anatomy, is used. The
latter one is referred to as generalized HRTF and has the downside that, due to
inconsistencies between the generalized HRTF and the subjects individual HRTF,
both spectral and interaural cues might not be accurate for the specific person. As
the spectral cues are not as robust as the interaural cues, one common effect of
generalized HRTFs is a degradation of the localization accuracy for elevated sources
[14].

Figure 2.2 shows an example HRTF set obtained from placing a KEMAR head in
an anechoic environment and measuring the transfer paths from different source
positions placed on a sphere surrounding the head with 1° x 1° resolution [12].
Thereby, plots a and b show the left and right ear HRTFs for source positions on
the horizontal plane and plots ¢ and d visualize the left and right ear HRTFs for
source positions on the forward median plane. When comparing plots a and b to
each other it becomes obvious that, for sources on the horizontal plane i.e. with 0°
elevation and varying azimuth angles, the left and right ear HRTFs differ significantly
from each other except from the 0° and 180° azimuth positions where the source is
centered in front or behind the head. This observation visualizes the previously
introduced concept of interaural localization cues: if a sound wave impinges from a
lateral incident angle, the time of arrival, level and spectrum differs between both
ears. Due to the, to some extend, symmetrical human anatomy, the left and right
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ear horizontal HRTFs resemble mirrored versions of each other.

For sound sources on the median plane, i.e. at 0° azimuth angle with varying ele-
vation, the left and right ear HRTFs are almost identical as shown in Figure 2.2¢c
and d. However, the HRTFSs for both ears change with the elevation angle, those
spectral changes which affect both ear signals in the same way are referred to as
monaural localization cues.

2.1.3 Interaural Difference Measures
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Figure 2.3: Absolute values of ILD, ITD and maximum normalized IACC calculated
for KEMAR free field HRIR set.

A binaural sound scene such as an artificial head recording or a simulation obtained
by filtering a source signal with a set of HRTFs can be analyzed regarding its inter-
aural differences by comparing the two ear signals to each other. The most common
measures for interaural differences are the interaural level difference (ILD), the in-
teraural time difference (ITD) and the interaural cross-correlation (IACC), which
will be briefly described in the following. Figure 2.3 shows the directional distribu-
tion of those three parameters calculated for the KEMAR HRIR set. Comparing
those three parameters for different elevation angles on the median plane, i.e. at
0° azimuth angle, it becomes clear that interaural cues alone are not sufficient for
an accurate sound source localization as all three parameters stay almost constant
regardless of the elevation angle.

2.1.3.1 Interaural Cross-Correlation (IACC)

The interaural cross-correlation is a measure for the similarity of the two ear signals.
The normalized IACC, which will be used in the following, can be calculated from
the left and right ear signals y(t) and y,(t) as

TACC o (7) = ftto—ooo w(t) - ye(t +7)dt _ yl(t)i/r(tj‘ 7) (2.1)

VIS o up ) dt - 22 2 (1) dt b 5

[10, eq. 2] [1, eq. 3.1], where 7 is a lag parameter which is used to compensate a
frequency independent delay between the both signals. g and g, denote the RMS
values of the left and right ear signals. Thereby, the two signals can be considered as
identical regarding their IACC if max(|IACCyom(7)|) = 1, which is the case as long
as both ear signals do not have frequency dependent level or phase differences to
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each other. L.e. a frequency independent level difference or delay between y, and y,
does not influence the maximum of the normalized IACC. In this case, some authors
also refer to “coherent” signals [1, p. 202]. The lag 7 for which the normalized IACC
reaches its maximum can be considered as the overall delay between the two signals.
As shown in the left plot of Figure 2.3, the maximum of the normalized TACC for a
set of free-field HRIRs is almost independent of the elevation angle at 0° and 180°
azimuth angle. This is expected since the human anatomy is relatively symmetric
on the median plane hence the left and right ear signals are very similar independent
on the elevation. For source positions which do not lie on the median plane however,
the maximum of the normalized TACC varies both with azimuth and elevation angle.

In room acoustics, the TACC is also associated with the apparent source width
(ASW), which describes the perceived audible impression of a spatially extended
sound source. Thereby, the perceived apparent source width was found to be higher
the less correlated the two ear signals are hence a large ASW value corresponds to a
low IACC. Other room acoustic properties such as early reflections before 100 ms also
increase the ASW [15]. Additionally, the interaural cross-correlation calculated for
the 500 Hz, 1000 Hz and 2000 Hz octave band was found to be significantly negatively
correlated to the perceived listener envelopment (LEV) of a concert hall [16], since
more reflections in a room lead to a reduced TACC which makes the primary auditory
event appearing more diffuse and more spatially extended [1, p. 280]. This can
be considered as relevant in the context of this thesis since a difference in TACC
between two stimuli with different elevated reflections could indicate a change in
the spatial perception and several studies have shown that the auditory system can
be remarkably sensitive regarding IACC changes [17][18].

2.1.3.2 Interaural Level Difference (ILD)

The interaural level difference describes the sound pressure level difference between
the two signals of a single sound source arriving at both ears and can be calculated
from the RMS values of both ear signals ¢ and 3, as

ILD = \201og10(?)| . (2.2)
Thereby, a change of ILD causes a lateral displacement of an auditory event. This is
the fundamental concept behind techniques such as stereo amplitude panning, where
a sound source gets positioned on the horizontal plane by sending it with different
levels to the left and right loudspeaker or headphone channels. While an auditory
event on the median plane causes almost no level differences between both ears, both
the sound pressure decrease over a longer distance as well as the shielding of the head
itself cause the signal arriving at the ear facing the sound source to have a higher
amplitude than the signal arriving at the other ear. This effect is shown in Figure 2.3
where, depending on the azimuth angle, the ILD under free-field conditions reaches
up to 26 dB at an azimuth angle of approximately 90°.
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2.1.3.3 Interaural Time Difference (ITD)

The interaural time difference specifies the overall difference in time of arrival be-
tween the left and right ear signals of a single auditory event. While there are several
approaches to calculate the ITD from HRIR data or binaural recordings described
in literature, such as onset time difference or temporal moment of maximum corre-
lation, none of them can be considered as ‘ground truth’ [19]. The approach used
for the I'TD results shown in the right plot of Figure 2.3 simply analyzed a low pass
filtered version of the HRIR regarding the lag 7 that leads to a maximum normalized
TACC following

ITD = arg max (|[IACC,0rm (7)]) - (2.3)

Similar to the ILD, the interaural time difference is responsible for the perception
of lateral displaced auditory events whereby nowadays, most of the authors on this
subject agree that the ITD is in fact the most important attribute for perceived
lateral displacement [1, p. 141]. As described earlier, analyzing just the interaural
time difference does not allow an accurate elevation or front to back distinction since
there are concentric areas with an identical ITD value centered around the + 90°
azimuth and 0° elevation position as shown in Figure 2.3.

2.1.4 Spatial Perception of Reflections

So far, all described aspects of spatial hearing primarily assumed free field conditions,
i.e. a single sound wave arriving at the receiver position from one incidence angle.
However, in practice it is more likely that even a single sound source emits sound
waves that reach a listener’s ears from different directions and with different delays
due to room reflections. Nevertheless, when placing a sound source in a room that
fulfills certain acoustic requirements the listener still localizes the sound source at
only one position, even though the sound arriving at the listener position contains
signals from multiple image sources with different locations. This phenomenon can
be explained by the precedence effect, also known as the law of the first wavefront
[1]. Thereby, one can distinguish between three different scenarios:

If the delay between a reflection and the direct signal is smaller than approximately 1
ms, a fusion of both sounds to a single auditory event occurs. Thereby, the perceived
location of this single event depends on the delay between the two signals, the larger
the delay between direct and reflected sound the more the perceived location shifts
towards the position of the sound source. This effect is also referred to as summing
localization [10, p. 3.

If the delay between direct and reflected sound is bigger than 1 ms but smaller than
the so called echo threshold, the precedence effect occurs. This means that again,
both sounds are fused to a single auditory event but, opposed to the previously
described scenario of a delay below 1 ms, the direct sound has the localization dom-
inance over the reflection in this case hence the auditory event is mainly perceived
from the position of the direct sound source. While the reflection is not perceived
as a separate sound source, it still contributes to the overall impression of the au-
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ditory event as it leads to a change in volume, can cause spectral changes due to
interferences between both signals also referred to as coloration and it results in an
increased perceived spaciousness [10, p. 3]. Thereby, two significant effects in the
context of binaural listening are the binaural decoloration and binaural dereverber-
ation, which describe the ability of the human auditory system to both compensate
for the coloration and increased reverberation caused by early reflections. A simple
example for these effects is that both the perceived reverberation and coloration of
an auditory event containing a direct signal as well as reflection are clearly larger
when plugging one ear than when listening to the signal with both ears [10, pp. 4,
362]. This observation is particularly important for the experiments performed later
in this thesis as, due to the binaural decoloration, the perceived difference in timbre
between two auditory events with reflections at different elevation angles is likely
to be compensated by the listeners auditory system. Without any form of com-
pensation, an elevated reflection would always sound different in timbre than a non
elevated reflection due to the different HRTFs applied for both cases.

Lastly, if the delay between direct sound and reflection exceeds the echo threshold
the reflection is perceived as echo i.e. as a separated auditory event with a different
apparent location than the direct sound. The exact value of this echo threshold is
strongly dependent on the source signal, e.g. for short impulses it can be only 1 ms,
for a continuous speech signal it is approximately 50 ms and for classical music it
can reach up to 80 ms [10, p. 3|. Besides the overall delay time and the type of
source signal, the echo threshold also depends on other parameters such as volume.
E.g. for a speech signal with a reflection delay less than 32 ms, the reflection level
can even be up to 5 dB higher than the source signal without becoming an audible
echo [1, p. 226]. This effect was firstly described by HAAS in 1951 and is therefore
also known as “Haas effect”. However, it is still a subject of discussion how these
fundamental effects occur in a diffuse sound field depending on the spatial position
of a reflection. Additionally, the presence of other reflections i.e. the reverberation
time of a room influences whether or not a particular reflection is perceived as echo.
In general, additional reflections between the primary sound and a specific reflection
decrease the likeliness of this particular reflection becoming audible due to masking
effects [1, p. 274].

2.2 Spatial Room Impulse Responses

In order to simulate reflections with varying elevation angles in a realistic diffuse
field scenario, the sound field at a specific position in a room for a given sound
source location can be reproduced by measuring and processing so called spatial
room impulse responses.

Assuming that a room or any other system is linear and time-invariant, the system’s
behaviour can be modeled in time and frequency domain by determining its impulse
response (IR). Thereby, a room impulse response (RIR) describes the transfer path
from a specific source position to a specific receiver position including all occurring
room reflections. If a RIR is measured with a single omnidirectional microphone, i.e.
all reflections are summed with the same weight regardless of from which direction
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they are arriving, one also refers to a pressure room impulse response (PRIR). Such a
pressure room impulse response does not contain any spatial information besides the
individual reflection path lengths. A spatial room impulse response (SRIR) on the
other hand does not only contain the pressure over time signal found in a PRIR but
it also includes additional spatial information which can be used to map individual
parts of the pressure signal, i.e. individual transmission paths, to different incident
angles, so called directions of arrival (DOAs). In order to determine such an SRIR,
several pressure RIRs have to be measured at different, spatially distributed receiver
positions e.g. by using a microphone array consisting of different microphone posi-
tions arranged in a specific geometry. Thereby, at least four microphone positions in
a non-planar arrangement are required to explicitly determine the three-dimensional
incident vector of a sound wave arriving at the microphone array, the exact num-
ber of required microphone positions generally depends on the desired localization
accuracy. The optimum geometry of such a microphone array differs for specific
applications and signal processing methods used to obtain spatial information from
the measured set of spatially distributed pressure impulse responses. The SRIR
processing approach used in this thesis is the spatial decomposition method, which
will be described in the following section.

2.2.1 Spatial Decomposition Method (SDM)

The Spatial Decomposition Method (SDM) is a method to assign each sample of
a spatial room impulse response to an incident direction vector, which can also be
interpreted as decomposing the SRIR into a limited number of image-sources [20].

