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Sommario

La riproduzione di eventi sonori tramite cuffie € sempre piu usata, anche per via della
diffusione di dispositivi come smartphone, riproduttori portatili di contenuto multi-
mediale e tablet computer. Questa forma di ascolto privato limita pero I’esperienza
dell’ascoltatore, proponendogli un suono localizzato all’interno della testa e senza
informazioni riguardanti ’ambiente di ascolto, che € ben lontano dall’esperienza che
si sperimenta nella vita reale.

Al fine di proporre all’utente un suono spazializzato, sono state investigate diverse
tecniche che permettono di rendere un suono in una qualsiasi posizione dello spazio
all’interno di un ambiente di ascolto. In particolare, I'efficienza nella simulazione di
sorgenti sonore virtuali in cuffia & legata alla conoscenza di caratteristiche fisiche
dell’ascoltatore, che influenzano nella vita reale ’ascolto da parte delle persone. Lo
studio di queste caratteristiche richiede ’utilizzo di tecniche di misurazione costose
e invasive, che producono dei risultati molto accurati (ma molto personalizzati).
Per superare questi limiti, altri metodi sono stati proposti in letteratura, al fine
di ottenere dei modelli non personalizzati che non si affidino a misurazioni fisiche.
Anche se questi metodi risultano essere meno accurati, risultano essere interessanti
per varie applicazioni.

In questa tesi proponiamo un sistema sonoro 3D che permette di riprodurre una o
pit sorgenti virtuali nello spazio, basate su un modello generale dell’ascoltatore. 11
sistema proposto tiene anche in considerazione l’effetto di un ambiente di ascolto nel
quale e possibile posizionare delle sorgenti sonore, utilizzando una tecnica basata
sull’acustica geometrica (beamtracing), che permette di calcolare, in modo efficiente,
leffetto dell’ambiente sul campo acustico. Infine, il sistema € stato pensato per poter
offrire all’'utente un certo grado di interattivita, fornendogli gli strumenti per poter
esplorare ’ambiente nel quale viene posizionato. F stata dunque implementata la
possibilita per 'utente di potersi muovere all’interno della stanza, potendo scegliere
un punto di ascolto desiderato, e di poter inoltre muovere la testa.

Per ottenere una valutazione soggettiva delle capacita della nostra tecnologia,
abbiamo condotto dei test percettivi, che c¢i hanno confermato alcuni limiti del
nostro sistema in condizioni non favorevoli (come ad esempio quelle statiche), mentre
risultano interessanti in condizioni di movimento dell’ascoltatore e di realismo offerto.
I risultati ci permettono di concludere che il nostro sistema, nella sua semplicita,
risulta essere efficace nell’esplorazione di un ambiente di ascolto, potendo essere
utilizzato al posto di metodologie piu costose a parita di condizione di movimento.
Possiamo inoltre affermare che 'interazione uomo-sistema e le simulazioni di suono
realistiche tramite cuffia sono tecnologie da seguire e continuare a sviluppare nel
corso dei prossimi anni.
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Abstract

The reproduction of sound events through headphones becoming more and more
popular, mainly due to the diffusion of devices like smartphones, mobile digital
media players and tablet computers. This modality of private listening enables a
limited experience, providing a in-head localized sound without information about
the listening environment, that is far away the listening experience of the real life.

In order to improve the listening experience, different techniques for rendering
a sound in space within a listening environment were investigated. In particular,
the efficiency in rendering virtual sound sources over headphones is related to the
knowledge of the physical characteristics of the listener, that in real life affect the
perception of sounds. The study of such characteristics require invasive and expensive
measurement techniques, which produce very accurate (but highly individualized)
results. In order to overcome these issues, other methods have been proposed in
the literature, aimed at obtaining non-individualized models that do not rely on
physical measurements. Even if such models are generally less accurate, they turn
to be attractive for several applications.

In this thesis we propose a 3D sound system that allows to reproduce one or more
virtual sound sources in space, based on a general model of the listener. The proposed
system also renders the effect of the virtual environment in which virtual sources
are located. This is accomplished by means of a beamtracing technique, which
exploits the laws of geometrical acoustics for predicting the impulse responses from
the virtual sources to the listener position. The system has been thought in order
to provide the user a certain degree of interactivity, giving the tools to explore the
environment in which he or she is located. It has been implemented the possibility
for the user to move inside a room, choosing a desired listening position, and rotating
the head.

In order to evaluate the proposed system, we have conducted several perceptual
tests, that confirmed some limits of the system in unfavorable conditions (like
for example the static ones), while interesting results were shown in conditions of
motion of the listener, which turned to enhance the perceived degree of realism. The
results allows us to conclude that our system in its simplicity results effective in the
exploration of a listening environment and it can be used in place of more expensive
methodologies under equal conditions of motion. We can state that the human-
computer interaction and the rendering of realistic sounds through headphones are
technologies to take into consideration or developing novel and attractive applications.
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Chapter 1

Introduction

The continuous technology innovation in the electronics field and in the human-
computer interaction is opening up new avenues for innovative applications in
different areas. Also the sound reproduction area is affected by these changes and
improvements, trying to provide always more realistic and high fidelity systems. In
particular, for some years the interest in reproducing virtual auditory scenes is more
and more increased.

This work of thesis is the result of a research about a system implementation aimed
at the evaluation of the possibility to produce a 3D-spatial sound over headphones.
In particular the final implementation is about an immersive and realistic technology,
that allows the user to interact with.

Reprduction systems through loudspeakers are able to provide a surrounding
signal and also a spatialized signal, but they present some limitations: they don’t
allow private listening, and, the correct wavefield can be reproduced only over a
limited area, called sweet-spot. Simply put, the problem with using loudspeakers for
3D sound is that control over perceived spatial imagery is greatly sacrificed, since
the sound will be reproduced in an unknown environment. In other words, the room
and loudspeakers will impose unknown transformations that usually cannot be easily
compensated for by the designer or controller of the 3D audio system. Headphone
listening conditions can be roughly approximated from stereo loudspeakers using a
technique called cross-talk cancellation, that allows to eliminate the crosstalk, i.e
the signal that from the right channel arrives at the left ear and the signal that from
the left channel arrives at the right ear.

This work is motivated by the growing interest and development of sound field
rendering techniques, and by the increasingly developed applications in augmented
reality. Sound reproduction through headphones is getting more and more the
preferred way to consume music; as well, consumer technologies like smartphones are
also music players and in this context there are many avenues of research. Mobile
voice communications applications that use these new capabilities include audio
teleconferencing or telepresence in a meeting. Properly reproduced over headphones,
spatial sound can provide an astonishingly lifelike sense of being remotely immersed
in the presence of people, musical instruments, and environmental sounds. For voice
communication, spatial sound can go beyond increased realism to enhance intelligibil-
ity and can provide the natural binaural cues needed for spatial discrimination. For
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environmental monitoring or games, it can provide unparalleled awareness of both
the sound-generating objects and the surrounding acoustic space. Spatial sound will
also be used in conjunction with video in remote monitoring to provide rapid sonic
detection and orientation of events for subsequent detailed analysis by video. Finally,
one can think for example at the new idea of dancing, ’Silent Disco’, in which rather
than using a speaker system the music is transmitted to the headphones. As well
personal listening, audio for videogames, telecommunication, and so many other
possible applications.

Normally, what we hear through headphones is different from the reality. In
fact, without a specific binaural processing, that is a processing of the input signal
in order to try to reproduce the filtering effects introduced by the listener’s body,
especially by the torso, the head and the outer ear, the ears receive dry signals
that are perceived inside the head: this results in a limitation of the experience.
In addition, the same signal is sent to both the ears. Therefore, by conveying a
binaural signal to the headphones, it is possible to render a sound in space that
enables a more immersive and realistic listening experience. In order to provide a
spatialized sound over headphones we must be able to represent the way in which
people hear sounds in real life. All these informations are collected by the transfer
function that relate the sound pressure at the sound source, and the sound pressure
that arrives at the ears of the listener: it is called Head Related Transfer Function
(HRTF). It differs from person to person and it can be measured through a long and
costly process; alternatively, it is possible to use a generic model that approximates
the real ones. An example of HRTF database is freely available online [18, 19]. In
this thesis we use an approach based on a structural model of the HRTF, that is a
generic non personalized model. We have worked on various cues able to provide
informations about simulating real-life hearing, looking for the best suited models
for each of them. Using a non personalized model some problems arise, like the
difficulty in hearing a sound localized outside the head and having a pronounced
separation between sounds in the front and in the back of the head. We are aware
of these problems but our final implementation is related to a system in which the
listener is in motion: the listener is able to explore an environment and interact with
the system changing the listening position and rotating the head. This allows, to
some extent, to overcome the problems listed above.

In order to evaluate our work we have designed and conducted some perceptual
listening tests, collecting subjective assessments about various aspects and charac-
teristics of the system. In particular, we considered the system capability to render
localized sounds in space, the system capability to render a virtual moving listener in
a room, the immersivity and realism of the sounds generated. Finally, a questionnaire
was proposed to the subjects undergoing the tests, which were asked to express
a qualitative judgment of the overall system. This permits to have informative
subjective results about the capability of the system to render a convincent auditory
scene.

Outline

The thesis is organized as follow: in Chapter 2 we present the state of the art about
the reproduction sound systems devoted to sound field rendering. In particular



we present a distinction between those based on loudspeakers and those based on
headphones. Furthemore, we describe the limitations and the positive aspects of each
one. Then we explain how it is possible to take into account the cues involved in real
life hearing. After that we speak about the contribution of a virtual environment,
and the cues that are exploited to perceive a position inside a room. Finally we
treat the possibility to take into account the head movement.

In Chapter 3 we treat in details the aspects related to the implementation of our
system. We show the model we use to represent the way humans listen to sounds,
and we explain the single cues involved. Moreover we introduce the method used to
represent the listening environment and consider its cues. Finally we describe the
method used to take into account the head rotation.

The Chaper 4 is about the interface and the interaction with the system. In
particular we show the listening environments considered, describing their geometrical
and acoustical characteristics. Then we describe the way the users can use to rotate
the head of the virtual listener, and finally we present the graphical user interface
that includes all that is needed to understand the virtual sound scene.

In Chapter 5 we describe the criteria leading to the design and planning of formal
listening tests aimed at a subjective evaluation of our system implementation. In
particular, we show how we have employed standard recommendations from ITU-R,
Broadcasting service (Sound) (BS) and adapted them to our specific needs.

In Chapter 6 we present all the experimental results in order to prove the
effectiveness of our model. Moreover, we present a discussion of the results, aimed
at highlighting the strong relation between our model and the results found in
literature.

Finally, in Chapter 7 we draw some conclusions and we show possible future
works.