Therefore, impulse responses of a room have to be measured or simulated at different
spatially distributed positions, e.g. by using a microphone array. From this set of
PRIRs, the direction of arrival for each sample of a reference pressure RIR, which
can either be one of the array microphone signals or the signal from a separate
microphone placed in the center of the array, gets assigned to a direction of arrival.
This can either be achieved by using so called pseudo intensity vectors which use
the sound intensity at each microphone to determine the DOA, or by comparing the
time differences of arrival (TDOA) of the signal at each microphone position. The
latter approach is the method implemented in the publicly available SDM toolbox
[21], which was used as foundation for the SDM calculations performed in this
thesis. This directional information is then used to divide the original pressure RIR
into a subset of impulse responses for different sound incident angles. This set of
impulse responses can then either be used for a loudspeaker array based spatial
audio reproduction, i.e. by placing a number of loudspeakers around the listener
and assigning the SRIR for the corresponding source position to each loudspeaker,
or for headphone based spatial audio reproduction by convolving the SRIR for each
DOA with the HRIR of the corresponding incident angle. The fundamental concept
of the SDM method is visualized in Figure 2.4.
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Figure 2.4: Visualization of SDM method: A single channel pressure RIR gets de-
composed into a set of SRIRs for different incident angles i.e. virtual
playback loudspeaker positions by analyzing the spatial information ob-
tained from a set of microphone array signals.

2.2.2 DOA Estimation Using the Time Difference of Arrival
Method

A straightforward method to estimate the direction of arrival for each sample of a
spatial room impulse response is to analyze the time difference of arrival between
the different microphone signals. Therefore, the different microphone signals get sec-
tioned using a small analysis window and then cross-correlated in order to find the
individual delays that maximize the cross-correlation values between the windowed
sections of the different microphone signals. Thereby, the window length has to be
at least as long as the largest run-time difference between the different microphone
capsules. Assuming that only one broadband sound event arrives within an anal-
ysis window, the incident angle of this event can be calculated from the estimated
TDOAs and the known microphone positions using a least squares solution as de-
scribed in [20]. If multiple sound events arrive within the same analysis window,
the corresponding reference PRIR sample gets assigned to the DOA of the strongest
sound event within this window. Moving the window sample wise over the entire
SRIR results in a matrix containing the three dimensional DOA for each sample
of the spatial room impulse response. Optionally, a moving average filter can be
applied afterwards to smooth those DOAs in order to avoid a fixed sound source
changing its position over time due to the limited spatial resolution of this method
[22]. Since the echo density of an impulse response increases over time, the late
parts of an IR contain a large number of sound events per analysis window which
then result in randomly fluctuating DOAs for the diffuse parts of an SRIR.

2.2.3 DOA Quantization

Apart from limitations due to finite computational precision and sampling resolu-
tion, the previously described DOA estimation method can result in infinitely many
different DOAs. For a loudspeaker array based reproduction method however, the
amount of available playback loudspeakers is limited and hence those DOAs have
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Figure 2.5: Unquantized and quantized spatio-temporal visualization of “Big Hall”
SRIR on horizontal plane, calculated using the SDM Toolbox [21].

to be quantized to a finite number of loudspeaker positions. The same applies for a
headphone based reproduction, where the HRIR set only contains data for a limited
number of incident angles. An additional concern for headphone based rendering is
that using all the unquantized DOA information with a high resolution HRTF set
can result in a spread of specular reflections to multiple incident directions which
then leads to spatial and timbral distortions [22]. Therefore, the DOAs for a binaural
rendering often get quantized to a spherical array of virtual loudspeaker positions
such as a Lebedev grid. [22] showed that such a grid of 14 virtual loudspeaker
positions is sufficient for a plausible headphone based reproduction as no percep-
tual improvement was found when using more than 14 quantization positions on a
Lebedev grid.

A commonly used approach to quantize SRIRs is the Nearest Loudspeaker Synthe-
sis (NLS) method [23], which simply shifts each DOA to the nearest loudspeaker
position and thereby results in one single impulse response for each loudspeaker.
The sum of these individual impulse responses is equal to the original pressure RIR.
This approach was used for the SRIR calculations performed in this thesis and is
visualized in Figure 2.5, where the left plot shows the directional energy distribution
on the horizontal plane using unquantized DOAs while the right plot shows the same
SRIR quantized to eight loudspeaker positions on the horizontal plane.

An alternative approach to quantize a set of continuous DOAs to discrete loud-
speaker positions is the Vector Based Amplitude Panning (VBAP) method [24]
which, instead of mapping each DOA to the nearest loudspeaker position and thereby
potentially causing perceivable localization shifts, aims to keep each DOA at its orig-
inal position by assigning different amplitudes of it to the nearest three loudspeakers.
This approach is similar to classical stereo panning where a sound source is intended
to be perceived from a position between two loudspeakers gets assigned to both the
left and right loudspeaker with different gains. However, one downside of VBAP is
that it can cause a spread of single auditory events as, depending on the used loud-
speaker layout, a single sound source can appear from three different loudspeakers
and therefore might not be perceived from a single point anymore which leads to a
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reduced perceived clarity [23]. This is especially critical if the individual loudspeak-
ers have a relatively large distance to each other. Besides NLS and VBAP, there
are also more advanced approaches like virtual layout optimization [25] and density
based spatial clustering [26]. However, it was found that the NLS method produces
sufficiently adequate results for the purpose of this thesis.

2.2.4 SDM Equalization

Splitting a single pressure room impulse response into several IRs for different inci-
dent angles i.e. loudspeaker channels leads to a reduced impulse density per channel.
These decomposed SRIRs then often reassemble a sum of individual impulses rather
than a continuous signal which can cause clicking artifacts. Those wide band tran-
sients then result in an increase of white noise components which is also referred
to as spectral whitening. While these effects can partly be compensated by simple
low-pass filtering, a more advanced SDM post equalization method described in [23]
aims to correct these spectral changes by comparing the sum of the synthesized
SDM IR spectra to the spectrum of the original pressure room impulse response
for overlapping short-time Fourier-transform frames and thereby generating time
varying filters for each rendered channel. This is especially useful for a loudspeaker
based reproduction method with a limited amount of channels. For binaural render-
ing, the RT'mod method recently introduced in [22] equalizes the reverberation tail
by dividing the rendered BRIRs into fractional octave bands and modifying their
energy envelopes to match the original PRIR.

2.2.5 Spatial Audio Playback

In order to finally play back a source signal virtually placed in the measured room,
one can either use a loudspeaker based or a headphone based reproduction method.
For the loudspeaker based playback, the quantized and optionally equalized SRIRs
can be directly convolved with a source signal and the resulting N audio signals
can be played back through N different loudspeakers which should be placed at
the same angle relative to the listener as the DOA quantization positions. For a
headphone based binaural reproduction, the SRIRs get convolved with the left and
right ear HRIRs for the corresponding DOAs and are then separately summed up
for both ears. The outcomes of this summation are two IRs, one for each ear, which,
when convolving them with a single channel source signal and listening to the results
via headphones, auralizes the measured acoustic environment. This combination of
SRIRs and HRIRs is also referred to as binaural impulse response (BRIR), since
it approximates the impulse responses one would obtain when placing an artificial
head at the receiver position in the room of interest and measure the IRs from a
source position to the ear canal entry points of the artificial head. In this context,
the DOA quantization positions are also referred to as virtual loudspeakers.

2.2.6 SDM Limitations

Since its introduction in 2013, the SDM method gained popularity for spatial room
impulse response encoding due to its rather simple functionality in time domain
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and a publicly available Matlab implementation [21]. However, one fundamental
limitation of the SDM method is the assumption that the surrounding sound field
consists of a succession of broadband specular events and that direction of sound
propagation is the average of all sound waves arriving simultaneously at the mi-
crophone array. As the method assigns only one DOA to each PRIR sample, two
reflections arriving at the same time can not be accurately reproduced since they
are both mapped to the same DOA. Other methods like HO-SIRR overcome this
limitation by dividing a higher-order spherical harmonic input signal into different
directional sectors which are then analyzed separately [27]. An additional limita-
tion of SDM is that low-frequency signal components with wavelengths that exceed
the DOA analysis window are divided into separate temporal segments and might
thereby get assigned to varying incident directions based on the broad band DOA
estimation. This can lead to time-varying distortions as well as colouration of the
output signal which can be partly compensated by applying adaptive filtering [27].
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Methods

The foundation of this thesis are two different listening experiments of which the
first one used a loudspeaker based reproduction method in an anechoic environment
while the second experiment relied on a headphone based reproduction method with
generalized HRTFs. The following section describes the measurement and selection
process of the evaluated stimuli as well as the setup of both experiments and the
used data evaluation methods.

3.1 Simulations and Preliminary Experiments

Figure 3.1: Preliminary SDM measurement with microphone array (a) and BRIR
measurement with strong ceiling reflection (b).

In order to develop a meaningful listening experiment setup to evaluate the influ-
ence of changing a reflection’s elevation on the human auditory perception, several
preliminary experiments were performed. Thereby, the first step was to simulate
a single ceiling reflection using methods of geometrical room acoustics in Matlab.
Therefore, a simple setup with one direct path and one ceiling reflection path was
considered. The ceiling reflection was modeled by designing an IIR filter emulating
the absorption of a rough concrete surface in combination with additional all-pass
filters in order to simulate the reflection’s phase alterations. The reflection path
was attenuated following the inverse square law and delayed according to the cal-
culated run-time difference. The resulting two transfer path IRs were then summed
and convolved with HRIRs corresponding to the incident angle of the direct and
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the reflection path which yielded in a set of BRIRs for a simple binaural sound
scene with a direct sound source positioned in front of the listener position as well
a single ceiling reflection positioned at an arbitrary elevation angle. Convolving
these BRIRs with a source signal and listening to the results via headphones gave
an initial impression on the range of audible differences when comparing different
reflection elevation angles. Thereby, it was found that, depending on the level and
position of the reflection as well as the type of source signal, there are indeed per-
ceivable differences when changing the reflection’s elevation angle using a headphone
based reproduction with nonindividualized HRTFs. However, these differences were
in general not very pronounced which led to the conclusion that the actual listen-
ing experiments should be designed in a way such that even very small differences
between two stimuli can be identified.

While these initial simulations were a good starting point for this thesis, it is ob-
vious that a real ceiling reflection is more complex than delaying and filtering a
single copy of the source signal. Therefore, it was decided that the actual listening
experiment should be based on stimuli obtained from acoustic measurements rather
than simulations. In order to evaluate a useful way to measure and reproduce a
spatial room impulse response including a strong ceiling reflection, a series of pilot
measurements in a medium sized storage room with and without a 60 cm x 90 cm X
1 cm gypsum plate placed directly above the receiver position was conducted both
using an open microphone array consisting of six positions with a radius of 25 mm
as well as with a KEMAR artificial head. Both measurements setups are shown in
Figure 3.1. While the results of these measurements allowed to directly compare
artificial head or SDM rendered BRIRs with and without an early ceiling reflection
to each other, this approach did not allow to change the position or level of the ceil-
ing reflection except from manually modifying the SDM decomposed SRIR which
might lead to spatial and timbral degradations. Therefore, it was found that, for the
actual listening experiments, the elevated reflection should be measured separately
in an anechoic environment and then manually be added to a measured SRIR. The
exact procedure of these reflection measurements are described in Section 3.2.

One final question that had to be answered before conducting the actual listening
experiments was whether or not a headphone based reproduction method is suitable
for this purpose. Thereby, the main concern was that, as no custom HRTFs for the
participants were available and measuring them would exceed the scope of this thesis,
a generalized HRTF set had to be used for the binaural renderings which might lead
to a reduced localization accuracy especially for elevated sound sources [14]. In this
context, the easiest way to implement an experiment with individualized HRTFs is
to use a loudspeaker array based reproduction method. This eliminates the need for
any HRTFs applied to the stimuli as, when physically placing multiple loudspeakers
around the participant and assigning different sound sources to them, the listeners
automatically use their own HRTFs for the localization. In order to estimate if
such a loudspeaker based reproduction bears any advantages in the context of this
thesis, a multi-channel loudspeaker array consisting of five surround speakers and
one elevated speaker was set up in a listening room. By playing back several of the
previously measured stimuli via this setup it was found that the difference between
an elevated reflection and the same reflection mapped to the horizontal plane seems
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more perceivable using a loudspeaker based setup compared to a headphone based
reproduction with generalized HRTFs. In order to evaluate the difference between
both reproduction methods, it was decided to finally perform two listening experi-
ments, i.e. one using a loudspeaker array and one using a headphone based sound
reproduction. However, the previously described setup consisting of six loudspeakers
was not found to be very immersive and it was unclear in what sense the reflections
of the used listening lab distort the spatial perception of the stimuli. Therefore, it
was decided to use a larger number of speakers in an anechoic environment for the
actual loudspeaker based experiment as described in Section 3.5.

3.2 Ceiling Reflection Measurements

Measured IR
— — Truncated Reflection IR
— — Truncated Direct IR

pin Pa
o

(a) (b)

Figure 3.2: Reflection measurement setup (a) and obtained impulse responses (b).

While the simulations of a single ceiling reflection described in Section 3.1 were
sufficient for the preliminary experiments, it was decided that, for the final listening
tests, the elevated reflection should be as authentic as possible hence a real ceiling
reflection had to be measured.

Originally, it was intended to directly measure the SRIR of rooms modified to have
strong ceiling reflections i.e. by placing a reflecting plate above a receiver position.
However, during the preliminary experiments it became clear that measuring an iso-
lated reflection in an anechoic environment and then manually adding this reflection
to the SRIR of a real room allows more flexibility both in position and strength of
the reflection. Therefore, a 2.40 m x 1.20 m gypsum plate was mounted on a wooden
frame and installed in the anechoic chamber of the Division of Applied Acoustics as
shown in Figure 3.2a. The plate was centered 1.3 m above the receiver position with
an upwards tilt of approximately 12°. According to basic geometrical room acoustics
calculations, this results in a ceiling reflection with an elevation angle of approxi-
mately 84° when referring to the point on the plate where the incident angle equals
the reflection angle. The transfer path from a Genelec 8030 source loudspeaker to a
B&K Type 4190 free-field measurement microphone was measured using the sweep
deconvolution method [28] with a logarithmic sweep ranging from 50 Hz to 20 kHz
and 20 measurement repetitions. The microphone signal was pre-conditioned using
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a B&K Type 1708 signal conditioning amplifier which was set to a linear frequency
response, an Antelope Orion 32 audio interface was used to record the microphone
signal at 48 kHz / 24 bit and to output the sweep signal. In order to obtain a
delay compensated reference signal for the deconvolution, the sweep signal was fed
back to a second input of the audio interface. In addition to the single microphone
recording, the ceiling reflection was also measured using an open array consisting of
6 microphone positions as well as using a KEMAR artificial head at 360 different
azimuth angles as shown in Figure 3.2a. While those two additional measurements
were not of further interest for this thesis, they might be useful for related projects.
In order to obtain just the reflection path IR, the full IR was truncated and win-
dowed, as shown in Figure 3.2b. Thereby, the original delay between direct and
reflected sound (ca. 5 ms ~ 1.7 m path-length difference) was preserved by zero
padding the truncated reflection IR.

Using a single reflection measured at one position and then manually changing
its elevation angle to render the different stimuli for the listening test means that
the measured reflection IR is only authentic at its originally measured position.
L.e. physically changing the elevation of a reflection would potentially lead to a
different tilting angle and hence variations in effects such as scattering while virtually
changing the position of the reflection in the SRIR rendering results in exactly the
same reflection arriving from a different incident angle. However, as the goal for
these experiments was to only change the position of a reflection without altering
its timbre, this inaccuracy is actually an advantage in the context of this study.

3.3 SRIR Decomposition

Figure 3.3: Spherical panoramas of “Big Hall” (a) and “Listening Lab” (b).

In order to simulate elevated early reflections in a realistic acoustic environment,
spatial room impulse of a small, acoustically treated listening lab and a big hall
were processed. Pictures of both rooms are shown in Figure 3.3. These SRIR
measurements were performed by AHRENS as described in [29] by using an open
array consisting of 6 microphone positions placed on a spherical grid with a radius
of 2.5 cm as shown in Figure 3.4a. Figure 3.4b shows the measured pressure RIRs
which are equal to the first microphone signal, Section 3.3 lists the essential room
acoustic parameters of booth rooms obtained by analyzing the PRIR with the ITA-
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Figure 3.4: Microphone array geometry (a) and normalized magnitude of “Big
Hall” and “Listening Lab” PRIRs on logarithmic time axis (b).

Toolbox [30]. Additionally, the table includes a Acejiing parameter which indicates
the delay between the direct sound and the first strong natural ceiling reflection.

These two spatial room impulse responses were then processed using the optimized
version of the SDM toolbox provided by [22], which was adapted to the requirements
of this thesis by changing the included binaural synthesis method to a NLS loud-
speaker rendering. For the SDM DOA estimation, a window length of 36 samples
with a 16 samples smoothing window was used. Neither the original SDM post-
equalization nor the RTMod equalization as proposed in [22] were applied since it
was found that neither method resulted in a significant improvement for the used
SRIRs and source stimuli and, as the purpose of these experiments is to investi-
gate differences between stimuli rendered with exactly the same SRIRs and varying,
manually added elevated reflections, the overall plausibility and potentially timbral
inaccuracies of the decomposed SRIRs compared to the real room IRs were not
considered as extremely significant.

For each room, two different SDM decomposed SRIRs were rendered i.e. one where
all DOAs were quantized to eight virtual loudspeakers on the horizontal plane and
one where an additional virtual top loudspeaker with 90° elevation was included in
the quantization grid. This allowed to evaluate whether or not there is a perceivable
difference between a “natural” SDM decomposed SRIR without any added strong
ceiling reflections when mapping all reflections to the horizontal plane opposed to
mapping the elevated reflection components of the measured room to a single ele-
vated loudspeaker. Spatio-temporal analyses of these four decomposed SRIRs are
included in Appendix A.

3.4 Stimuli Rendering

Based on the decomposed SRIRs described in Section 3.3 and the isolated reflection
measurements from Section 3.2, a total of 100 different stimuli with two different
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‘ R,OOIH Name ‘ TSOlkHZ C801kHz EDleHZ ACeiling ‘

Big Hall 1.43 s 7.53dB  1.17s 45.8 ms ~ 15.7 m
Listening Lab | 0.10 s 46.09 dB 0.17 s 31ms~1m

Table 3.1: Acoustic parameters of measured rooms. The T30, C80 and EDT values
were calculated using the ITA-Toolbox [30]
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Figure 3.5: Source Signal Spectrograms

source signals and varying reflection positions, reflection levels and SRIR room com-
ponents were rendered. This resulted in 50 different stimuli comparisons whereby
for each comparison, the only difference between the two compared stimuli was the
reflection position.

During the preliminary experiments, it was found that a drum recording seems to be
a suitable source signal in the context of these experiments as it contains impulsive
broad band components and is a well known recognizable sound. Therefore, one
channel of the anechoic drum recording included in the Matlab Audio Toolbox was
used as main source stimulus. Additionally, it was decided to also include the
SQAM 50 speech signal from the EBU sound quality assessment material recordings
for subjective tests [31] in the evaluation. Spectrograms of both unprocessed source
signals are shown in Figure 3.5. In order to achieve a similar perceived loudness,
both signals were normalized to the same RMS level.

In total, three different room scenarios were evaluated: The direct signal with added
reflection but without any added SRIR, this case is in the following also referred
to as “dry”, the direct signal with added reflection and the “big hall” SRIR as well
as the direct signal with added reflection and the “listening lab” SRIR. With the
exception of one special case described in the last paragraph of this section, the
SRIR room components were always mapped to eight virtual loudspeakers on the
horizontal plane.

For this combination of two source signals and three different room scenarios, 45°
and 10° elevated reflections on the median plane as well as 45° elevated reflections on
the frontal plane were compared to a corresponding 0° elevated reflection. Addition-
ally, a 45° elevated reflection on the median plane was compared to a 45° elevated
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reflection on the frontal plane. All these cases were evaluated with different reflec-
tion levels which were determined as described in Section 3.4.1, whereby the range
of reflection levels to evaluate for each scenario was set based on preliminary experi-
ments. In order to limit the overall experiment duration to a acceptable range, only
up to four different reflection levels per comparison were considered.

Lastly, the relevance of elevated reflections for a measured SRIR without any added
strong ceiling reflections was evaluated by comparing both the “big hall” and “lis-
tening lab” SRIRs quantized to eight loudspeakers on the horizontal plane to the
corresponding SRIRs quantized to eight speakers on the horizontal plane and one
additional top speaker with 90° elevation (see Section 3.2 and Appendix A).

3.4.1 Reflection Level

In order to specify the level of the added reflection, it was decided to use the RMS
of the signals obtained from convolving the source signal with the SDM decomposed
SRIRs and the reflection IR as reference. Thereby, the reflection level L, was
determined by comparing the RMS of the isolated reflection signal yef(n) which
equals the source signal convolved with the reflection IR to the signal mapped to
the center speaker y.(n) following

1 N,
Zn:f Yref M 2
Lref —920. 10g10 Nyet \/ 1 ( )l .

MoV Znsa [ye(n)?

For the stimuli with no room, y.(n) corresponds to the source signal while for stimuli
with added room, y.(n) corresponds to the source signal convolved with the part of
the SRIR which was quantized to the virtual center speaker position. This means
that the experiment in its simplest form can be accurately reproduced by playing
back a delayed and by L., attenuated version of the direct signal via an elevated
reflection speaker.

(3.1)
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3.5 Loudspeaker Based Listening Experiment

3.5.1 Setup

x  Speaker Positions
* Listener Position

Figure 3.6: Loudspeaker array setup (a) and geometry (b).

Speaker Nr. || 1 2 3 4 5 6 7 8 9 10 11 12 13
Azimuth 0° 315° 270° 225° 180° 135° 90° 45° 0° 0° 0° 0° 0°
Elevation 0° 0° 0° 0° 0° 0° 0° 0° 10° 45° 60° 90° 45°

r 1.03m|1.10m [ 1.03m | 1.10m | 1.03m | 1.10 m | 1.03m | 1.10m | 1.05m | 1.26 m | 1.19m | 1.09 m | 1.26 m

Table 3.2: Spherical coordinates of loudspeaker positions.

As shown in Figure 3.6a, the loudspeaker based listening test setup consisted of
13 Genelec 8020 loudspeakers installed in the anechoic chamber of the Division of
Applied Acoustics. Thereby, speakers 1-8 were arranged in a circle with a radius
of approximately 1 m on the horizontal plane, speakers 9-12 were positioned at
an elevation angle of 10°, 45°, 60° and 90° on the median plane and an additional
speaker was positioned at 45° elevation and 90° azimuth, i.e. to the left of the
participant position. Figure 3.6b and Table 3.2 show the exact geometry as well
as the spherical loudspeaker coordinates. Speaker 11 was installed but not actually
used for the listening experiment. The multi-channel audio playback and listening
test routines were implemented in Matlab and an Antelope Orion 32 audio interface
was used for the D/A conversion. Additionally, a smartphone with a custom GUI
was set up to remotely control the Matlab process and thereby act as experiment
user interface.