Chapter 2

Background

From the early nineties to present days, sound reproduction techniques have changed
and evolved over time [20]. This evolution was dependent from the interest in
reproducing a realistic sound that surrounds the listener. In order to obtain a realistic
reproduction of sounds it is necessary to position a sound in space independently
from the sound reproduction system configuration: for this reason, an increasingly
interest arised around techniques that allow to simulate a sound source in space.
This is possible using a simple loudspeaker configuration but the desired wavefield
can be correctly reproduced inside a limited listening area and in addition there is
no isolation between the signals intended for the left and right ear. Conversely, a
sound reproduction based on headphones provides a channel separation and there is
no area outside of which it’s not possible a correct sound reproduction. After the
observation about the human capability of perceiving sounds in 3D using only two
receivers, i.e. the ears, and the possibility to simulate a sound position changing
the sound difference between the ears, researchers were persuaded toward sound
synthesis over headphones. The first binaural sound system can be considered the
"Théatrophone" in 1932 [21] and today the sound reproduction through headphones
is widespread.

Simulating a sound in space needs to take into consideration a set of cues present
in real life that modify the sound before reaching the eardrums: indeed, if we
were able to faithfully reproduce the alterations introduced by the path from the
sound source to the listener, we could reproduce in a realistic way a sound through
headphones. In order to take into account the sound perceived from the listeners
when they ear sound in a real situation, in this Chapter we present several ways
to consider the cues involved in the listening, each with its own advantages and
disadvantages. In particular, we will focus on a simple but efficient way to obtain
the sounds to be sent to the listener’s ears. For the purposes of an entire 3D sound
system, we would like to model not only the outer ear, but also the entire body
involved in diffraction and reflection of sound before reaching the eardrum.

As well, in order to simulate a listening in a given room, the cues introduced by
the listening environment are considered. In addition, this chapter treats the habit
of humans to move the head in order to minimize cues from head when hearing a
sound to localize: the reason is that several studies [10, 22, 23] have shown that
allowing a listener to move the head can improve localization ability and increase
the sense of realism.
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In this Chapter we present all the components needed to reproduce a faithful
realistic binaural sound through headphones. First, we motivate the growing interest
about technologies that are able to synthesize immersive spatial sounds. Then we
introduce in Section 2.2 the coordinates system used. In Section 2.3, we present the
idea behind the possibility of reproducing realistic sounds over headphones: we talk
about the transfer function connecting the pressure at the sound source and the
pressure at the eardrums, why it’s so important, what it represents. In Section 2.4,
we introduce the listening environment and we describe the transfer function that
takes into account not only the direct sound but also the reflections. Then, in Section
2.5, we talk more in details about the characteristics of a listening environment
and the contribution that it introduces, and in Section 2.6, we describe how it is
possible to take into account the contribution of the reflection paths introduced by
the environment.

Furthermore, in Section 2.7, we present some existing systems that spatialize
sound through headphones.

2.1 Sound reproduction

Sound reproduction is the process of reproducing sound waves (such as voice, singing,
instrumental sounds and other sound effects) by means of electronic and electro-
mechanical devices. Sound reproduction techniques have evolved over time and
more and more interest has been focused around the possibility to create a virtual
auditory scene, i.e. the effect in the listener to perceive a sound in a particular
listening environment. Indeed, audio is much important in multimedia and Virtual
Reality Application, and through 3D audio techniques it’s possible to build a 3D
audio model: in this way, the audio content is more attractive and realistic [24].
From the early days of phonograph in the late-19th century, monophonic sound
reproduction was the rule for almost all audio production scenarios. Typically, these
systems consist of one single loudspeaker or, in situations where an increased sound
pressure is needed, multiple loudspeakers fed by a single signal. Such a system does
not provide a position in space: the listener always perceives the sound as coming
from the loudspeaker itself. The increasing interest in producing the effect of an
appareant sound source positioned anywhere in space, led to the development of
new reproduction techniques.

2.1.1 Reproduction through loudspeakers

In 1931 Blumlein [25] filled a British patent which described the basics of stereo
recording and reproduction, and which is up to now the basic of all stereo recording
techniques: he developed two-channel recording methods [26] in the attempt of
creating an illusion of directionality and sound scene perspective. These methods
prescribe the use of two loudspeakers fed by independent signals. Such techniques
are referred to as two-channel stereophony and nowadays they are commonly em-
ployed in entertainment applications (e.g. FM radio and TV broadcasting, popular
music production). In 1934 researchers at AT&T Bell labs described two major
configurations of spatial audio reproduction [27, 28]: two channels and multi-channel
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[29]. In experiments they proved three loudspeakers (left, center, right) provide
superior quality to a larger audience compared to two loudspeakers [29].

Blumlein recognized that using a simple system with two loudspeakers, it was
possible to delocalize a sound with respect to the position of the loudspeakers simply
varying the sound amplitude: this technique is called 2D amplitude panning [30]. The
idea is that it is possible to position a virtual sound source along the arc connecting
the two loudspeakers, changing the intensity levels of the two output signals [31].
The technique is depicted in Figure 2.1: two loudspeakers are placed at the same
angle 0y with respect to the front of the listener and a virtual sound source that we
want to simulate at an angle 6. In order to do so, the two loudspeakers are fed by
the same signal s(t), but multiplied by two different gain factors g; ang gg for the
left and the right loudspeaker, respectively. The gain factors vary depending on the
source position that we want to simulate, i.e. on the angle #. This model can be
improved taking also into account the phase differences, and so adding two different
delays of the input signal [30].

virtual source
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Figure 2.1. Sound reproduction system configured with two loudspeakers L. and R po-
sitioned at an angle 6y with respect to the median plane of the listener. Varying the
amplitude of the output signals it is possible simulating a virtual source positioned at
any angle 6 along the arc connecting the two loudspeakers. [1]

Since the 2D amplitude panning technique allows us to only position a virtual sound
source along the arc connecting the two loudspeakers, a successive step led us to the
use of a technique with three loudspeakers aimed at taking into account a 3D space.
The typical two-channel stereophonic listening configuration is extended with a third
loudspeaker placed in an arbitrary position at the same distance from the listener
as the other loudspeakers. However, the loudspeaker should not be placed on the
two-dimensional plane defined by the listener and the two other loudspeakers [1]
(Figure 2.2). Thus, the previous concept is expanded into a 3D amplitude panning
denoting a method for positioning a virtual sound source into a triangle formed
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by three sound sources, which are driven by the same input signal with different
amplitudes.

channel 3

virtual  ,* ,13 R
source ’ _~._Channel 2
’

channel 1

Figure 2.2. Configuration for three-dimensional amplitude panning [1].

These simple amplitude panning techniques have a particular disadvantage: a

listener standing near a speaker will perceive the sound as coming from that speaker
even if its level is lower than that of another speaker fed with the same signal. Thus,
the listener has to be equidistant to the speakers, in a restricted area [1].
The term stereophony also refers to more complex systems like surround systems,
which employ a set of loudspeakers surrounding the listeners. Nowadays cinema
and soundtracks are the major applications of surround techniques. With both
stereophonic and surround systems the correct reproduction of the sound scene
is restricted to a narrow listening area, usually named sweet spot [29]. Outside
this area timbral and spatial distortions occur. Moreover, in an audio system with
loudspeakers we don’t have two distinct channels, but the output signals mix in
the air before reaching the listener; so, using loudspeakers, it’s not possible sending
independent signals to the ears, but it is necessary using the crosstalk cancellation
technique [32] in order to present at right ear a different signal with respect to the
left ear and vice versa. This technique attempts to emulate the listening experience
provided by the headphones. However, the sweet spot turns to be very narrow in
this case.

After a commercially non-successful extension to four channels (quadrophony) in
the seventies, today 5-channel stereo, which adds 2 surround channels and a center
channel is used more and more [33]. But two, three and five channel stereo systems
are doomed to preserve some limitations along the time [2]:

e good spatial audio quality is limited to a small portion of the reproduction
room, the so-called sweet spot;
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e (virtual) sound sources can be placed at loudspeaker position, between loud-
speaker positions or farer apart from the listener, but not in the gap between
loudspeaker and listener;

e (virtual) sound sources placed between loudspeakers sound differently than
sound sources placed on loudspeakers positions;

e sound sources placed between front and surround speaker are rather unstable,
that is they are even more dependent on the exact position of the listener

In order to overcome these limitations is necessary a different approach: the idea
is to use loudspeakers in a more efficient fashion, that take us to the state of the art of
audio rendering systems through loudspeakers. A generic sound rendering system is
a system that tries to position a virtual sound anywhere in space using loudspeakers
or headphones [34]. In particular, a generic rendering system through louspeakers
(Figure 2.3) is designed in order to reproduce a desired wavefield inside a listening
area (the grey area in Figure 2.3): it is composed by an arbitrary distribution of M
loudspeakers in positions p1, p2, ..., py- This system has the goal of reproducing
a wavefield generated by a set of virtual sources located in s1, so, ... , sy using
loudspeakers. With the desired wavefield term we mean the description of a wavefield
to be reproduce with some rendering technique.
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Figure 2.3. A generic rendering system model through loudspeakers.

Two main sound rendering techniques over loudspeakers exist:

o Wave Field Synthesis (WFS) is a sound field synthesis technique that uses an
array of loudspeakers to reproduce a sound field over a large listening area. It
overcomes some of the limitations of stereophonic reproduction techniques, like
e. g. the sweet-spot [35]. A first concept, of what is nowadays known as WF'S,
was presented by Snow et al. [36] more than 50 years ago. However, technical
constraints prohibited the employment of a high number of loudspeakers for
sound reproduction. This technique describes sound propagation based on
physical laws; it is based on Huygens-Fresnel principle [35]: each point on a
wave front can be regarded as the origin of a point source [37] (Figure 2.4).
For instance, we can recreate a spherical wavefront like a sum of wavefronts
generated by a loudspeaker distribution.
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Figure 2.4. Principle of WFS: superposition of secondary sound source recreates sound-field

2]

This technique needs a large number of small and closely spaced loudspeakers
form a so called loudspeaker array, in order to reconstruct the sound field within
a volume [35, 38]. Each loudspeaker in the array is fed with corresponding
driving signal calculated by means of algorithms based on the Kirchhoff-
Helmholtz integrals and Rayleigh’s representation theorems [38]. In Figure 2.5
is depicted a cinema hall in which an array of loudspeaker is implemented for
the use of the Wave Field Synthesis technique.

Figure 2.5. WFS system applied for cinema [3]

e Ambisonics is an approach to the recording and reproduction of three-dimensional
wavefields which is founded on the representation of the wavefield in polar
coordinates [39]. The wavefield may be expressed as a sum of orthogonal
terms with opportune polar responses, i.e spherical harmonics functions [40].
Using ambisonics we can sample the wavefront at a point in the space and
starting from that reconstruct what happens around, with a configuration that
is different from the way microphones are positioned. The idea is to decompose
the wavefield in a series of basis function, and then get it back reproducing the
basis function [41]. In practice it is common to synthesize such polar responses
through array signal processing [42].
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Historically first order Ambisonics recording with B-Format microphone was
devised in the 1970th by Craven and Gerzon [41]. By that time the idea
behind this technique was to derive from the signals of four closely spaced
microphones (B-Format microphone), the pressure and the three particle
velocity components at one point in space. These four signals, called B-Format
signals, encode all the necessary 3D spatial information to reproduce plane
waves impinging at the microphone position according to the first order 3D
Ambisonics reproduction [42]. If only planar information is required (2D
Ambisonics reproduction), only three microphones are necessary and the
pressure and the two velocity components can be obtained directly as the
output of three coincident microphones, hence the name native B-Format
microphone. Nowadays first order Ambisonics recordings with B-Format
microphone as well as High Order Ambisonics (HOA) [43] recordings are well
founded in the theory of wavefield decomposition by means of circular and
spherical harmonics functions [40].

The main difference between these two sound rendering techniques is related to
the sweet-spot dimension: in Wave Field Synthesis this is the total area within
the boundaries imposed by the loudspeakers, while in Ambisonics that works with
spherical or circular distributions of loudspeakers, the sweet spot is in the center
of the circle of the loudspeakers, and its dimension is dependent on the number of
loudspeakers used. The limitations of these techniques are related to the cost of
spatialization, i.e the cost of the rendering of numerous output channels [44], which
can use hundreds of speakers. In addition, they are intrusive of the space, and their
results are related to the number of loudspeakers used.

2.1.2 Reproduction through headphones

The classical reproduction of sounds through headphones is restricted to a listening
in which the headphones are feeded with the same signal for left and right ear: this
leads to a monaural listening, i.e a listening in which we have the same signal for
left and right ear, and no spatialization is possible. Thus, the listener will perceive
a sound internalized or near the center of his or her head. The idea of using the
headphones for reproducing spatialized 3D sounds came years ago during the studies
of Lord Rayleigh [45, 46] that conluded that if we were able to reproduce at the
listener’s eardrum the same sound pressure as in real life hearing, we could obtain
realistic hearing; in particular, the fact that binaural synthesis only requires two
audio channels to represent the entire three-dimensional space makes it particularly
applicable for simulating a listening in a virtual environment. Headphones provide a
high level of channel separation, thereby minimizing any crosstalk that arises when
the signal intended for the left (or right) ear is also heard by the right (or left) ear.
Headphones can also isolate the listener from external sounds and reverberation
that may be present in the environment, ensuring that the acoustics of the listening
environment or the listener’s position in the room does not affect the listener’s
perception [47]. In addition, reproduction over headphones is independent from the
listener’s position and no sweet spot exists. On the other hand, while headphone-
based systems offer potential benefits, some shortcomings exist to their use. Indeed,
headphones may be uncomfortable and cumbersome to wear, especially when worn
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for long periods. Additionally, unless the relevant spatial information is accounted for
(inclusion of a virtual listening environment), sounds conveyed through headphones
will not be properly “externalized” but will rather be perceived as originating inside
the head. Finally, it is difficult to obtain good results, and the greatest risk is to
obtain a sound heard inside the head, along the interaural axis, i.e the imaginary
axis connecting the ears [48].

The possible of applications based on sound reproduction through headphones are
a lot: if spatial sounds are properly reproduced over headphones, they guarantee a
sense of realism and immersivity [49]. In particular for voice communication, spatial
sound can go beyond increased realism to enhancing intellegibility and can provide
the natural binaural cues needed for spatial discriminations. For all these reasons it’s
an interesting application for audio teleconferencing or telepresence in a meeting [49].
For music, immersive sound can go beyond reproduction through stereo set at home,
giving an entire auditory image of the sound reproduction environment [50]. For
environmental games, it can provide awareness of both the sound-generating objects
and the surrounding acoustic space [10]. As well the advances of the computational
power of consumer electronics, are making this technology available for mobile
devices [9]. Furthemore, if along with auditory cues, also visual cues are provided
the realism and immersivity of the listener is greatly improved [50].

2.2 Coordinate system

To specify the location of a sound source relative to the listener, we need a coordinate
system. Fundamentally, spatial perception involves an egocentric frame of reference
in which measurements and orientation of sound sources are given from the listener’s
position. Working in a 3D space, we can define three planes: the median plane is
the plane which vertically cuts through the middle of the head and divides the head
into right and left halves; the horizontal plane, divides the head into superior and
inferior parts; the frontal plane, is responsible of front/back separation.

The head can be roughly modeled as a sphere, thus a spherical coordinate system is
usually adopted. Here the standard coordinates are azimuth, elevation and range.
Unfortunately, there is more than one way to define these coordinates, and different
people define them in different ways.

In this thesis, the interaural-polar coordinates system [4] depicted in figure 2.6,
is used.

We use the triple (azimuth 6, elevation ¢, distance p) to define a point in space;
indeed, azimuth and elevation descriptions indicate the perceived position only in
terms of its location on the surface of a sphere surrounding the listener’s head. For
a more complete description the perceived distance of the sound source as another
dimensional attribute is needed. Normally, azimuth and elevation are measured in
degrees, where 0° degrees elevation and azimuth are at a point directly ahead of
the listener, along a line bisecting the head outward from the origin point. In this
coordinates system the azimuth is defined between -90 and +90 degrees. Elevation
increases upward from 0 degrees to a point directly above a listener at up 90 degrees,
or directly below at down 90 degrees. In figure 2.7 some values are plotted.
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Figure 2.6. Two spherical coordinate systems: on the left the vertical-polar coordinates,

on the right the interaural-polar coordinates [4].
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Figure 2.7. Some interaural coordinates values (six couples (6,¢)) [5].

2.3 Head Related Transfer Function

In order to produce spatialized sounds over headphones is necessary to reproduce at
the listener’s eardrum the same sound signal he or she would hear in real life. In
this context, we consider the propagation of a sound before reaching the eardrums
of a listener: indeed, if we were able to take into account the alterations affecting
the sound during the propagation and model them like a transfer function, then we
can use it to filter the input signal and obtain the signal to be sent to the listener’s
ears. In this Section, we introduce the concept of Head Related Transfer Function,
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that is the transfer function between the sound source and the eardrum, that is used
to filter the monaural signal to obtain binaural one.

The acoustic cues for sound localization are a consequence of the physical processes
of sound generation, propagation, diffraction, and scattering by objects in the
environment, including the listener’s own body. Being all physics processes, they
can be analyzed by solving the wave equation subject to appropriate boundary
conditions. In practice, the irregularities of the boundary surfaces produce extremely
complex phenomena, and measuring the boundary surfaces (particularly, the pinnae)
with sufficient accuracy can be challenging [49]. Analytical solutions are available
only for very simple geometries. Standard numerical methods are limited by the
need to have at least two spatial samples for the shortest wavelength of interest, and
by execution times that grow as the cube of the number of sample points [49]. Thus,
acoustic measurements are preferable over numerical methods. A suitable analysis
of such measurements finally allows to separate and understand the effect of the
individual body components [10].

Considering the situation depicted in Figure 2.8, we can see that the sound
pressure at the eardrum is uniquely determined by the impulse response h(t) from
the source to the eardrum. This is called the Head-Related Impulse Response
(HRIR), and its Fourier transform H(f) is called the Head Related Transfer Function
(HRTF). All the information regarding the physical processes involved in the arrival
of the sound to the listener’s eardrum are represented in HRTF. A natural sound
coming from a given direction directed to the ears will be expose to two filtering, of
which the spectral and time attributes cannot be separated. As a matter of fact,
in frequency domain, X1, (f) = Hr(f)X(f) and Xgr(f) = Hr(f)X(f) where X1(f)
is the signal in frequency domain at the left ear, Xg(f) is the signal in frequency
domain at the right ear, X (f) is the source signal in frequency domain, Hy(f) is
the Head-Related Transfer Function for the left ear and Hg(f) is the Head-Related
Transfer Function for the right ear.

The HRTF enables to produce in the listener the illusion of a sound that originates
at a virtual location around him. Listening to a sound signal filtered by individualized
HRTFs enables to hearing that sound spatialized in an anechoic chamber. Subjects
listening sounds filtered by HRTFs of other subjects show lower localization ability
and report a less realistic experience.

2.3.1 Measuring the Head Related Transfer Function

Usually, a set of HRTFs is generated by measuring the Head Related Impulse
Responses (HRIRs), by a time consuming procedure in an anechoic room.

Many research groups have tried to empirically measure the HRTF on human
subjects or a KEMAR mannequin [51]. In such measurements, the HRTFs are
usually obtained on a sphere of constant radius for a predefined set of elevation and
azimuth angles. Since HRTF cannot be measured at all directions, it is important to
determine the correct resolution required to achieve a sufficient spatial sampling that
permits a faithful reconstruction at intermediate directions. Ajdler et al. [52] showed
that an angular spacing of 5° or less in azimuth is necessary to reconstruct the data
up to a bandwith of 22 kHz. For a correct reconstruction of the HRTF in elevation
a less dense sampling is possible, under the 10°. Following this rule, the number of
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Figure 2.8. Representation of the Head Related Impulse Response, that is all we need to
know the signal at the eardrum.

HRTFs in a set exceeds 1000 positions for the upper hemisphere. Because of the large
number of HRTFs, the measurement duration may take tens of minutes, depending
on the facilities. The problem is that during the total amount of measurements time,
the subject must keep still to avoid artifacts caused by head movements. Thus, it is
difficult for subjects to stay still during long HRTF measurements. Measurements
result complicated due to the structure and device needed, and the time to record
all the HRIRs and so, one challenge is to reduce the duration of the measurement
procedure. Different HRTF measurements techniques have been proposed in time
[53-55] to tackle the problem above.

We recall that the idea behind binaural rendering is that the sound pressure
at the two eardrums contains all the information that is used by human listeners
to elaborate they auditory perception. Therefore, if we were able to reproduce it
exactly, we would also be able to reproduce the same auditory perception. In order
to accurately measure the sound pressure, the recordings are commonly accomplished
by using a pair of small microphones placed in the ear canals of a human listener
[56] or a mannequin, at three different points:

e recording at the eardrum;
e recording at the entrance of the open ear canal;

e recording at the entrance of the ear canal, but with the ear canal physically
blocked (for example with an ear plug).