3.5.1.1 Collateral Reflections

Initially, it was planned to seat the participants on a chair placed in the center
of the array as shown in Figure 3.7. However, as the listening test environment
for this experiment should be as anechoic as possible it was decided to measure
the transfer paths from the individual array speakers to a microphone placed at
the receiver position in order to determine if the chair causes significant reflections
which might influence the experiment. Indeed, these measurements revealed that the
chairs armrests and seating surface cause reflections and thereby interferences which
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Figure 3.7: Initial loudspeaker array setup with chair.
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Figure 3.8: Normalized transfer functions between individual loudspeakers and par-
ticipant position for both standing and seating setup. The right plot
shows that, for the seating setup, e.g. the first interference peak around
250 Hz varies in frequency by more than 50 Hz depending on the loud-
speaker position.

vary depending on the loudspeaker position. As shown in Figure 3.8, especially
changes in the elevation angle lead to variations in the run time difference and ratio
between direct and reflected sound waves hence the frequency and magnitude of the
interference changes. This is problematic in the context of this experiment as any
spectral differences between the individual loudspeakers might cause unwanted tonal
differences between stimuli with different reflection positions. This could then lead
to participants sensing differences which are not caused by the stimuli themselves
but by these interferences due to additional reflections. In order to keep the amount
of unwanted reflections as low as possible, it was decided to let the participants
stand on a small wooden plate instead of seating them down. While the wooden
plate and also the array construction itself still caused unwanted reflections, this
way at least additional reflections from the chair and the angled participant legs
were avoided.
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3.5.1.2 Calibration
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Figure 3.9: Uncalibrated and delay and gain compensated loudspeaker IRs for
standing position.

The loudspeaker array was calibrated in delay and amplitude by measuring the
transfer path from each speaker to a microphone placed at the participant posi-
tion using the sweep deconvolution method. The resulting IRs where then analyzed
regarding on-set time and magnitude peak, from these results correction gain and
delay values for each speaker were calculated. A second measurement which in-
cluded those calibration values confirmed that all speakers afterwards matched in
volume and phase at the receiver position. The overall playback volume was set to
a comfortable level of approximately 64 dB, and all participants were instructed
to always keep their head oriented towards the center speaker and to avoid head
movements while listening to the stimuli.

3.5.2 Listening Test Procedure

As the preliminary experiments showed that the perceived differences between the
individual stimuli can be expected to be relatively small, it was decided to use the
ABX test method in order to determine if participants are able to hear a difference
between two different reflection positions. This means that the participants had to
listen to three different sounds A, B and X whereof sound A and B were two different
stimuli and sound X corresponded either to sound A or B. The participants then
had the task to determine if X equals to sound A or sound B. This approach has
the advantage that the participants are forced to make a binary decision and, given
a sufficient number of participants, the statistical evaluation of the results provides
reliable evidence whether the participant group perceived a difference between two
stimuli. Both the order of experiments and the assignment of the different stimuli
to A, B and X was randomized.

In addition to the standard ABX evaluation, two continuous sliders were added
to the experiment user interface in order to query the perceived tonal and spatial
difference between the two sounds A and B. Thereby, the scale was set from “no
perceived difference” at the 0% slider position to “large perceived difference” at the
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100% slider position. All participants were instructed to use this scale relative to
the stimuli they heard during a training phase at the beginning of the experiment
which consisted of 10 comparisons including all “extreme cases” of large and small
differences between sounds A and B. Hence if a participant reported 100% perceived
spatial difference during the actual experiment, this means that the perceived dif-
ference was as large as the maximum perceived difference during the training phase.
In addition to establishing a reference for the range of differences between the stim-
uli, this training phase was also used to familiarize the participants with the user
interface.

A commonly used implementation of the ABX test is to play the A, B and X sounds
only once per trial in a fixed order directly after each other and conducting several
trials per comparison. However, for the listening tests performed in this thesis the
participants were allowed to decide on their own when and in which order they want
to listen to the ABX stimuli and only one trial per stimuli comparison was conducted.
This has the disadvantage that it is unclear how often each participant actually
switched between A, B and X which could potentially lead to a bias and, from a
statistical point of view, it would of course have been beneficial to get multiple results
per stimuli comparison from each participant. However, including the training phase
the listening test consisted of 60 different stimuli comparisons and the experiment
already took ca. 30 minutes per participant. Given the fact that the participants
had to stand for the entire time and the task of identifying small auditory differences
can be very exhausting, it was decided to not extend the experiment duration by
repeating individual stimuli comparisons. While enforcing a fixed ABX playback
order instead of giving the participants control over which sound is currently played
could eventually have led to more comparable ABX results, additionally deciding
on how large the perceived spatial and tonal differences were after listening to the
sounds only once would have been an extremely different task for the participants
hence one could expect unreliable results.

3.5.3 User Interface

Select playback sound: How big is the tonal difference

“ between sound A and B?

MNone Large
Which sound is the same as X?

How big is the spatial difference

between sound A and B?

None

Training 1/10

Figure 3.10: Listening Experiment User Interface
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The experiment user interface itself was implemented using Lemur!, a commercial

iOS app that allows the creation of custom MIDI control interfaces. This app
was installed on a smartphone placed at the participant position and sent MIDI
commands to a Matlab PC which handled the multi-channel audio playback. By
using a smartphone as user interface, the amount of unwanted reflections from the
screen was significantly less than if a setup including a laptop or computer screen
would have been used.

As shown in Figure 3.10, the GUI itself consisted of three buttons which allowed the
user to select which sound they want to listen to, a play and pause button, a pair of
buttons to answer the ABX test, two sliders to state the perceived tonal and spatial
difference as well as a counter which showed the overall experiment progress and an
indicator whether or not the participants are currently in the training phase. Once
a participant listened to all three stimuli, made a selection for the ABX comparison
and touched both sliders once, a “next” button appeared allowing the user to proceed
to the next test. This ensured that the participants could not accidentally finish a
test without fulfilling all the tasks.

3.5.4 Participants

The loudspeaker based experiment was performed by a group of 25 different partic-
ipants consisting of students from the “Sound and Vibration” Master’s programme,
PhD students in the field of applied acoustics and a small number of subjects with-
out an academic background in acoustics. All of the participants reported to have
normal hearing, 22 participants stated to have a background in acoustics and 11 par-
ticipants claimed to have experience with critical listening in the context of spatial
audio.

'https://apps.apple.com/us/app/lemur/id481290621, accessed 12.05.2012
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3.6 Headphone Based Listening Experiment

Magnitude in dB

10t 10% 103 104
fin Hz

(b)

Figure 3.11: Headphone based listening experiment setup (a) and applied equaliza-
tion curve (b).

In order to evaluate if the results from the loudspeaker based experiment are also
valid for headphone based spatial audio reproduction, a second listening experi-
ment was performed. Therefore, the same stimuli used for the loudspeaker based
experiment were convolved with HRIRs for the corresponding loudspeaker position
and then played back using AKG K-702 headphones, an Antelope Orion 32 audio
interface and a Lake People G109 headphone preamplifier.

The used HRIR data was obtained from measurements of the division’s own KE-
MAR artificial head conducted by the ITA Aachen [12]. In order to compensate
timbral unbalances caused by this specific combination of HRTFs and headphones,
the playback channel was was equalized by ear using a biquad multi-band EQ as
shown in Figure 3.11b.

Similar to the first experiment, the participants were instructed to always keep their
head orientated towards the virtual center speaker. However, in order to ensure
a realistic spatial audio impression and to account for small head movements the
participants’ head position was tracked using a Polhemus Patriot magnetic tracking
system and the whole binaural scene was rotated according to the participants cur-
rent head orientation. The binaural playback was implemented in Matlab using the
same remote control application as described in Section 3.5.3. For the loudspeaker
based experiment, a 4.7” smartphone was used as control interface in order to reduce
unwanted reflections from the screen. However, for the headphone based experiment
reflections from the surrounding are not relevant hence a larger 9.7” tablet was used
in order to provide a more comfortable user interface as shown in Figure 3.11a.
The experiment took place in an acoustically treated listening lab and, unlike in
the loudspeaker based listening experiment, the participants were allowed to adjust
the playback volume to a comfortable level during the first ten training tests. This
means that different participants possibly chose slightly different playback levels
based on their personal preference and that these levels do not match the playback
volume of the loudspeaker based experiment. However, as all participants stated
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to have normal hearing one can assume that the individually selected comfortable
playback levels were in a similar range as the approximately 64 dBa chosen for the
loudspeaker based experiment.

The headphone based based experiment was performed by a group of 13 different
participants consisting of students from the “Sound and Vibration” Master’s pro-
gramme and PhD students in the field of applied acoustics. All of the participants
reported to have normal hearing and stated to have a background in acoustics,
9 participants claimed to have experience with critical listening in the context of
spatial audio. 10 of the 13 participants already performed the loudspeaker based
experiment before.

3.7 Data Analysis

3.7.1 ABX Test Evaluation

ABX tests are widely used in the audio engineering community to evaluate whether
or not audible differences between two stimuli exist. While there is no standardized
ABX method that would specify certain implementation aspects, e.g. if the partic-
ipants have control over the stimuli playback order or if multiple trials per stimuli
comparison and participant are performed, the fundamental evaluation of the ABX
results is always similar. For the following ABX results analysis method, [32] was
used as the main reference.

The basic concept of an ABX test is that the participants listen to three different
stimuli “A”, “B” and “X” where A and B are two different sounds while X corre-
sponds to either A or B. Thereby, the assignment of the two different stimuli to A,
B and X has to be randomized for each trial. The listener’s task is then to identify
whether sound X is the same as stimulus A or the same as stimulus B. If there is
a, for the specific listener, perceivable difference between sound A and B, the par-
ticipant will most likely make a correct selection. This case is also referred to as
correct ABX identification. Putting the number of correct ABX identifications in
relation to the absolute number of trials for a specific stimuli comparison yields in
a percentage of correct identifications.

If there is no audible difference between A and B, the participant will simply guess
which should lead to binomially distributed answers when repeated over a large
number of trials. I.e. when using two stimuli with no audible difference, assigning
them randomly to A, B and X and performing a large amount of trials, one would
expect that 50 % of the results are correct and 50 % are false identifications. This
is an important characteristic of ABX test: If there is no perceivable difference
between the two A and B stimuli, an ideal ABX experiment would still yield in
50 % correct identifications. If an ABX result shows 0 % correct identifications,
this does not mean that none of the participants perceived a difference but that all
participants managed to constantly identify the wrong answer. This would indicate
some kind of bias, e.g. the participants misunderstood the task or something went
wrong during the stimuli randomization. From these basic considerations one can
conclude that, given a sufficient number of trials and an unbiased experiment setup,
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100 % correct ABX identifications for a specific stimuli comparison means that there
is an audible difference while 50 % correct identifications indicate that there is no
perceivable difference. However, in practice it is unlikely that the percentage of
correct identifications exactly equals 50 % or 100 %, hence a method is needed to
determine a minimum percentage of correct identifications required to state, with a
certain confidence, that there is an audible difference between two stimuli.

0.25 1

0.2+

0.8 F

0.6 -

041

0.05 - 0.2+

Probability of Occurence

Cumulative Probability of Occurence

01 2 3 4 5 6 7 8 9 10 01 2 3 4 5 6 7 8 9 10

Number of Correct Identifications Minumum Number of Correct Identifications

Figure 3.12: Binomial probability mass function and inverse binomial cumulative
distribution function for n = 10 trials.

Assuming that the ABX experiment is randomized and that therefore the partici-
pants’ answers are random and uncorrelated to the stimuli when there is no audible
difference, one can use the binomial distribution to determine such a confidence
threshold. Figure 3.12 shows the binomial probability mass function as well as the
inverse cumulative distribution function for n = 10 trials, calculated as described
in [32]. Thereby, the binomial probability mass function indicates the probability
of a specific number of correct responses to occur for random binomial data with n
trials. A simple example for this would be flipping a coin, where one side of the coin
is considered as “correct” and the other side as “false”. According to the binomial
probability mass function, the chance of getting exactly 5 out of 10 correct coin
flips is 0.25 i.e. 25% while chance of getting exactly 10 out of 10 correct results is
only 0.1 %. However, to determine a threshold of how many correct answers are
at least required in order to exceed a certain confidence threshold, the probability
for a specific amount or more correct answers is of interest. This probability can
be obtained from the inverse binomial cumulative distribution function as shown
in the right plot of Figure 3.12, which simply represents the sum of all binomial
probabilities equal or above a certain number of correct responses. E.g. the chance
of getting 0 or more correct responses is 100 % since it equals the probability of get-
ting exactly O correct responses plus the probability for getting exactly 1,2, ... 10
correct responses. The cumulative probability of getting 8 or more correct responses
is only 5.5 % which, in the context of ABX tests, means that 8 or more correct iden-
tifications for 10 trials only occur with a 5.5 % probability when the answers are
binomial distributed. I.e. the chance that there was no audible difference between
the two stimuli and 8 or more out of 10 participants guessed correctly is only 5.5 %.
In other words, the probability of the answers being not binomial distributed equals
100 % - 5.5 % = 94.5 %, which corresponds to the confidence level of an audible
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difference for 8 or more correct IDs out of 10 trials in an ABX test. This way, a
threshold that determines the minimum number of correct IDs for a given number
of trials in order to state with a 95 % confidence that there is an audible difference
between two stimuli can be calculated. For the two experiments performed in this
thesis, these thresholds lie at 17 or more correct IDs or 68 % correct identifications
for the loudspeaker based experiment with 25 participants and 9 or more correct
IDs for the loudspeaker based experiment with 13 participants, which equals to 68
% correct identifications.

For completeness, it should also be stated that there is a minimum threshold below
which the results can not be considered as binomial distributed since, as described
before, 0 out of 10 correct identifications means that all participants managed a
wrong identification which indicates a strong negative correlation between the an-
swers and the stimuli. This limit can be determined in a similar way as the 95 %
confidence threshold described earlier but, as none of the obtained ABX test results
fall below this limit, it will be omitted in the presentation of the results. Besides
this fundamental evaluation method, more advanced ABX analysis approaches using
signal detection theory [32] exist but will not be applied in this thesis.

3.7.2 Perceived Difference Values

Since all participants used the same set of training stimuli as reference for the
range of perceived differences, the arithmetic mean and 95% confidence intervals
as well as median values were directly calculated from the participants’ perceived
difference answers without applying any kind of normalization. Additionally, relative
probability histograms of the perceived difference values were compared for different
scenarios as presented in Section 4.2.5. Relative probability is in this context also
referred to as relative frequency and simply indicates the number of results that fall
into a specific category divided by the total number of results [33]. E.g. assuming
a participant reported a perceived spatial difference in the range between 0% and
10% for 20 out of 50 stimuli comparisons, the relative probability for this range is
20/50 = 0.4. Visualizing the relative probability in form of histograms allows a
straightforward comparison of answer distributions for different scenarios.

3.7.3 Difference in Interaural Cross-Correlation

In order to analyze the exact stimuli the participants heard during the listening
experiment including possible collateral reflections caused by the loudspeaker setup,
a KEMAR artificial head was placed at the listener position and all stimuli were
binaurally recorded through the loudspeaker array. For the headphone based ex-
periment, the rendered binaural stimuli for a 0° head rotation were used for further
analyses.

For all stimuli from both experiments, the normalized interaural cross-correlation
between both ear signals was calculated as described in Equation (2.1) by using the
Matlab xcorr () function. For the evaluation of the results, the change in maximum
IACC between both stimuli for each test was calculated as
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ATACCyopm = | max([IACCyopm 1 (7)]) — max(|IACCyomm2(7)])] (3.2)

which corresponds to the Matlab expression

dIACC = abs(max(abs(xcorr(yll, yrl, ’normalized’))) - max(abs(
xcorr (yl2, yr2, ’normalized’))))

This TACC difference can be considered as important in the context of this thesis
since, as described in Section 2.1.3.1, the amount of correlation between both ear
signals allows to draw conclusions on the apparent source width, listener envelop-
ment and diffuseness of a room. Without going more into detail on the specific
relation between the TACC and those parameters, it can be noted that a change
in the maximum normalized TACC between two stimuli can indicate a difference in
their spatial impression. Related research such as [18] and [34] showed that indeed,
the human auditory system is remarkably sensitive regarding changes in the inter-
aural cross-correlation. Depending on parameters such as the overall IACC and the
source signal, it has been shown that listeners can detect the difference between an
IACC of 1.00 and 0.99, i.e. an TACC fluctuation of 0.01 in an otherwise diotic noise
[17]. These findings legitimate the approach to treat the change in maximum nor-
malized IACC between two stimuli as possible indicator for the amount of perceived
differences when varying an early reflection’s elevation angle.

31



4

Results

4.1 Loudspeaker Based Experiment

4.1.1 Graphical Representation of the Results
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Figure 4.1: Loudspeaker based listening test results for comparison between a re-
flection with an elevation angle of 45° and 0° at an azimuth angle of 0°
with varying reflection levels, source stimuli and room IRs.

Figure 4.1 shows the loudspeaker based experiment results comparing reflections
with an elevation of 45° and 0° at an azimuth of 0° with varying reflection levels,
source stimuli and room IRs. The sum of correct ABX identifications of all 25
participants is represented by the blue bar graphs. Thereby, the green area behind
the bars represent the regions in which, with a 95% confidence level, the sum of
correct identifications of all participants is large enough to state that, statistically,
the participant group identified a difference between the both compared stimuli. For
25 participants, this threshold lies at 17 correct identifications (see Section 3.7.1).
If a bar lies in the red area, this means that statistically not enough participants
correctly identified the X stimulus to state that the entire group of participants
perceived a difference in this comparison. Of course not only this threshold is of
relevance, i.e. if all 25 participants correctly identified the X stimulus it is reasonable
to assume that the perceived difference between both stimuli is larger than if 17 of
25 participants made a correct identification, even though in both cases the sum of
correct identifications exceeded the 95 % confidence threshold.

Additionally, Figure 4.1 contains error-bars which represent the arithmetic mean as
well as the 95% confidence interval of the perceived spatial and tonal differences
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between both reflection positions which was obtained from the two difference sliders
in the experiment’s user interface (see Section 3.5.3).

The last parameter represented in Figure 4.1 is the difference in the maximum nor-
malized IACC between the two compared stimuli, measured by placing a KEMAR
artificial head at the participant position and analyzing the recorded signals (see
Section 3.7.3). The absolute values for all plotted parameters, i.e. the number of
correct identifications, the perceived difference and the IACC difference can be read
off the figure’s three different Y axes.

For the evaluation of the results, it is reasonable to take all those parameters into
account as especially the combination of the sum of correct identifications and the
average perceived spatial difference allows a meaningful interpretation on how much
of an effect a change in reflection position had on the spatial auditory perception of
the presented sounds.

4.1.2 Elevated Reflections on the Median Plane

4.1.2.1 45° Elevated Reflection on the Median Plane

Figure 4.1 shows the loudspeaker based results for the most fundamental compar-
ison between a reflection on the median plane, i.e. with 0° azimuth in front of the
participant, switching between an elevation angle of 0° and 45°. In the 0° case, the
reflection signal was played back via the same loudspeaker as the direct signal.

Looking at Figure 4.1a it is obvious that, for all tested reflection levels, the group
of participants was able to correctly identify the difference between both reflection
elevations when listening to the drum signal without any added reverberation. How-
ever, the number of correct identifications drops with decreasing reflection level but
even at -12 dB the number of correct IDs still exceeds the 95 % confidence threshold.
The perceived spatial and tonal difference sliders show a very similar result as their
mean values drop with decreasing reflection level. At -12 dB, they are both in a
range below 20 % which, in combination with the number of correct identifications
barely exceeding the 95% confidence threshold, can be interpreted so that the dif-
ference between both reflection positions is very close to the perceptional threshold.
However, it is noteworthy that, for this case, the perceived tonal and spatial differ-
ences are very similar to each other which means that, from these results, there is
no clear distinction if an elevated reflection on the median plane causes more spatial
or more tonal differences.

For a speech signal without added room reverberation on the other hand, the per-
ceived difference between 0° and 45° elevation of a reflection on the median plane
is not as pronounced, as shown in Figure 4.1b. For reflection levels of 0 dB and
-6 dB, the sum of correct identifications is below the 95% confidence threshold, at
-6 dB the number of correct IDs is slightly above this threshold. The latter is un-
expected as one would assume that, if a group of participants can not distinguish
two stimuli at a reflection level of 0 dB, the difference at a reflection level of -3 dB
should neither be audible. This specific result might be an outcome of inaccuracies
in the ABX method. Since the perceived spatial and tonal difference values for this
comparison are in the same range as the values for the -6 dB case shown in the same
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plot, one can assume that, even though the number of correct identifications reaches
the 95 % confidence region for a -6 dB reflection level, this might be a result of the
participants by chance guessing the correct answer instead of actually perceiving a
difference.

Adding spatial reverberation from the “big hall” SRIR to the drum signal increases
the threshold for a correct identification from -12 dB to -3 dB compared to the drum
signal with no added room as shown in Figure 4.1c. At a reflection level of -6 dB, the
average answers for the perceived spatial and tonal differences are still comparatively
high even though only 14 of 25 participants identified the stimuli correctly. This
could indicate that either the participants which gave a correct answer reported a
high perceived difference or that some of the participants thought they perceived a
spatial or tonal difference but still could not identify the correct stimulus for sound
X. An other interesting observation is that, for the drum signal with added “big hall”
SRIR, the mean value of the perceived spatial difference slightly exceeds the one of
the perceived tonal difference whereas in the case of drums without added room, the
mean value of the tonal difference is slightly higher. As the confidence intervals of
both values overlap each other it is not possible to draw accurate conclusions from
this observation, but one can at least make the assumption that the added diffuse
reflections of the big hall could mask the tonal differences between both reflection
positions.

The results for the drum signal with added room components from a small listening
lab seem to support this theory as for this case, where the room response contains
less diffuse reflections than the big hall, the perceived tonal difference values are
again slightly higher than the perceived spatial difference. Apart from this, the
number of correct identifications is slightly lower for this case than for the drum
signal with no added room but it still exceeds the 95% confidence threshold for all
tested reflection levels.

For all comparisons shown in Figure 4.1, the difference in IACC is almost zero and,
independent on the source signal and added room, does not significantly vary for
different reflection levels of the same stimulus type. This is to be expected as the
only difference between the two compared stimuli for this case is the elevation on
the median plane which means that, apart from some reflections by the loudspeaker
array itself, inaccuracies in the positioning of the artificial head and asymmetries
in its HRTFs, exactly the same signal should arrive at both ears, independent from
the elevation angle.

From this first evaluation one can already draw several assumptions, which are to
be confirmed by the following results. Firstly, a decreasing reflection level leads to a
smaller perceived difference between different elevation angles. Additionally, added
room reflections seem to raise the threshold of how loud a reflection needs to be
in order to lead to a noticeable difference when its elevation is changed. Thereby,
a room with a longer reverberation time seems to result in a stronger masking
of both the overall perceived difference and of the tonal differences compared to
the spatial differences. Lastly, Figure 4.1 already reveals that spatial differences
between different reflection positions are also perceived when there is no difference
in interaural cross-correlation, which means that a change in IACC between two

34



4. Results

stimuli alone is not an exclusive indicator for perceived spatial differences.

4.1.2.2 10° Elevated Reflection on the Median Plane
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Figure 4.2: Loudspeaker based listening test results for comparison between a re-
flection with an elevation angle of 10° and 0° at an azimuth angle of 0°
with varying reflection levels and source stimuli.

Figure 4.2 shows the loudspeaker based listening test results for a 10° elevated
reflection on the median plane compared to a reflection at 0° elevation. In order
to restrain the total amount of comparisons to a reasonable level, this test was
only conducted for the drums and speech signal without added room. Comparing
Figure 4.2 to the results of a 45° elevated reflection on the median plane from
Figure 4.1 shows that, at least in this case, a smaller difference in elevation angle
results in smaller audible differences which is reflected both in a higher reflection
level threshold for the drum signal without added room shown in Figure 4.2a as well
as significantly smaller perceived spatial and tonal difference values. For the speech
signal, the difference between 45° elevation and 10° elevation is not as significant as,
presumably, the participants did not perceive a pronounced difference in neither of
the two cases.