Compensation has to be inserted in order to equalize the transfer function of the
loudspeaker and the microphones. In addition, it has to be noted that we don’t
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want measurements take into account also the contribution of the ear canal (or
auditory canal), because otherwise when the listener will hear a sound through
heaphones it will be filtered again with his or her ear canal. So it is necessary that
our measurements are missing the ear-canal resonance otherwise a compensation
is also needed for the headphones. Note that these corrections are independent
from direction, and merely add spectral coloration to the source [56]. After all the
measuring for a person are concluded, we can store the impulse responses in a lookup
table, indexed by azimuth, elevation and range.

Given the difficulty and time-consuming in measuring HRTF, another possibility
has been developed: predicting the HRIR from morphology [57] based on the fact
that human ears differ one from another, and so also other body parts. Some different
approaches exist, based on anthropometry (i.e. the science that defines physical
measures of a person’s size, form, and functional capacities [58]). In particular,
in order to overcome the problem of waiting for several minutes or hours before
obtaining a personalized HRTF, some fast methods of spatial audio customization
have been developed: these try to obtain an individualized HRTF starting from
anthropometric measurements [59, 60]. On the other hand, there exist different
methods that starting from some anthropometric measurements, like for example
the ears as recognition element [61-64], try to extract some features in order to
retrieve from an HRTFs database, the one that best matches that features [5].

HRTF is in a certain way a simplification of the reality, considering plane wave.
Most HRTF measurements are made under these conditions. The far-field range
dependence is easily obtained by adding the propagation delay and the inverse range
dependence. The situation is more complicated when the source is distributed or is
close to the head.

2.3.2 Modeling the Head Related Transfer Function

Since we know that Head Related Transfer Function is the representation in frequency
of the propagation and diffraction of sounds from the source to the listener, we
can capture these effects by two transfer functions, H; (w,0,¢,p) and H, (w,0,0,p),
that specify the relationships between the sound source and the left eardrum and
between the sound source and the right eardrum, respectively. These will be two
filters that vary both with the normalized frequency w = % where f is the frequency
and Fj is the sampling frequency, azimuth 6, elevation ¢, and range p. As we have
seen, obtaining correct HRTF is not an easy procedure: not always it is possible,
measurements take a long time and a lot of effort and usually the procedure requires
high-quality systems. Moreover, human ears change size and shape throughout life.

In order to have a cheaper and faster way to obtain the HRTF, it has been
tackled the challenge of generate a generic model approximating measured HRTFs
and that could be parametrizable. Some general approaches have been explored like
for example the principal component analysis (PCA) [65], that describes the original
data set with only a few orthogonal components and corresponding weights [66], but
in particular, an approach a lot used for its simplicity [10], is to build structural
models: this models coul be subdivided into submodel representing the single factors
that alter the sound before reaching the eardrums.

Analyzing measured Head-Related Transfer Functions, it is possible to understand
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the single contribution of each body components [10]. Obviously, it’s not so simple to
approximate the effects of the propagation using low-order filters. To model a correct
HRTF, it’s important to take into account what affects the correct localization of a
sound source.

The most important cues for localizing a sound source involve the relative
difference of the wavefront at the two ears on the horizontal plane [7]. The horizontal
placement of the ears maximizes differences for sound events occurring around the
listener [67]. Thus, we can define interaural differences as the differences between
the sound reaching the two ears. In particular, we have two interaural differences:
interaural time difference (ITD), that is the difference in time of arrival between
the ears, and the interaural level differences (ILD) or interaural intensity differences
(IID), that is the difference in loudness between the signals at the ears.

The incidence of these cues has been tested through experiments that involved
the manipulation of ITD and ILD [10] and led to the discovery of the phenomenon
called lateralization. The word "lateralized" has come to indicate a special case of
localization, where [68]

e the sound is perceived and localized inside the head, mostly along the interaural
axis

e the process of generating such a perception involves manipulation of interaural
time or intensity differences over headphones.

Thus, manipulating the interaural differences it is possible to obtain a sound that
changes in azimuth from left to right but that is always perceived inside the head.

The cues involved in the determination of direction and distance of a sound
source can be grouped in coloration and interaural differences. Below, we summarize
the cues, most of them discussed in details in the next sections, which are responsible
for the spatialization of a sound:

e the interaural time difference (ITD)

e the interaural level difference (ILD) or interaural intensity difference (IID)
e monaural spectral cues that depend on the shape of the outer ear or pinna
e cues from torso reflection and diffraction

e the ratio between direct and reverberant energy

e cues induced by vouluntary head motion

e familiarity with the sound source

All of these cues are used by humans to localize a sound source, and for an optimum
sound reproduction all of them should be considered jointly. Some of these cues are
stronger and more important than others, and when two or more cues conflict, the
strongest cue will often dominate [49]. However, the conflicts should be kept at bay,
because they lead to confusion, causing indetermination in the localization.

It has long been demonstated that people uses dynamic cues from head motion
to help localize sounds [69], which will be take into consideration in our work.
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All of these cues are important for a correct localization since each affects the
localization at specific frequency bands. For example, median plane directivity is
governed by specular reflection from the torso at frequencies below 2.4kHz and by
complex pinna phenomena for frequencies above 4kHz [70].

In order to take into account the range between the sound source and the
listener, three primary cues are considered: the absolute loudness level combined
with familiarity with the source, the low-frequency ILD for close sources, and
direct-to-reverberant ratio for distant sources.

Head cues

The head provides the main cues for the localization of a sound in the horizontal
plane [71]. Indeed, Lord Rayleigh developed the so-called Duplex Theory [72],
according to which there are two primary cues for azimuth: he determined that
the primary cue to the lateral positions of sources with frequencies greater than
500 Hz was the interaural difference in sound pressure levels (ILDs) resulting from
acoustic shadowing by the head (Figure 2.9); at lower frequencies, however, the
wavelength of sound is much larger than the diameter of the head, and ILDs are
negligible. Rayleigh demonstrated [73] that human listeners are sensitive to interaural
differences in the ongoing phase of low-frequency sounds and, thus, that interaural
time differences (ITDs) could provide cues to the lateral positions of low-frequency
sources. The Duplex Theory asserts that the ILD and the ITD are complementary.
At low frequencies (below about 1.5 kHz), there is little ILD information, but the
ITD shifts the waveform a fraction of a cycle, which is easily detected. At high
frequencies (above about 1.5 kHz), there is ambiguity in the ITD, since there are
several cycles of shift, but the ILD resolves this directional ambiguity. Rayleigh’s
Duplex Theory states that the ILD and I'TD taken together provide localization
information throughout the audible frequency range.
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Figure 2.9. ILD acts on high frequencies in which the wavelength is comparable with the
head size [6].

Lord Rayleigh, as well, obtained a frequency-domain solution for the diffraction
of an acoustic wave by a rigid sphere under certain condition [7]. If we define p
the free-field pressure at a distance p from the source, the presence of the sphere
diffracts the sound wave and modifies the pressure field. We can therefore define the
transfer function, that relates the pressure that would be present at the center of
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the sphere in free field to that at the surface of the sphere.

Below we report some analysis extracted from [74], that explain better the range-
independent approximation of the head model, i.e. the fact that we can consider the
HRTF to be independent from the source distance. The authors first considered the
transfer function |H (1, 0, ¢, 00)| fon an infinitely distant source, where p = f22% is
the normalized frequency, where a is the head radius and it is conventional to use
the time 2”7“ that it takes for a wave to travel once around the sphere to define the
normalized frequency, @ is the angle of incidence in the horizontal plane and ¢ is
the angle of incidence in the vertical plane. In figure 2.10 this function is plotted at
different frequencies. As you can note, the response at low frequencies is independent
from the angle of incidente 0. For high frequencies, the response tends as the angle

of incidence approaches 0° degrees, while it decreases when @ is greater than 90°.
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Figure 2.10. Magnitude response for an infinitely distant source. The response starts to
become distinct when the normalized frequency is around 1, i.e., when the wavelength
equals the circumference of the sphere. Interference effects caused by waves propagating
in various directions around the sphere introduce ripples in the response that are quite
prominent on the shadowed side [7].

Moreover, from Figure 2.11 we can analyze the behavior of y at different distances
p. In particular, for # = 0°, the response decreases as p increases for all the frequencies.
At 6 = 150°, the behavior is reversed, as i increases for increasing distances, at all
the frequencies. Another general characteristic is that the difference between the
responses at low and high frequencies diminishes on the near side (i.e. § = 0°) but
increases on the far side. For example, when p = 1.25, the extra high-frequency
rise at the front of the sphere, instead of being 6 dB, is only about 2 dB. This is
consistent with the informal experience of a relative increase in the low-frequency
content of close sound sources.

These two effects combined imply that the low-frequency interaural level difference
(ILD) becomes even further exaggerated as the source approaches one ear.

Figure 2.12 shows that ILD at an azimuth of 100 degrees becomes very large as
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Figure 2.11. Effect of range on the magnitude response. Note that as the source approaches
the sphere, the response increases on the near side and decreases on the far side. This
results in the possibility of having large interaural level differences at low frequencies [7].

p approaches unity, even at low frequencies. This development of a large ILD at low
frequencies would seem to be a major cue indicating that a sound source is very
close. These observations thus confirm that the variation of low-frequency ILD with
range is significant for ranges smaller than about five times the sphere radius and
that the intensity of a sound is a cue for distance.

ILD (dB)
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Figure 2.12. The ILD when the azimuth to the sound source is 100 degrees. Note that
very substantial low-frequency ILD’s occur as the source approaches the sphere. [7].

Using ray-tracing, Woodworth obtained an approximated equation for the ITD
[7]. In figure 2.13 are plotted the bounds of the ITD computed following this
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approximation: the upper bound corresponds to a source at the surface of the sphere,
and the lower bound corresponds to a source at infinity distance. Bringing the source
closer to the sphere increases the I'TD of more or less 146 us for the 8.75-cm standard
head radius; Brungart and Rabinowitz pointed out that humans are insensitive to
time delays above 700 us [75], and so they hypothesized that changes in the ITD do
not provide significant information about range. The results shown here support
their conjecture and considering the ITD independent from the range cannot be
considered an error.
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Figure 2.13. Bounds on the normalized interaural time difference computed from the

Woodworth/Schlosberg formula: AT = ETA; is the normalized time difference between

the time that the wave reaches the observation point and the time that it would reach
the center of the sphere in free field where a is the head radius and c the speed of sound.
In general, the ITD is not very sensitive to range [7].

Relevant work has been made [76] to investigate the role of ITD and ILD through
listening tests in which the stimuli were synthesized with ITDs corresponding to one
direction and ILDs corresponding to a different direction. For an ITD fixed and an
ILD that varyies, localization estimate were toward the direction of the ITD as long
as low-frequency components were present in the stimulus.