4.1.3 45° Elevated Reflection on the Frontal Plane

Figure 4.3 shows the loudspeaker based experiment results for the comparison be-
tween a 45° and a 0° elevated reflection at an azimuth angle of 90°. This means that
the reflection in this case was located to the left of the participant. Thereby, the
participant group managed to correctly identify all tested stimuli with a confidence
level of at least 95%, even for reflection levels as low as -12 dB. Comparing this
to the results for a 45° elevated on the median plane shown in Figure 4.1 clearly
indicates that, at least for the evaluated stimuli and used the loudspeaker setup, a
difference in elevation of a lateral early reflection causes a larger perceptual differ-
ence than a difference in elevation of a frontal early reflection. This is also visible in
the perceived spatial difference values which are overall higher than their counter-
parts for the reflection on the median plane and, in contrast to the case of a frontal
reflection, are always higher than the perceived tonal difference values. While the
analysis of the stimuli with an added early reflection on the median plane did not
reveal a significant difference in interaural cross correlation, Figure 4.3 shows that
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Figure 4.3: Loudspeaker based listening test results for comparison between a re-
flection with an elevation angle of 45° and 0° at an azimuth angle of 90°
with varying reflection levels, source stimuli and room IRs.

changing the elevation of an early reflection on the frontal plane results in a no-
ticeable TACC difference. Thereby, the IACC difference decreases with decreasing
reflection level which is to be expected as a lower reflection level means that the two
compared stimuli with different reflection elevation angles are more similar to each
other. Additionally, the results show a clear correlation between TACC difference,
perceived spatial difference and the number of correct identifications. Whether or
not this correlation indicates an actual causality will be discussed in Section 5.5.

4.1.4 45° Elevated Reflection Altering Between Frontal and
Median Plane
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Figure 4.4: Loudspeaker based listening test results for comparison between a re-
flection with an azimuth angle of 0° and 90° at an elevation angle of 45°
with varying reflection levels, source stimuli and room IRs.

As shown in Figure 4.4, changing the azimuth angle of a 45° elevated reflection by
90° results in clearly audible differences for all evaluated reflection levels, source
signals and room scenarios. Thereby, the amount of correct ABX identifications
always exceeded the 95 % confidence threshold and the perceived difference values
indicate that the spatial differences predominate the tonal differences. This is to be
expected, since a lateral displacement leads to a change in interaural cues which are
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in general more robust than monaural cues. This can also be seen from the difference
in maximum normalized IACC between each of the two compared stimuli which, for
these comparisons, correlates very well with the perceived spatial differences. How-
ever, as the purpose of this thesis is to evaluate the effect of changing a reflection’s
elevation angle, these results for a change in azimuth are only of secondary interest.

4.1.5 Natural SRIR Without added Reflection
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Figure 4.5: Loudspeaker based listening test results for comparison between SDM
SRIR rendered with added loudspeaker at 90° elevation and SDM SRIR
rendered only for loudspeakers on the horizontal plane. Only the drums
signal was evaluated and just the natural room IRs of Big Hall and
Listening Lab were used.

The last and maybe in practice most relevant comparison is whether or not there
is an audible difference when assigning the natural reflections of a measured SRIR
without added strong ceiling reflection to an elevated loudspeaker compared to map-
ping them to the horizontal plane. Figure 4.5 shows the results for this comparison
including two different rooms, thereby only the drum signal was evaluated. Both the
number of correct ABX identifications and the perceived spatial and tonal difference
values indicate that, using a loudspeaker based reproduction method, the natural
elevated reflections in both rooms are not strong enough to result in a perceivable
difference when playing them back through a single loudspeaker at an elevation
angle of 90° instead of quantizing them to the horizontal plane.

4.2 Comparison between Loudspeaker Based and
Headphone Based Results

In order to limit the extend of this thesis, it was decided to directly compare the
headphone based results to the results from the loudspeaker array experiment in-
stead of including a detailed description of the isolated headphone results at this
point. In general, this comparison of loudspeaker and headphone based experi-
ments can also be interpreted as comparing a reproduction method using individ-
ualized HRTFs to nonindividualized HRTFs. Thereby, only the results which were
found the most significant are shown i.e. the percentage of correct identifications
and mean values of perceived spatial difference for both reproduction methods. The
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detailed result plots for the headphone based listening experiment are attached in
Appendix B.

Following the method described in Section 3.7.1, the minimum number of correct
identifications for a 95% confidence level equals to 17 out of 25 for the loudspeaker
based experiment and 9 out of 13 for the headphone based experiment. In the fol-
lowing, the correct identifications are presented in percent instead of stating the
absolute number of correct answers. As 17/25 = 68% and 9/13 = 69% are very
close to each other, it was decided to use 69% correct identifications as the com-
mon threshold for the 95% confidence level for both experiments. Thereby, it is
important to keep in mind that, due to the fact that the loudspeaker based exper-
iment had 25 participants while the headphone based experiment included only 13
subjects, the statistical significance of both experiment results differs. Also, since
10 of the 13 participants of the headphone based experiment already participated
in the loudspeaker based experiment one to two weeks before, it is possible that
a certain training effect occurred and that those participants therefore were more
successful in the headphone based experiment. In order to quantify this possible
training effect, Section 4.2.5 compares the amount of correct ABX identifications of
both experiments for those participants.

However, the purpose of this experiments was not to find a comprehensive answer
on which reproduction method is more suitable for critical spatial audio listening
but to evaluate if both methods lead to comparable results and if there is a general
trend in the perceived differences. For this purpose, the acquired data should have
a certain meaningfulness.

4.2.1 Elevated Reflections on the Median Plane

4.2.1.1 45° Elevated Reflection on the Median Plane

a) Drums Without Room b) Speech Without Room ¢) Drums in Big Hall d) Drums in Listening Lab
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Figure 4.6: Loudspeaker and headphone based listening test results for comparison
between a reflection with an elevation angle of 45° and 0° at an azimuth
angle of 0° with varying reflection levels, source stimuli and room IRs.

Figure 4.6 shows the results from the loudspeaker and headphone based listening
experiments comparing stimuli with an added 45° elevated early reflection on the
median plane against a reflection with 0° elevation. As it can be seen, the results
from the headphone based experiment generally follow a similar trend as the ones
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from the loudspeaker experiment but there are some noticeable differences. From
the results of the drum source signal without added room shown in Figure 4.6a, it is
apparent that the threshold for a correct identification lies below -12 dB reflection
level for the loudspeaker based experiment and between between -9 dB and -12
dB for the headphone based experiment. At a -12 dB reflection level, not enough
participants of the headphone based test achieved a correct ABX identification to
pass the 95% confidence threshold. The error bars in the plot show the perceived
spatial difference values, thereby the values which overlay the blue bars represent
the results from the loudspeaker based experiment and the error bars which overlay
the orange bars stand for the perceived spatial difference of the headphone based
experiment. It can be seen that, for the drum signal without added room, the
perceived spatial difference in the headphone based experiment is always below the
perceived spatial difference in the loudspeaker based listening test. Combining these
results with the previous observation that the reflection level threshold for a correct
identification is lower for the loudspeaker based experiment allows the conclusion
that, at least for these specific stimuli, experiment setups and participant groups,
the loudspeaker based reproduction method resulted in more perceivable differences
when comparing the drum stimulus with an added 45° elevated early reflection
on the median plane to a reflection with 0° elevation than the headphone based
reproduction method.

The results for the drum signal with added reverberation from the big hall shown
in Figure 4.6c are similar to the ones for the drum signal without added room.
For these comparisons, the ABX evaluation of the headphone based experiment
shows some inconsistencies as the percentage of correct identifications at a reflection
level of -6 dB exceeds the 95% confidence threshold while the percentage of correct
identifications for a reflection level of -3 dB lies below this threshold. However,
given the fact that the perceived spatial difference values for the headphone based
experiment at a reflection level of -6 dB are close to zero, as are the perceived tonal
difference values shown in Figure B.1c, it can be assumed that the ABX test results
contain an abnormal number of false positive identifications. This leads to the
conclusion that, also for the drum signal with added big hall, the loudspeaker based
reproduction method results in more perceivable differences between the different
reflection positions than the headphone based method. This gets confirmed by the
perceived spatial difference values which are significantly lower for the headphone
based experiment than for the loudspeaker based listening test.

The results for the drum stimulus comparisons with added room components from
the listing lab shown in Figure 4.6 are not as clear. While the ABX test results at
-9 dB reflection level show a significantly higher percentage of correct identifications
in the loudspeaker based experiment, the perceived spatial difference values do not
differ that much between both methods.

Lastly, the results for the speech signal without added room shown in Figure 4.6b
suggest that neither of the two reproduction methods resulted in a significant audible
difference between the two different reflection positions.
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Figure 4.7: Loudspeaker and headphone based listening test results for comparison
between a reflection with an elevation angle of 10° and 0° at an azimuth
angle of 0° with varying reflection levels and source stimuli.

4.2.1.2 10° Elevated Reflection on the Median Plane

Figure 4.7 shows the results for an added 10° elevated early reflection on the median
plane compared to a reflection with 0° elevation. While, for the drum stimulus with
no added room, a reflection level of -6 dB led to enough correct ABX identifications
to exceed the 95% confidence level in the loudspeaker based experiment, none of
the evaluated reflection levels produced a significant number of correct identifica-
tions in the headphone based experiment. The perceived spatial difference values
for this case show a similar result. This indicates that, for the evaluated setups,
a larger difference in elevation between two reflection positions is required to per-
ceive a noticeable difference in the headphone based reproduction method than for
the loudspeaker based method when using the same reflection level. For the dry
speech signal on the other hand, neither of the two methods resulted in a significant
perceptional difference between 0° and 10° early reflection elevation angle.

4.2.2 45° Elevated Reflection on Frontal Plane

a) Drums Without Room b) Speech Without Room c) Drums in Big Hall d) Drums in Listening Lab
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Figure 4.8: Loudspeaker and headphone based listening test results for comparison
between a reflection with an elevation angle of 45° and 0° at an azimuth
angle of 90° with varying reflection levels, source stimuli and room IRs.

For reflections on the frontal plane, i.e. at an azimuth angle of 90°, the headphone
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based experiment yielded in similar ABX results as the loudspeaker based exper-
iment when comparing a 45° elevated reflection to a non elevated reflection. As
shown in Figure 4.8, for the drum signal with no added room as well as for the
drums with added “big hall” SRIR the participant groups of both experiments were
able to correctly identify enough stimuli to exceed the 95 % confidence threshold,
even at -12 dB reflection level.

For the speech signal without added room on the other hand, the loudspeaker based
experiment resulted in more correct identifications than the headphone based exper-
iment. The headphone based ABX results show an inconsistency for these specific
comparisons as the number of correct IDs exceeds the 95 % confidence threshold for
0 dB and -6dB reflection level but not for -3 dB. However, as the perceived spatial
difference values for the headphone based -6 dB reflection comparisons are almost
zero, it can be assumed that there was no significant perceivable difference in this
case and that the 100 % correct headphone based ABX identifications for the -6
dB reflection level represent a statistical outlier caused by the moderate number of
participants. An alternative explanation could be that there was some undetected
bias in the headphone based experiment which allowed the participants to correctly
identify these specific stimuli without actually perceiving a difference which is, to
the authors best knowledge, rather unlikely.

Furthermore, the overall perceived spatial difference for the loudspeaker based ex-
periment is noticeably higher than for the headphone based experiment, independent
on the source signal or room. While this deviation of perceived spatial difference
between the both experiment setups is also apparent for elevated reflections on the
median plane, the results for a 45° elevated reflection on the frontal plane show,
independent of the stimuli type, the most consistent differences between both meth-
ods.

4.2.3 45° Elevated Reflection Altering Between Frontal and
Median Plane

a) Drums Without Room b) Speech Without Room c) Drums in Big Hall d) Drums in Listening Lab
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Figure 4.9: Loudspeaker and headphone based listening test results for comparison
between a reflection with an azimuth angle of 0° and 90° at an elevation
angle of 45° with varying reflection levels, source stimuli and room IRs.