For simplicity, we have reasoned in simple spherical head model terms, that is
an approximation of a real human head. Researches about the use of different head
models have been conducted, and some alternatives have been analyzed [77], like for
example the ellipsoidal model proposed in [78], where ITD varies also in elevation.

Pinnae cues

The greatest differences among different people’s HRTFs are due to the massive
subject-to-subject pinna shape variation [79]. As a matter of fact, the pinna plays
a primary role in determining the frequency content of the HRTF thanks to two
primary acoustic phenomena [5]:

e reflection over pinna edges. Sound waves are typically reflected by the outer
ear, as long as their wavelength is small enough compared to the pinna dimen-
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sions, and the interference between the direct and reflected waves causes sharp
notches to appear in the high-frequency side of the received signal’s spectrum
[80].

e resonant modes in pinna cavities. In [81], Shaw argued that since the concha
acts as a resonator some frequency bands of both the direct and reflected sound
waves are significantly enhanced, depending on the elevation of the source.

Consequently, the part of the HRTF due to the pinna’s contribution presents a
sequence of peaks and notches in its magnitude. As depicted in figure 2.14, these
alteration of the HRTF are dependent from the direction of arrival.
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Figure 2.14. Measured frequency responses for two different directions of arrival. In each
case we can see that there are two paths from the source to the ear canal - a direct path
and a longer path following a reflection from the pinna. At moderately low frequencies,
the pinna essentially collects additional sound energy, and the signals from the two paths
arrive in phase. However, at high frequencies, the delayed signal is out of phase with
the direct signal, and destructive interference occurs. [8]

The effect of pinnae is considerable around 3kHz, where the wavelength becomes
comparable to the pinna size, and do not appear to contribute on sound below 3 kHz:
in particular it introduces the so-called "pinna notch" within the octave from 6 to
12kHz [70]. Since monaural spectral modifications introduced by the pinnae provide
the primary cues for vertical localization [70], localization in elevation requires a
wide-band sources with substantial high-frequency energy.
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Torso cues

The contribution of the torso is less important than head and pinna cues and tipically
is linked to reflection and attenuation or shadowing of the sound [14]. In particular
it operates on low frequencies components [82]. This cue doesn’t provide significant
information for front/back discrimination although correct low-frequency spectrum
synthesis is important for a better localization: indeed, removal of the torso results
in a loss of specular reflections that provide weakest elevation cues [14]. Surprisingly,
it has been found [82] that when the stimuli were low-pass filtered at 5kHz, the
judgements of elevations remained accurate. This contrasts the notion that elevation
perception is necessarily based on higher-frequency, monaural spectral features of
the HRTF. Delays introduced are maximum for sound source located above the
subjects (¢ = 90°).

In the frequency domain the torso reflections act as a comb filter, introducing
periodic notches in the spectrum.The frequencies at which the notches occurs are
inversely related to the delays, and thus produce a pattern that varies with elevation
(figure 2.15).

[H(D)

Figure 2.15. Effect of the torso in the frequency domain: the periodic notches in the
spectrum are located at frequencies inversely related to the delays that varying with the
elevation ¢.

2.3.3 Localization problems

Working with non-individualized HRTFs, some problems in localization arise [10]. In
particular, when we are dealing with structural models, and not measured transfer
functions, we are introducing some approximations.

In this context, a common experience for the listener is the front-back confusion
that results from ambiguities caused by the roughly spherical shape of the head and
the primary role of ILD and ITD as localization cues [10, 83]. This problem arises
due to the so-called cone of confusion, that is given by the simplification of the head
model and from the choice to use an interaural system coordinates [10]. To better
understand what is it, we can refert to figure 2.16.

As explained in section 2.2, the azimuth values varies from —90° to +90°, and
the difference from a point in front of or behind the listener is given by the elevation.
But, since our head model is independent from the elevation, the anterior and
posterior points can be confused. Indeed, we remember that, for example, a point in
front of the listener is identified by (6 = 0°,¢ = 0°) and a point behind is identified
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Figure 2.16. Representation of the cone of confusion: there is a cone on which ITD is
constant independently from the elevation. [7]

by (6 = 0°,¢ = 180°), where elevation ¢ is measured from the horizontal plane in
the usual vertical-polar system, and the azimuth 6 is measured from the median
plane in the interaural-polar system. Thus, a surface of constant azimuth is a cone
of essentially constant I'TD. Notice that, this is also dependent from the coordinates
system concerned: if we used a vertical-polar coordinates system we would have
a cone of confusion for the elevation, where the azimuth 6 varies from —180° and
+180°, and elevation ¢ varies from —90° and +90° [84]. So in this case, we could
have confusion with up locations heard as down, and viceversa [84]. The listener
cannot separate the difference of each direction in the cone of confusion with just a
difference of time or difference of level [84].

One cue thought to help in disambiguating the cone of confusion is the complex
spectral shaping provided by the HRTF [10]. The notion is that the shape of stimuli
spectrum at one ear, not just the interaural differences, provides information about
position. For example, high-frequencies tend to be more atteanuated for sources
in the rear than for sources in the front [67]. Experiments with non individualized
HRTF showed that stimuli with energy concentrated at higher spectral frequency
regions tended to be heard to the front, and stimuli concentrated at lower spectral
frequency regions were heard to the rear [10]. In addition, detailed features of
these monaural cues, such as peaks and notches in the spectrum are thought to be
important for the perception of source elevation as well as front-back confusion. It
has been also hypothesized that the listener can disambiguate front-back localization
by tracking changes in the size and direction of the interaural cues over time [10]. In
particular, Wallach demonstrated that motion cues dominate pinna cues in resolving
front/back confusion [85].

Another problem, is that achieving convincing externalization, i.e. the perception
of a sound not located inside the head, with headphone-based sound reproduction
has proved to be a difficult challenge, particularly for sources directly in front of or
directly behind the listener [86]. The most severe problem is to perceive the virtual
source localized inside the listener’s head [87]. This is usually called intracranial, or
inside-the-head-locatedness. Externalization is related to the perception of auditory
distance, and to resolve this problem is necessary to take into account the cues that
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are involved in the distance perception. Hence, it’s important that the listener is
surrounded by an environment, in which a sense of distance to the source can be
perceived [10].

2.3.4 Head motion

The listener experience is limited when the listener’s head is fixed. In particular
some principal localization cues are absent if the head motion is not considered [49].
As well, it is demonstrated [88] that enabling head motion in binaural synthesis
dramatically improves localization even if non individualized HRTF are used, and
may also increase the externalization of the sound. Mackensen et al. [89] conducted
listening experiments where horizontal as well as vertical head movements were
possible. The results indicate only a slight improvement when both horizontal and
vertical head movements is enabled, when compared to horizonal head movement
only. In [90] further listening tests were conducted and results that much more
realistic simulations can be made if the changes in the sounds at the ears due to
the head movements are implemented. On the other hand, head movements doesn’t
improve signficantly the distance perception. Also, cues due to head motion tend to
dominate pinna cues when they are mutually conflicting, suggesting that information
based on spectral shape is less salient that interaural cues.

Technology that accounts head motion are recent due to the computational
power that has increased over the last years and the new technologies accessible to
everybody; in this context, particular interest has increased due to the possibility to
achieve augmented realism and versatility when the signals respond dynamically to
the motion of the listener [69].

There are two possible ways of exploiting dynamic cues of head motion [49]. The
first approach start from a lookup table of measured HRTF and then uses HRTF
interpolation to account for head motion. The second approach, the motion-tracked
binaural (MTB) [69], is based on sampling the sound field sparsely in the space
around a real or virtual dummy head. MTB requires knowing the signals at multiple
points around the head and uses interpolation of the signals from these microphones
to account for head motion.

HRTF interpolation

When head-motion is taken into account, playback requires rapid interpolation
between the entries of the tables containing the HRTFs values stored. This approach
has been widely used for high-quality systems, in particular in computer games and
military training systems [91]. Systems using this approach expects measurements
of the HRIRs for every few degrees of head rotation and then, during playback, the
signal from the head tracker is used to control an interpolator that, for each source,
combines adjacent impulse responses to produce left-ear and right-ear responses that
vary continously with head rotation. The results of the convolution of the source
signals with the HRIRs are then fed to headphones.

Here separate signals are available for each source, the spatial locations of the
sources are all known, and a head tracker is used to determine the location and
orientation of the listener in the room. If the system is properly implemented,
this approach produces very high-quality spatial sound. Obviously, a first quality
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depending factor is the choice to measure a dummy head or to store measured HRIR.
A large number of impulse responses must be measured and the error introduced by
the interpolation algorithm must be unnoticeable. Finally, the combined process of
head tracking, interpolation, and convolution cannot introduce detectable latency.

So, the two major issues in the implementation of HRTF-based rendering are
computational cost and latency. Computational requirements depend on the com-
plexity of the auditory scene, the allowed motion of the listener, and the efficiency of
the implementation of the algorithms. To tackle this problem, approximations can
be introduced. In conclusion, individualized HRIRs are used for high-performance
systems, and generic HRIRs are used for consumer-grade products.

Motion-Tracked Binaural

For many applications, we would like to be able to capture a natural sound field,
with no prior knowledge of the number or locations of the sources, or the structure
of the acoustic environment. For this reason, and for the computational cost of the
HRTF interpolation, the following method is so important.

The resulting generalization of binaural recording is called Motion-Tracked
Binaural. The idea behind this technology is that one could account for head motion
by sampling at additional points and interpolating. Sounds in the recording space
are captured by microphones that are mounted around the diameter of a sphere or
cylinder that is roughly the size of a human head. These signals can either be sent
directly to the listener, or recorded for subsequent playback. The head tracker is
used to control the interpolation between signals from the microphones that bridge
the listener’s ears.

The listener wears a head tracker, so that at any instant the system can determine
the locations of the listener’s ears. If the ears happen to be coincident with a pair
of microphones, the signals from those microphones are directed to the listener’s
headphones. In general, the listener’s ears will be between two microphones, and an
interpolation procedure is used to determine the headphone signals.

Different applications have different requirements for spatial sampling. Also,
the microphones distribution is dependent from the applications: for example they
could be mounted uniformly around the equator of a sphere or uniformly distributed
around a horizontal equator (panoramic), as depicted in Figure 2.17.

omnidirectional panaramic frontal

Figure 2.17. Different microphones distributions for the Motion-Tracked Binaural (MTB).
[9]

The convenience of this procedure, is that signal interpolation is much simpler
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than HRIR interpolation followed by convolution. However, for exact waveform
reconstruction, Nyquist sampling theory requires the microphones to be no more
than half a wavelength apart. If signals from adjacent microphones are directly
interpolated, when the wavelength is shorter than half the intermicrophone distance,
interference notches will appear in the spectrum. If r is the radius of the micro-
phone array, N is the number of microphones, and c is the speed of sound, direct
interpolation will produce deep spectral notches at odd multiples of the frequency
Jmaz = % [49]. In principle, one should have at least two samples per wavelength
and so, to cover the full 20-kHz bandwidth without suffering a significant spectral
notch would require distributing about 128 microphones around a typical dummy
head [9]. Fortunately, exact waveform reconstruction is not necessary. The phase
sensitivity needed for reconstruction is most important for the low-frequency I'TD.
What the authors concluded is that eight microphones produce results that are
acceptable for speech, and sixteen seem to be sufficient for music. Once microphones
are distributed, varying the head rotation involves making an interpolation between
the output signals.

It’s important to notice that however, the conversion of legacy stereo recordings
through convolution leads to the same kinds of computational demands faced by
HRTF-based methods, with the exception that the number of HRTFs required may
be small. An alternative to real-time rendering is to perform the computations
off-line for each sound source, and to store the resulting sound files for playback.
A complex spatial soundscape is then created by a superposition of sounds files.
Real-time computations are eliminated in exchange for an increase of the storage
needed for sound files.

A general procedure for taking into account the head rotation using MTB is
illustrated in figure 2.18. Instead of using two microphones in a dummy head, MTB
employs an array of M microphones. The listener wears a head tracker, so that at
any instant the system can determine the locations of the listener’s ears. The signals
from those microphones nearest the ears are interpolated and then directed to the
listener’s headphones.

Transmission
or storage
YTYTYYYYY
Interpolator

Microphone Head
Array Tracker

Figure 2.18. A scheme for motion-tracked binaural.[9]

Up to this point, we have assumed that physical microphones would be used to
capture the sounds of interest. However, a simulated MTB microphone array can
be used to “capture” the sounds of synthesized sources. Let h,,(t) be the impulse
response of the m-th microphone in an MTB array to a sound source S. Then if
s(t) is the sound signal from the source, the microphone output is given by the
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convolution =, (t) = h,(t) * s(t). For good externalization and musically pleasant
sound, A, (t) should include the effects of the room. In simple cases (such as a
spherical MTB array in a rectangular room), h,,(t) can be computed. Alternatively,
hm(t) can simply be measured. The process of computing the microphone outputs
can be computationally demanding. If there are N sources and M microphones, the
process requires NM convolutions. However, this procedure provides an effective way
to generate virtual auditory space, and it is particularly attractive for mixed-reality
applications in which a small number of synthetic sources are combined with live or
recorded spatial sound.

The HRTF approach and the MTB approach have complementary strengths
and weaknesses. MTB is computationally simple, it’s highly effective for live sound
and faithfully captures the acoustics of the recording space. It efficiently supports
multiple simultaneously head-tracked listeners in broadcast or streamed applications,
and to some extent it can be individualized to specific listeners. It does not allow
the listener to move around in the recording space, and it does not readily support
conventional recording practices, such as the use of spot microphones. Although
MTB produces highly-realistic, well externalized spatial sound, the signals produced
by this method only approximate the exact experience, and critical listening tests
have revealed various audible defects.

2.4 Binaural Room Impulse Response

Listening to sound filtered by individualized or non-individualized HRTF produces
a sound that could be well or less well positioned in the space, but that it’s in an
anechoic chamber. Obviously, this isn’t an usual listening environment and it’s also
not enjoyable. What is missing, it’s the reflections of sound energy from objects in
the environment that have a profound effect on the quality of the sound that we
hear. In particular, the sound reflected energy is an important distance cue and
when the reflected sounds are missing, the perception is that the source be very
close. Then it’s important to take into considerations the environment in which the
sound propagates. A way to do so is to measure the impulse response in a room,
including all of the early reflections and subsequent reverberation caused by multiple
reflections. The impulse response represents the intensity and differences time in
arrival of direct and reflected sounds. When separate measurements of the HRTF are
made for each ear in a reverberant room, we are talking about the Binaural Room
Impulse Response (BRIR). All the acoustical information related to the listening
environment can be represented by convolving the sound with the complete BRIR.

Obviously, all the problems listed for the HRTF measurements still apply in
this case, and in addition, BRIR are much longer than HRIR, so the cost of the
convolution is higher.

2.5 Localization cues induced by the environments

Generally, an impulse response can be divided in three parts: the direct path
contribution, the early reflections, and the reverberation tail, produced by higher
order reflection whose contribute become diffusive and no more deterministic. This
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is due to the fact that we are used to hear sounds in reverberant condition, where
the signal that reaches our hears is the combination of the direct sound and the
reflected sound, as depicted in Figure 2.19.

W

Figure 2.19. Represantion of multipath sound reaching the listener. [10]

Each part of the impulse response has a specific impact on the perception of
the sound in space. This remains true for virtual spaces rendered through binaural
systems. In particular, in the following we will focus on the localization cues
introduced by the early reflections and by the reverberation tail.

As far as early reflections are concerned, they can give some informations about
the room: in particular, the time delay with which they arrive is proportional to the
distance to be covered, and so, bigger the room, bigger the delay. The amplitude
of the early reflections also depend on the size of the room, and in particular it
is inversely proportional to the distance traveled. In addition, the effects of early
reflections can be modified by changes in the room geometry which reorder the
sequence of reflections. However, we are not able to discriminate between the exact
amplitude, timing and direction of early reflections [92], and so actually they don’t
give us precise details to room size perception. Another aspect related to early
reflections is the possibility to yield a more realistic listening experience providing
a "stereophonic" effect. At the same time, however, they provide also confusion in
localization. So, the presence for early reflections most likely has nothing to do with
localizability of sources but rather with the sense of surround which comes simply
from interaural incoherence. In addition the environment in which the listener is
located can affect the front-back confusion. For example, if a wall is located in
front of a listener at closer proximity that the intended sound source location it
has been demonstrated that the listener tends to favour the rear. Instead the early
reflections which came from the same direction as the direct sound reinforce the
sense of localization of the source [93].

On the other hand the reverberation tail, in particular the total level of reverber-
ation (or the direct/reverberant sound ratio) and the length of the reverberation tail,
give us strong cues about the size of the room. In most reverberant environments,
the intensity of reverberation is roughly the same everywhere. Since the intensity
of the sound received directly from the source varies with distance, the ratio of
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direct-to-reverberant energy is a cue for distance. In addition differences between the
timbre of direct and reverberant energy provides another localization cue, one that
might be important for front/back discrimination as well. When we are surrounded
by sound from all directions, we are not able to extract information regarding the
position of the sound source from the reverberation.

Begault examined [10] the effect of artificial reverberations combined with the
effects of head tracking: reduced azimuth error, but raised elevation judgements.
Additionally, using the head tracking sounds externalization was much more often
perceived with respect to when only reverberation was used. Localization was not
affected by the late-reverb as compared using only early reflections. Front/back
reversals were almost completely eliminated when head movements were allowed.
Direct-to-reverberant energy ratio dominates auditory distance cues for unfamiliar
sounds while intensity is the most important distance cue in speech signals. It is
well known that reverberation contributes to the externalization of sound source,
particularly for non-individualized HRTF. In summary, a welcome improvement in
externalization can be reached with the addition of synthetic reverberation, but there
is a decrease in localization accuracy. Experiments [94] showed the importance of
head rotation in the horizontal plane for accurate localization. To take these results
into account, the convolution in an auralization system needs to be calculated in
dependence of the actual head orientation. The convolution with impulse responses
is memory and processing power intense. For each relevant head position and
orientation the related transfer functions need to be stored when using a databased
auralization system. Thus it would be useful to reduce the stored data to a minimum
required set. As found in [95], a reduction of dynamic cues doesn’t translate into
audible changes in room impression.

2.6 Room acoustics simulation

A primary challenge in acoustic modeling is computation of reflection paths from a
sound source to a listener (receiver). As sound may travel from source to receiver via
a multitude of reflection, transmission, and diffraction paths, accurate simulation is
extremely computational intensive. For instance, consider the simple example shown
in figure 2.20. In order to present an accurate model of a sound source (labeled
‘S’) at a receiver location (labeled ‘R’), we must account for an infinite number of
possible reflection paths (some of which are shown). The knowledge of reflection
paths, along with the reflective properties of the walls and the directivity functions
of the source and the receiver, lead to an accurate prediction of the impulse response
from S to R.

The challenge is further complicated when multiple sound sources are present,
since psychoacoustic effects are involved. Within nonanechoic environmental contexts,
sound arrives to a listener by both direct and indirect paths. In this case, the sound
source can be said to arrive at the listener as a diffuse field, due to the effect of the
environmental context [10].

If we play the same auditory stimulus in different environments, we would perceive
different auditory responses, depending on the geometry of the environment, on the
position of the listener, and on the position of the source. Room acoustic modeling is



2.7 Rendering systems on heaphones 31

Figure 2.20. Example of reflection paths. [11]

often done using geometric acoustic method like ray-tracing, beamtracer or otherwise
image-source method. Two ways of auralizing virtual or real listening environments
via headphones are commonly in use: model based and data based systems. The first
group uses a more or less complex model to reproduce the acoustical specifications
of a room. With higher complexity of the model used, the quality of the results rises,
but the processing power needed increases rapidly. In contrast, a data based system
will store either “pre-synthesized” impulse response or measured data of real existing
room. The ear signals are produced in the same way in both systems, namely a
convolution of an impulse response with the incoming audio signal.

The reverberation of a room can be taken into account measuring the impulse
response of the empty room implementing then by a filter, otherwise it’s possible
to realize an artifical reverberator through different approaches. A physical model
reverb using, for example, the waveguide approach can be used and it has some
advantages, but there is a computational problem: they are too expensive for real-
time computation. A simplified approach is to construct a perceptual model: this
is based on the fact that we do not perceive the full complexity of reverberation,
but only the most important perceptual aspects. Thus, a reverberant circuit can be
synthesized which is able to produce an acoustically and perceptually indistinguishible
natural reverb. This approach is much more efficient and it has the advantage to be
parameterized and controllable.

2.7 Rendering systems on heaphones

Many virtual sound systems over headphones exist in the literature. Here, we
introduce some of them, that are worth to be mentioned.

e Holophonics is a binaural recording system created by Hugo Zuccarelli [96]
This recording technology doesn’t use traditional microphones, but uses a
sound processing technique that captures the full spectrum of information
travelling from the ear to the brain in the recording environment. During
playback, the information recorded reaches the auditory cortex of the listener’s
brain and recreates the same sensation as if one was listening to the original
event [97]. In this technology, it isn’t possible to divide the information about
the direct sound and that of the environment information. As his inventor
stated, ’it provides for the auditory system what laser holography provides for
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the visual system and thus can be considered holography of sound’ [97]. It has
been used in some Stevie Wonder and Lionel Ritchie albums.