As shown in Figure 4.9, altering the azimuth angle of a 45° elevated reflection
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between 0° and 90° results in clearly noticeable differences, independent on the source
signal, added room or reproduction method. For this case, there is no pronounced
overall difference in the ABX results or perceived spatial difference values between
the loudspeaker and the headphone based experiment which can most likely be
explained by the fact that mainly interaural cues are responsible for the perception
of lateral displacement. These interaural cues can be considered as relatively robust
which means that, even in the headphone based experiment with generalized HRTFs,
a change in an elevated early reflection’s azimuth angle is clearly perceivable.

4.2.4 Natural SRIR Without added Reflection

Figure 4.10:
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Figure 4.10 compares the results from both listening experiments for the two SRIRs
with and without their “natural” elevated reflections played back via a separate ele-
vated loudspeaker using the drum signal as sound source. While neither the number
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of correct ABX identifications nor the perceived difference answers for the “big
hall” SRIR show a perceivable stimuli difference for both reproduction methods, the
headphone based experiments results for the “listening lab” SRIR show a sufficiently
high number of correct ABX identifications to exceed the 95 % confidence threshold.
Interestingly, the loudspeaker based correct ABX identifications don’t exceed this
threshold which would mean that, for this scenario, the headphone based method
yields in stronger perceivable differences. In order to confirm that the high number
of correct headphone based ABX identifications actually corresponds to a perceiv-
able difference between the two stimuli, the individual perceived spatial and tonal
difference responses of the participants who achieved a correct ABX identification
in the headphone based experiment were evaluated as presented in Figure 4.11. In-
deed, those perceived difference values show that three out of thirteen participants
correctly identified the ABX stimuli and thereby stated that they perceived a spatial
difference of more than 10 %. Assuming that those three participants did not guess
the correct ABX identification and accidentally set the perceived difference sliders
to nonzero values, these results indicate that there is a small perceivable difference
between the “listening lab” SRIR’s elevated reflections mapped to an elevated vir-
tual loudspeaker compared to quantizing all reflections to the horizontal plane when
using a headphone based reproduction method with this specific experiment setup.

4.2.5 Consistency and Differences Between Both Reproduc-
tion Methods
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Figure 4.12: Relative probability histogram of perceived spatial and tonal differences
separated by correct and wrong ABX identifications for loudspeaker
based experiment.

One possible method to evaluate the consistency of the perceived spatial and tonal
difference values is to differentiate between the perceived difference answers for com-
parisons where the participants could not correctly identify the difference in the
ABX test and the results where the participants achieved a correct ABX identifi-
cation. Figure 4.12 and Figure 4.13 show the relative probability distribution (see
Section 3.7.2) of the perceived difference values for both experiments, separated
between answers for correct and wrong ABX identifications.

In theory, a wrong ABX identification means that a participant did not hear a
difference and hence one would expect the perceived spatial and tonal difference
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Figure 4.13: Relative probability histogram of perceived spatial and tonal differ-
ences separated by correct and wrong ABX identifications for head-
phone based experiment.

values to be zero for this case. As it can be seen in both figures, the median of
the perceived spatial and tonal differences for both experiments is indeed zero for
answers with false ABX identifications. This means that, most of the times, the
participants set the spatial and tonal difference sliders to zero when they could
not correctly identify the ABX stimuli. However, there are still several perceived
difference values in the range below 15 % as well as some scattered outliers in the
higher difference range. The latter increases the arithmetic mean of the perceived
difference values for incorrect ABX identifications to around 5% for the spatial
differences and 4 % respectively 6 % for the tonal differences.

There are a number of possible explanations for these deviations. The outliers in
the higher difference region could be caused by errors in the participant’s ABX
answers, e.g. a participant heard a difference between the compared stimuli, set the
difference sliders to a high value but then accidentally selected the wrong answer in
the ABX test. The higher number of perceived difference values in the range from
1 % to 10 % could partly be caused by the fact that the participants had to move
both difference sliders in the GUI once before they could continue to the next test.
Thereby, it is possible that, even though a participant did not hear a difference, the
slider values were not set exactly back to zero because the GUI forced the user to
move the sliders once. Additionally, it is of course thinkable that the participants
deceptively thought they heard a minor difference and therefore set the deference
sliders to small values but then failed in correctly identifying the ABX stimuli.

When a participant correctly identified the X stimulus in the ABX test, this could
mean that an actual difference between the both compared sounds was perceived.
In that case, one would expect at least one of the two perceived difference values to
be above zero. On the other hand, it is also possible that the participant did not
perceive a difference but randomly made a correct identification. In this case, the
perceived difference values should be zero. Looking at the distribution of perceived
difference values for the comparisons where a participant made a correct ABX iden-
tification as shown in Figure 4.12 and Figure 4.13 confirms this assumption. Indeed,
these probability distributions contain a significant amount of tests where partici-
pants made a correct identification but reported no spatial or tonal difference which
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means that the participants guessed the correct X stimulus. As these plots differ-
entiate between spatial and tonal differences, it is of course also possible that a
participant only reported to hear a difference in one of those two attributes and set
the other attribute to zero.

Comparing the distribution of perceived differences between the correct and wrong
identifications, it is obvious that both the mean and the median of perceived dif-
ferences is higher for the tests with a correct identifications than for the wrong
identifications. This shows that the perceived difference values are actually corre-
lated to the participants’ ability to make a correct ABX identification. While it is
not possible to make a precise statement about the overall experiment accuracy or
potential biases, these results at least least indicate that the perceived difference
values must have a certain significance.

Comparing the mean and median values of perceived spatial difference for correct
identifications between both reproduction methods, it is apparent that both the
mean and the median values are up to 10% higher for the loudspeaker array experi-
ment than for the headphone based tests. For the tonal difference, those values are
in the same range independent from the reproduction methods. This means that the
participants perceived larger spatial differences for the stimuli comparisons where
they managed a correct identification when played back via the loudspeaker array
than for the headphone based experiment. This observation matches the results
from Section 4.2 where, for most of the comparisons, the perceived spatial differ-
ences during the loudspeaker experiment were higher than for the headphone based
test.

As 10 out of 13 participants from the headphone based listening experiment also
performed the loudspeaker array test, an other approach to evaluate the consis-
tency of the results and possible deviations between both reproduction methods is
to compare the number of correct ABX identifications between the two reproduc-
tion methods for each of those 10 participants. Of course this analysis should be
treated with caution as the performed ABX test did not contain repetitions of each
comparison and hence one can not derive individual detection thresholds. However,
comparing the total number of correct identifications per participant for a data set of
50 different comparisons should at least give a general indication about if there is a
significant difference in the participants identification accuracy between loudspeaker
array and binaural sound reproduction. Figure 4.14 shows the number of correct
IDs using both reproduction methods for each participant as well as the arithmetic
mean of correct identifications for all 10 participants.

As it can be seen, there is no pronounced trend regarding which reproduction method
is more suitable to correctly identify the stimuli in the ABX tests. Some participants
achieved more correct IDs in the loudspeaker array test, other participants were more
efficient in the binaural experiment. For most of the participants, the difference in
the total number of correct IDs between both methods is below five, which can be
considered as not significant due to the randomness involved in the ABX method.
Overall, the arithmetic mean of correct identifications for the loudspeaker setup
is 1.7 correct IDs higher than for the binaural experiment. This difference is not
large enough to state that the binaural method is less suitable to identify differences
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Figure 4.14: Comparison of total number of correct ABX identifications for partic-
ipants who performed both experiments.

between different elevated reflections, it is also questionable if the arithmetic mean
is a good measure for this evaluation. Instead, one could also compare how many
participants improved in the binaural test and vice versa. Following this approach,
one finds that six participants achieved more correct identifications in the headphone
based experiment and four subjects achieved more correct identifications in the
loudspeaker based method.

While these results show that there is no major discrepancy between the overall
number of correct identifications of both experiments, it is still possible that some
training effect occurred for the group of participants who already performed the
loudspeaker based experiment before. This would mean that the overall detection
accuracy in the headphone based experiment could be lower when using a group of
untrained participants instead.

4.2.6 Difference in IACC

Figure 4.15 presents the maximum normalized TACC values obtained from analyzing
the dummy head measurements of the loudspeaker setup as well as the binaural
signals used for the headphone based listening tests as described in Section 3.7.3.
Thereby, subplots a - ¢ show the values for different reflection positions, the data
in each plot is grouped regarding source signal and added SRIR. The values of each
group are arranged so that the two stimuli which are compared to each other are
subsequent. This becomes clearer when looking at Figure 4.15d, which shows the
detailed maximum IACC,,,, values for the drum signal rendered with the “big hall”
SRIR and an added reflection at an elevation angle of 45° with varying levels and
an azimuth angle altering between 0° and 90°.

Looking at Figure 4.15a, the maximum normalized TACC for signals with a reflec-
tion on the median plane stays relatively constant independent from the reflection’s
elevation angle and level. For the dry signals with no added room, the TACC is
close to one for all reflection elevation angles and levels. This is expected since the
used KEMAR HRTFs are almost symmetric for sources on the frontal plane hence
very similar signals arrive at both ears, in this case independent from the elevation
angle (see Section 2.1.3.1). However, even those small IACC changes between the
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Figure 4.15: Maximum normalized IACC values for both experiment setups, divided
in stimuli type and reflection positions.

individual stimuli could, under the right circumstances, result in audible differences
as shown in [17].

In general, the IACC values obtained from the loudspeaker measurements are often
slightly lower than the ones of the binaural signals. This could be caused by un-
wanted collateral reflections of the loudspeaker array setup or due to the dummy
head being not perfectly placed in the center of the array. Also, the speakers con-
sisting of two drivers and an enclosure potentially result in a larger apparent source
width than a signal convolved with a single HRTF which, again, could cause a lower
IACC for the speaker setup. Furthermore, the difference between the TACC values
of the loudspeaker based measurement and the binaural rendering is generally bigger
for the drum signal than for the speech signal, this could be explained by the fact
that the drum signal contains more high frequency content than the speech signal
which is more likely to be affected by reflections and positioning inaccuracies in the
loudspeaker setup.

Comparing the overall maximum [ACC, ., values between the different room sce-
narios confirms that, as described in Section 2.1.3.1, the interaural cross-correlation
decreases with an increasing room diffuseness. I.e. stimuli rendered with the “big
hall” SRIR, which has the longest reverberation time of all compared rooms, have
in general the lowest maximum [ACC,, values. According to [18], this overall
decrease in TACC generally leads to a higher detection threshold for IACC differ-
ences. The stimuli with added “big hall” SRIR and a strong reflection on the frontal
plane show the lowest maximum IACC which could indicate that they are perceived
as most enveloping [16]. This indeed corresponds to subjective impressions from
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listening to the different stimuli.

Summarized, it can be stated that the change of maximum normalized IACC be-
tween two stimuli varies with all other previously mentioned relevant parameters
like the reflection level, position, elevation change, the source signal and the room.
As it was found that the amount of perceived differences for a changing reflection de-
pends on those attributes, it is apparent why there is a relation between the change
in maximum [ACC and the audible differences.
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Discussion

5.1 Spatial and Tonal Differences

One fundamental task for understanding the effect of elevated reflections on the
human spatial auditory perception is to determine if changing a reflection’s ele-
vation angle results in more spatial or more tonal audible differences. In theory,
it would be expected that the effect of binaural decoloration significantly reduces
the tonal differences introduced by the listeners HRTF when changing the position
of a single reflection in a perfectly anechoic environment. However, as discussed
in Section 3.5.1.1, the setup used for the loudspeaker based experiment can not be
considered to be perfectly anechoic due to collateral reflections from the loudspeaker
array which lead to varying comb filtering effects depending on the playback loud-
speaker position. Whether or not the auditory system is able to compensate for
these kind of differences is currently unclear. As generalized HRTFs were used for
the headphone based experiment, one could assume that the binaural decoloration
does not work as good as if individualized HRTFs would have been used. However,
to the authors best knowledge this has not been investigated yet.