Rondo Player is a music player designed for headphones, developed from
Dysonics [98], designed for mobile communication systems. Based on researches
summarized in [50], it reproduces the sounds positioned in spatial location, in
a panoramic configuration, adding the capability to respond to the rotation
of the head, using the gyroscope of the mobile phone. In fact, the system
places the listener in the sweet spot of a virtual reproduction system with two
loudspeakers, and it uses the orientation of the listener’s head to experience the
sound playing over a pair of loudspeakers. In particular, there is a version called
Rondo Motion that intergrates a wireless motion sensing on the headphones
to capture the rotation of the head [99]. The system allows the user to choose
among three listening settings (front row, stadium concert, middle of a club
concert) in which the listener position is fixed [100].

QSound Lab has developed some technologies for videogaming [101], in which
an appareant location of a sound source is controlled in azimuth and range
by the user, through a range control block that has variable amplitude scalers
and a time delay and by an azimuth control block that also has variable
amplitude scalers and time delays. The values of the scalers and the various
delays are read out of look-up tables in a controller that is addressed by an
azimuth index value corresponding to any location on a circle surrounding the
headphone wearer. Several range control blocks and azimuth control blocks
can be provided depending on the number of input audio signals to be located
[102]. An appareant moving sound source location can be reproduced since, for
example, video games involve video movement with an accompanying sound
program in which the apparent sound source also moves.

Dolby Headphones tries to create the sensation of multiple loudspeakers in
a room [103]. Principally integrated in headphones for gaming, it gained
partnership from multiple brands like Nokia that supports this technology.
In addition, it can be included in almost any device that can process stereo
or multichannel audio and has an headphone output. It can be embedded
into DSP chips or implemented in software for use in A/V receivers and
preamp/processors, TVs, and PCs. The advertising slogan states that 'Dolby
Headphone technology provides a real benefit to your customers—the ability
to put on any pair of headphones and experience 5.1-channel surround sound’
[103].
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Chapter 3

System Description

A simpler and more flexible system can be achieved using a structural model instead
of measuring the HRTF. A structural model consists in a combination of elementary
submodels, each representing different parts of a general human body. In particular,
each submodel takes into account specific localization cues, which contribute obtain
a synthetic approximation of the HRTF [10]. This approach has some drawbacks: it
can be affects by front/back reversal i.e azimuth errors between the front and rear
hemispheres, and a possible missing sense of sound externalization, i.e the possibility
to hear the sound inside the head [15]. An aspect to be taken into account is that
not only the localization is important, but also a sense of realism and immersivity
[69].

A less individualized, but more computationally efficient implementation using
a model-based HRTF is presented in this Chapter, taking into account all the
localization cues needed for a correct sound localization. In order to give a listening
experience in which are present both a sense of immersivity that a capability to
delocalize sounds in space, the system implemented takes into account not only the
direct but also the reflected sounds, simulating the experience of hearing in a room.
By its nature, binaural techniques can capture and reproduce most of the sound
attributes of a specific location in a specific venue. The goal of our system is to
solve the front/back reversal and externalization problems. In order to overcome the
limitations that arise with the using of a non-individualized HRTF, a system that
integrates the capability to rotate the virtual listener’s head is taken into account.
Indeed, by providing frontal externalization, removing front/back confusion and
stabilizing the sound field with head rotation, also a structural model can enhances
greatly the listening experience.

The system that we present can be used to transfom any sounds into the format
presented for any subsequently play back in order to reproduce spatial effects, or it
can be used in real-time like for instance a spatial music player.

In this Chapter, we present the implemented model: it produces horizontal and
externalization cues. Furthemore, we take into account the possibility to rotate the
virtual listener’s head.

In the first Section we present the structural model used, explaining what
localization cues are taken into account and what bandwith of sound each submodel
alters. For this reason we treat the head model, that introduces azimuth localization,
providing the well-known ITD and ILD cues; the torso model is also considered,
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and we specify geometric simplification about its form and the dependence on the
elevation, and the pinnae model is introduced, well-known for its contribution in
elevation.

To address the externalization of the sounds i.e. the perception to hear sounds
outside the head, in Section 3.2 we introduce the needs of a listening environment
that is necessary in order to reach this goal when working with non-individualized
HRTFs, what are the main characteristics that affects the hearing and how taking
into account the reflections. The room model introduces early reflections to provide
externalization, and is noteworthy mostly for its extreme simplicity. In particular in
each reflection a new wavefront is created, and then reflection can be modeled like
a new sound source. We also present an overview of the fast beamtracing method
[104] used to model the propagation of the wavefield as acoustic rays, following the
laws of geometrical acoustics.

In Section 3.3, we present the approach used to consider the possibility for the
user to turn the virtual head.

Finally, in Section 3.4, we describe some our decisions about the implementation
of the model.

3.1 HRTF structural model

We have chosen to use a structural model for the HRTF, even if, as we saw in Chapter
2, working with non-individualized HRTFs some problems arise. To mitigate these
side-effects, we introduce the possibility of rotating the virtual head of the listener,
which has been proved to improve the ability to correctly localize the source [49].

The general structural model we use to generate a spatial sound is depicted in

figure 3.1: in the following we present each submodel.
The output obtained from the system is azimuth dependent, i.e. according to the
orientation of the head the input is filtered with an appropriate set of filters. Thus,
what we describe in the following is the procedure whereby starting from a monaural
input we obtain a binaural output.

It has been shown [12] analyzing the HRTFs of individuals with particularly
protudring ears, that an accentuated spectral difference is presented between sym-
metric about the median plane locations. This could reinforce the cues in solving the
cone of confusions with respect using HRTFs of individuals with "normal ears". In
particular this study shows that an additional shadowing of some frequency bands
could aid in back localization. A comparison of HRTFs with small protrusion angle
to those with large protrusion angle revealed attenuation in selected frequency bands
for some azimuths in the posterior of the head. In contrast, a slight boost in sound
level was observed in the low frequency range for the frontal hemisphere. Following
these results, the implemented system provides spectral modifications of the sound
to be rendered, defined as a function of the azimuth. Therefore, the monaural input
is pre-filtered with filters shown in Figure 3.2 before being passed to the structural
model. Since no analytical references to the filters there exist, we visually sample
some points from the plots and then we use an interpolation method to obtain the
remaining values in frequency. An inverse Fourier transform is then applied to obtain
the filters in the time domain.
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Figure 3.1. The model used in this thesis for generating a spatial sound.
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Figure 3.2. Gains and attenuations introduced by protruding simulated "ears" [12].



36 3. System Description

3.1.1 Head and torso model

Here, an approximate snowman model, depicted in figure 3.3, in which the body
is approximated by a spherical head directly above a spherical torso, is taken into
account, in order to understand the effect introduced by the head and the torso.
The snowman model is defined by three parameters: the head radius a, the torso
radius b and the neck height h.

Figure 3.3. A snowman model, composed by two spheres of different radius: this is
an approximation that permits to better understand the diffraction of the sound and
simplify the behavior. [13]

A simple spherical model is used for the head. We know [10] that using such model
the cone of confusion is introduced. However, this side effect is almost negligible
thanks to the introduction of a rotating virtual head [69]. The HRTF for the sphere
is obtained from Rayleigh’s infinite series solution [74] to the equations for the
diffraction of sound by a sphere. To compute the transfer function from the source
to the ear, two quantities are needed: the angle of incidence and the head radius a.

The structural filter model that we use for taking into account the ILD, i.e. the
differences in intensity levels, is based on the results showed in [5]. In particular,
the filter proposed is computationally simple, and it’s the bilinear transform of the
filter described in [7].

Brofs | Bofs -1

B+/fs B+fs
Hpea(2) = (3.1)
IB_,zs -
1 + B+ fs z 1

where f; is the sampling frequency, 8 depends on the head radius parameter a
as 8 = ¢ where c is the sound speed, and « is defined as
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a(Oine) =1+ Gmin. | (1- M) cos( Binc ) (3.2)
2 2 Omin

Note that 6;,, is the incidence angle that, assuming the interaural axis to coincide
with the x-axis for sake of brevity, relates to azimuth 6 as 0;,. = 90° — 0 for the
right ear and 6;,. = 90° 4 6 for the left ear. A good approximation is heuristically
found for parameters a;,;, = 0.1 and 6,,;, = 180°.

With regard to the propagation delay introduced by the head, this is computed
by the formula At = ($)(sin6 + #) where depending on the azimuth 6 the delay is
applied to the right or to the left ear. In this formula a is the head radius, and c is
the speed of sound.

Although the human torso does not have a regular shape, it can be approximated by
a simple ellipsodial model [13], based on analytical simplicity and its small number
of parameters (height, widht, depth). An ellipsoid is a closed quadratic surface that
is a three-dimensional analogue of an ellipse [105]. The standard equation of an
ellipsoid centered at the origin of a Cartesian coordinate system and aligned with
the axes is

1.2 y2 2,2

BRTRTR
where Ry, Ro and Rj3 represent the length of the semi-axes.

Although an ellipsoid fits the human torso better than does a sphere, the geometry
of a spherical torso is easier to analyze [14]. The effect of the torso is twofold as it
is possible observe in Figure 3.4 and it’s dependent by the sound source position:
it can provide both reflections and shadowing of the sound. Indeed, as the source
descends in elevation, a point of grazing incidence is reached, below which torso
reflections disappear and torso shadowing emerges. Rays drawn from the ear to
points of tangency around the upper torso define a cone that we call the torso-
shadow cone within which no reflection appear [13]. So the model switches between
a torso-reflection behavior (figure 3.4 a) when the source is outside the torso-shadow
cone and a torso-shadow sub-model (figure 3.4 b) when the source is inside the
torso-shadow cone. In order to determine the transition condition, we consider s
to be a unit vector pointing in the direction of the infinitely distant source, and d
the vector of length d from the center of the torso to the ear (note that the analysis
has to be done separately for each ear). The separation condition between the two
different effects is given by a ray from the source to the ear tangent to the torso and
it is depicted in Figure 3.5: in this case the projection of the vector d is given by
V/d? = b2. Thus, the source is inside the torso-shadow cone if d-§ < —v/d? — b2 and
it is outside if d-5 > —v/d% — b2.

Regarding the torso-reflection, the problem is to compute the point on the surface
of the sphere where the reflection will occur, and use it to calculate the difference
in path lengths to the ears for the direct and the reflected sound waves. So, the
torso introduces an additional version of the sound that is delayed and attenuated:
this corresponds to the introduction of some notches in the HRTF. Note that the
reflections are delayed by a time delay that varies by elevation and not by azimuth:
indeed if the sound source moves on a circumference in the horizontal plane (showed

—1 (3.3)
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Figure 3.4. Representation of the two main effects of the torso, dependent on the position
of the sound source. Sound reflections appear when the source is outside the shadow
cone and sound shadowing for sources below the listener.