Nevertheless, the evaluation of the perceived spatial and tonal difference values for
both experiment shows that, independent on the reproduction method, changing the
elevation angle of a reflection on the frontal plane overall results in slightly higher
perceived tonal differences than spatial differences. Assuming that the arithmetic
mean of the perceived difference values is a meaningful measure, the perceived tonal
differences are, relative to the spatial differences, minimally higher for the head-
phone based experiment than for the loudspeaker based experiment. Even though
this deviation in the results of both reproduction methods is only subtle it would,
in theory, make sense that the headphone based method results in more tonal differ-
ences than the loudspeaker based method since the used generalized HRTFs might
not match to the listeners anatomy and therefore a change in elevation angle might
rather be perceived as tonal change than as a spectral elevation cue.

On the other hand, both experiments showed that changing a reflection’s elevation
angle on the frontal plane results in significantly higher perceived spatial than tonal
differences. This could be explained by the fact that, for lateral reflections, alter-
ing the elevation angle results in a change of interaural differences. As shown in
Figure 2.3, a sound wave impinging on the frontal plane with 0° elevation generally
leads to the highest possible ILD and ITD as well as the lowest IACC under free
field conditions. An elevation angle of 45° on the other hand leads to relatively low
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ILD and ITD values as well as a high TACC. The obtained results suggest that this
large change in interaural cues results in strong perceived spatial differences which
then predominate the tonal differences.

Lastly, it can be observed that, throughout all comparisons in both experiments,
the perceived tonal differences are slightly lower compared to the spatial differences
when adding the “big hall” SRIR to the stimuli. This could indicate that adding
a significant amount of reverberation masks the tonal differences introduced by
changing a reflection’s elevation angle in addition to overall increasing the detection
threshold. This corresponds to the findings of [35], where it was shown that the
level of a room’s reverberant field has an effect on the timbral contribution of an
individual reflection.

5.2 Detection Threshold

The presented results show that the strength of a reflection strongly influences
whether or not changes in the reflection’s elevation angle are audible. Thereby, it
was found that this detection threshold depends on the reflection position whereby
lateral displaced reflections generally result in a noticeably lower detection threshold
than reflections on the median plane. The amount of change in elevation also affects
the detection threshold as it was shown than a 10° elevation change results in less
audible differences than a 45° change. Additionally, both the source signal as well
as the amount of room reverberation and the used reproduction method influence
this threshold. Due to this complexity, it is not possible to determine universal
detection thresholds for a change in a reflection’s elevation angle from the obtained
data. However, repeating the experiment with a denser grid of evaluated reflec-
tion positions, a wider range of reflection levels and a set of frequency limited test
signals would eventually allow to identify general reflection position- and frequency-
dependent detection thresholds. While such an experiment would require a large
number of stimuli comparisons per participant, its results could potentially be used
to develop a model to predict if quantizing all elevated reflections of a specific SRIR
to the horizontal plane would yield in perceivable differences.

5.3 Influence of Stimuli Type

From both the ABX test evaluation and the perceived difference values it is obvious
that, independent on the reflection position or reproduction method, a drum signal
always yields in larger perceived differences between two reflection positions than a
speech signal at the same reflection level. This is expected since the drum signal
contains more high frequency components and is more impulsive than the speech
signal which makes higher frequency spectral cues as well as timbral differences
more audible. For both reproduction methods, the speech signal in fact resulted
in so small differences that, even at a reflection level of 0 dB and without added
room, a 45° elevation change on the median plane did not result in a statistically
relevant perceivable difference. For a lateral displaced reflection altering in elevation
on the frontal plane on the other hand, a clear difference between two reflection

50



5. Discussion

positions was also audible using the speech signal. This means that the relevance
of a reflection’s elevation angle for the spatial perception of a room is dependent on
the source signal whereby it was shown that the perception of a drum signal is more
critical regarding changes in a reflection’s elevation angle than the perception of a
speech signal.

5.4 Influence of Room

Independent on the stimulus type, reflection position or reproduction method, the
experiment results suggest that adding a spatial room impulse response to the com-
pared stimuli decreases the perceived spatial and tonal differences between two re-
flection positions and therefore increases the detection threshold. Thereby, it was
found that a room with a longer reverberation time like the evaluated “big hall”
has a stronger masking effect than a small room with less diffuse reflections like the
“listening lab”. This corresponds to findings in the context of other psychoacoustic
effects like for example the echo threshold, which also decreases when additional
reflections are present between the direct sound and a specific reflection [1, p. 274].
As shown in Figure 3.4b, the RIR of the “big hall” contains more energy than the
“listening lab” RIR in the range before the added ceiling reflection occurs around
5 ms which could cause a partial masking of the elevated reflection. In general, it
can be assumed that the spatial and tonal differences caused by changing a single
reflection’s elevation angle are less severe when many other early and late reflections
are present since the influence of this single reflection on the overall perceived sound
is less than in a free-field scenario.

While related research proved that the localization accuracy for brief impulsive tones
is not significantly affected when changing a room’s reverberation time, it has also
been shown that the localization accuracy for steady state noise is remarkably de-
creased when increasing the amount of reverberation [36]. This suggests that adding
a large room such as the “big hall” to the stimuli affects the speech signals more
than the rather impulsive drum signal which could then lead to a lower reflection
localization accuracy for the speech which would finally result in less perceivable
differences. However, since the speech signal with added reverberation was not eval-
uated in the performed listening tests, this theory can not be confirmed from the
results.

5.5 Relation of Perceived Differences and IACC

While the results show that perceivable spatial and tonal differences even occur when
the maximum normalized IACC between two compared stimuli is exactly the same,
it is evident that a large IACC difference between two stimuli corresponds to large
audible differences. Comparing the results between reflections on the median and
frontal plane suggests that, even though spectral cues also allow the discrimination
of two sounds with different reflection elevation angles, a change of interaural cues
results in a larger perceivable difference. This is in accordance with literature such
as [18], [34] and [17] which confirmed that the human auditory system can be highly
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sensitive to changes in the TACC. This outcome is especially relevant in the context
of headphone based sound reproduction, where nonindividualized HRTFs can result
in less robust spectral cues and hence the influence of interaural differences on the
spatial perception might be considered as more prominent.

Additionally, it was confirmed that adding a diffuse room does decrease the overall
IACC but does not significantly reduce the IACC difference between two stimuli
with varying reflection positions, which, according to [18], means that a change in
IACC is less perceivable than without any added room.

Even though TACC differences are not the only indicators for perceivable differences
in the context of this thesis, one can assume that analyzing a spatial sound scene
with altering reflection positions regarding changes in the maximum normalized
IACC and comparing those changes to the just noticeable IACC differences found
in the previously mentioned literature would allow to at least identify scenarios
where a clear audible difference due to a change in a reflection’s position is likely.
However, analyzing just the IACC without taking monaural cues into account can
not rule out that differences are perceived in cases where the IACC stays constant
as it was shown for reflections on the median plane.
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Conclusion

The aim of this thesis was to evaluate the ability of the human auditory system
to distinguish between early reflections with different elevation angles. The ob-
tained listening test results show that, under certain conditions, changing an early
reflection’s elevation angle results in clearly perceivable spatial and tonal differences
both for a loudspeaker and headphone based reproduction method. Thereby, it was
determined that the amount of perceived differences depends on:

The reflection level
A stronger reflection signal results in larger perceived differences.

The lateral reflection angle
Changing the elevation of a reflection on the frontal plane results in signifi-
cantly stronger perceived differences than a reflection on the median plane.

The change of elevation
Changing a reflection’s elevation angle by 10° produces less audible differences
than an elevation change of 45°.

The source signal
Using a drum recording as source signal clearly yields in more perceivable
differences than using a speech signal.

The room
The perceived differences are noticeably higher in an anechoic environment
than in a diffuse sound field. Thereby, a longer reverberation time resulted in
less audible differences.

The reproduction method
The amount of perceived differences was found to depend on the specific re-
production method. Thereby, it can be assumed that parameters such as the
number of speakers for a loudspeaker based reproduction or the used HRTFs
for a headphone based method influence the overall detection accuracy.

Furthermore it was found that, if changing a reflection’s elevation angle causes a
large TACC difference, this is a strong indicator for perceivable differences. Thereby,
the difference in maximum TACC is directly affected by the reflection level, posi-
tion, elevation change, the source signal and the room. However, it is not possible
to state that the amount of perceived differences between two reflection positions
directly depends on the resulting IACC difference since it was shown that a change
in elevation can also be perceived when the IACC stays constant.

These findings suggest that, for the sake of an accurate reproduction of a spatial
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sound scene, it is, under certain conditions, necessary to measure and reproduce
the original three-dimensional DOAs of all strong room reflections. Furthermore,
the data indicates that an accurate spatial reproduction is especially important for
dry rooms with strong and eventually laterally displaced elevated early reflection.
For large rooms with no pronounced ceiling reflections such as the investigated “big
hall”, quantizing all elevated reflections to the horizontal plane did not result in
audible differences.

However, the conducted experiments only investigated whether or not differences
between varying reflection elevation angles can be perceived and it was not evaluated
if the participants found one of the two compared stimuli to be more plausible. This
means it is possible that, even though the participants perceived differences when
changing a strong early reflection’s elevation angle, both stimuli were in the end
perceived as equally plausible. Nevertheless, in a non-formal interview after the
experiments many participants stated that, especially for the loudspeaker based
setup, the stimuli which included an elevated reflection often resulted in a more
enveloping perception compared to the cases with no elevated reflection. This aspect
could be further investigated in a follow up experiment. The same applies to the
comparison of the two reproduction methods. Thereby, the results only show that
the detection accuracy for both methods is in a similar range but it is certainly
possible that the overall spatial impression using a headphone based reproduction
method is different than using a loudspeaker setup.
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Figure A.1: Spatio-temporal visualization of “Big Hall” SRIR using eight virtual
loudspeakers on the horizontal plane calculated using the SDM Toolbox
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Figure A.2: Spatio-temporal visualization of “Big Hall” SRIR using eight virtual
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with 90° elevation calculated using the SDM Toolbox [21]
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tual loudspeakers on the horizontal plane calculated using the SDM
Toolbox [21].

Median Plane

Top Frontal Plane Top
0dB 0dB
-10 dB I 104
| -20dB -20 dB
Back . === Front Left = * Right
. Bottom Bottom
Horizontal Plane
Left
0dB
-10 dB
¢ 20 dB
, an)
o
R=|
[
Back . = Front =]
=]
RS
=l
&b
s
/ =
Right 10? 10° 10*
fin Hz
[ IO - 125 ms 5- 125 ms 20 - 125 ms 50 - 125 ms|

Figure A.4: Spatio-temporal visualization of “Listening Lab” SRIR using eight vir-
tual loudspeakers on the horizontal plane and one extra virtual loud-
speaker with 90° elevation calculated using the SDM Toolbox [21].

IV



Headphone Based Experiment
Results
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Figure B.1: Headphone based listening test results for comparison between a reflec-
tion with an elevation angle of 45° and 0° at an azimuth angle of 0°
with varying reflection levels, source stimuli and room IRs.
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Figure B.2: Headphone based listening test results for comparison between a reflec-
tion with an elevation angle of 10° and 0° at an azimuth angle of 0°
with varying reflection levels and source stimuli.



B. Headphone Based Experiment Results

B.2 Elevated Reflections on the Frontal Plane
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Figure B.3: Headphone based listening test results for comparison between a reflec-
tion with an elevation angle of 45° and 0° at an azimuth angle of 90°
with varying reflection levels, source stimuli and room IRs.
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Figure B.4: Headphone based listening test results for comparison between a reflec-
tion with an azimuth angle of 0° and 90° at an elevation angle of 45°
with varying reflection levels, source stimuli and room IRs.
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B. Headphone Based Experiment Results

B.3 Natural SRIRs with and without added Ele-
vated Loudspeaker
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Figure B.5: Headphone based listening test results for comparison between SDM
SRIR rendered with added loudspeaker at 90° elevation and SDM SRIR
rendered only for loudspeakers on the horizontal plane. Only the drums
signal was evaluated and just the natural IRs of “Big Hall” and “Lis-
tening Lab” were used.
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