Ear

Figure 3.5. The geometry for a tangent ray to the torso [14].

in figure 3.4 a) the delay is negligible [106]. In particular, the reflected pulses are
maximally delayed for sound source locations right above the listener (figure 3.6).
In order to derive the filters that represent the effect of the torso, we follow the
work done in [14], where it is considered only the behavior in the frontal plane. The
torso reflection model assumes that at the ears arrive two components: a direct
component and a reflected component that arrives after being reflected from the
torso. The direct component is influenced by the head, while the reflected component
experiences a further attenuation because of the torso reflection coefficient v and an
additional propagation delay 7 because of the greater length of the reflected path.
For simplicity we assume a torso reflection coefficient v = 0.3 constant, following the
choice made in [14]. The reflected component arrives at the head from a different
direction than the direct component, resulting in a different observation angle 6p.
The observation angle is the angle between a ray from the center of the sphere to
the sound source and a ray from the center of the sphere to an observation point P
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Figure 3.6. Plot of the delay values introduced by the torso: it varies with the elevation
and its maximum is for sound source ahead the listener.

on the surface of the sphere. For an HRTF model, the point P represents an ear
location.

The analysis carried out in [14], use a ray-tracing argument to derive formulas
for the angle of arrival and the additional propagation delay 7. Using this analysis
we want to find b that is a vector of length b from the center of the torso to the
point of reflection, given the vectors § and d.

Observing the Figure 3.7, it is possible to note that we can specify the vector s
in terms of the angle ¢ from d to § or in terms of the complementary angle € given
by

d-

€= g —(= g - arccos(T). (3.4)

Given the torso radius b, the vector d and the vector 5, we can then find the
amount of time 7 :7%’6(1 + cos(2¢)), where 1 = £ + 3 is the sum of the angle {
between the vector b and the vector d, and the angle 5 between the reflected ray
and the vector d, and d; is the distance from the point of reflection to the ear. It

is possible to define the angle 8 = arctan( As_igégzg)) in terms of the angle &, where

A is the ratio A = %l. The distance dy from the point of reflection to the ear is
obtained using the law of cosines and is given by d;y = Vb2 4+ d? — 2bdcosé. In
order to obtain £ it is exploited the fact that at the point of reflection the angle
of incidence must equal the angle of reflection: this links ¢ and €. Since it is not
possible to obtain an analytic solution for £ as an explicit function of € and A, the
equation is found numerically. A linear approximation of £ is found to be

50 - (1 - ggio)e’ if — éma:(; e<0

e maw

&~ ), if0<e<

(3.5)
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ear
£ Ad

(a) (b)

Figure 3.7. Normal view of the plane defined by the vector d from the center of the torso
to the ear and the vector 5 pointing to the source. In (a) is shown the elevation angle e.
In (b) is represented the vector b to be found. [14]

where £ = %% is the value for € = 0 and &4 = arccos % is the maximum

value of ¢ reached when the reflected ray is tangent to the torso sphere.

Finally, we need to derive the elevation angle fg, that is the angle of arrival at

the head after the reflection. In order to compute this angle, we need to specify
the unit vector 7 that points in the direction of the incoming reflected wave, where
= ﬁ. Then the angle is equal to g = arccos %, and we can use this angle to
compute the filters for the head effects using the formula seen before.
When the source is in the torso-shadow cone, waves from the source must travel
around the torso before reaching the head. The physical situation is rather com-
plex, with wave components that take different paths around the torso to the ear
traveling different distances. We approximate this behavior by assuming that all
the components are first shadowed by the torso acting as an isolated sphere and
that these components all arrive at the ear at some effective head angle 0. This
results in the simple cascade of a torso-shadow filter and a head-shadow filter as
represented in Figure 3.8.

Torso shadow Head shadow

Figure 3.8. The torso shadow sub-model. Here the filters are represented depending only
on the frequency w and the azimuth angle. [14]

Here the basic goal is to find the vector b from the center of the torso to the
point of tangent incidence. Once this vector is determined, the vector 7 is obtained
at once from the equation 7 = Hl—;:Z—” where the unit vector 7 points in the direction
of the incoming wave. We can write the vector b in an orthogonal decomposition
form

b= 771CZ—|— nQJQ (3.6)
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where d is the vector to the ear, and da, is the vector orthogonal to d. Using
the two conditions (1) the vector b — d must be orthogonal to b (tangent incidence),
and (2) the length of b must be the radius b of the torso, we can determine the
coefficients 1; and 7. From condition (1) we have (d —b)-b =0 or d-b = b*. But
because b and dy are orthogonal, we obtain d-b = d- (n1d + nads) = md? = b? so
that

m=Cr. (3.7)

From Eq. 3.6, the requirement that |6]] = b, and the orthogonality of d and da,
we have ||b]|? = n?d? + n3||dz||* = b* = n1d? so that

d
n2 =t/ m(l —m)——. (3.8)
2|

Since do can be written as

dy = d?5 — (d-5)d, (3.9)

we have ||d||? = ||d%5 — (d-5)d||?> = d* — 2d?(d - 5)?> + (d-5)%d® = d*(d® — (d - 5)?).
Substituting this in Eq. 3.8 leads to

m(1 j771)

T (3.10)

ne ==+
Thus, we obtain two solutions for b, one for the case where the source is on
the ipsilateral side of the torso and one for the contralateral side. From Eq. 3.9,
it is clear that ds always points to that side that § is on. Thus, we always choose
the positive sign, and the direction of s will automatically determine the proper
solution. Now that we have the desired unit vector 7 from d to b, we can obtain the
observation angle fpg for the head, that is 8¢ = arccos ?. Thus, we can use this
angle in the Equation 3.2 in order to obtain the shadow effect of the head.
In [14] the angle O is obtained considering the torso absent for simplicity, and
it is 6y = arccos ?. Thus the filter results to be

—%COSQHT, 0< |9HT| < g
omrl—35), 5 <|0ur|<m

For the torso-shadow filter Hp, the problem is to determine the observation
angle O for determining the torso shadow. From Figure 3.9 we note that we can
use the angle ¢ between 5 and d. However this choice produces a discontinuity at
the boundary of the torso shadow cone.

To reduce this discontinuity we compute 7 by interpolating between 0y;,; and
7, which is the value of { when the source switches from the ipsilateral to the
contralateral side (Figure 3.9). The critical angle 0, is computed for a = 1, where
the zero and pole of the shadow filter cancel, and the frequency response is flat, and
it is given by

ATy (Our) = { (3.11)

1 1 . Qi
0 10t = Gmm[§ + - arcsin %] (3.12)
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Figure 3.9. The dominant paths from the source to the ear when the source is in the torso-
shadow cone. The filter model assumes that all of the energy arrives at the observation
angle 0. Note that §y is smaller in (a) when the source is on the ipsilateral side than
it is in (b) when it is on the contralateral side. [14]

To be specific, let (nin be the value of { at grazing incidence. Then (n =
5 +arccos g, and interpolation yields

_ W(C - Cmm) - eflat(g — 7T)

™ — Cmm

O (3.13)

The following parameters are used for the snowman model in our implementation:
the head radius @ = 11 cm, torso radius b = 16.9 cm, neck height h = 5.3 cm.

3.1.2 Pinna model

It has been acknowledged that the pinna introduces notches into the signal at
frequencies dependent from the angle of incidence. We follow the work done in [15]
and in the following we summarize the most important concepts.

To model the pinna, we use the schema in figure 3.10 where pj represents the
attenuations and 7, the time delays associated with the k' peak or notch.

It has been found through listening experiments that considering more than 5
peaks or notches the improvements are not so perceivable. In addition, another
simplification is introduced: the amplitudes are considered to be constant and not
varying with the azimuth and elevation. Examining measured HRIR the authors of
[15] observed that the time delays could be well approximated as:

(0, 6) = Ay cos(g) sin(Dk(g — ¢) + By) (3.14)

In particular, as the authors stated, this is a generic model in which only the
parameters Dj, should be adapted to individual listeners. In the table in figure 3.11
are listed the numerical values for the parameters: Ay and By are given in samples
at 44.1 kHz sampling rate, Dy, is adapted for two examined subjects, and Dy is for
the third. In our model we choose to use the values Dy since in [15] these values
were adapted for more people than the other ones.
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Figure 3.10. The pinna model used in our system implementation. [15]
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Figure 3.11. Pinna model coefficients. [15]

3.2 Listening environment

Interactive virtual environment systems simulate the experience of immersive ex-
ploration of a three-dimensional virtual world by rendering the environment as
perceived from the viewpoint of an observer moving under real-time control by the
user. We must pay more attention to produce realistic sound in order to create a
complete immersive experience in which aural cues reinforce the localization cues,
to support more natural interaction, navigation and sense of presence within a
virtual environment. For example, changes in sound reverberation, can enhance and
reinforce the immersivity of the system but at the same time degrade the sound
localization capability of the users.

In order to take into account the reflected sound reaching the virtual listener, we
refer to the example in Figure 3.12, in which a direct sound along with a reflected
wave reaching the listener’s ears. To model the sound reaching the listener, we need
to know not only the direct path but also the sound reflection path: the simple
method that can be used to find all possible paths is the image sources methods
[107]. In this method, we choose a point source in an environment. When a wall
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Figure 3.12. The direct sound and a reflection reach the listener: the first is filtered by
the hrtf, the second is delayed and attenuated before being filtered.

is encountered, the wall boundary condition may be satisfied by placing an image
symmetrically on the far side of the wall [107]. Using this method, a specular
reflection can be constructed geometrically by mirroring the source in the plane of
the reflecting surface: reflected paths from the real source are replaced by direct
paths from reflected mirror images of the source. In the example we take into
consideration, we place in the reflected point an image source and we model the
reflected sound as if it were a direct sound. The important information used here
is that in the time-domain, each image contributes only a pure impulse of known
strength and delay.

Once we know the delay and amplitude attenuation for each reflection path we
can model the reflected signal like a delayed and attenuated sound source signal. In
Figure 3.12, the direct signal is the convolution between the sound source signal and
the impulse response, while the reflected signal is the convolution between the sound
source signal delayed by an amount of time 7 and it is attenuated by an amplitude
factor a. The time delay 7 is given by the inverse of the distance, that represents the
longer path that the reflection travels before arriving at the listener; the attenuation
a is given by the multiplication between the inverse of the distance times the wall
reflection coefficient on which it bounces. If we continue to consider the example in
figure 3.12, and we suppose a constant wall reflection coefficient ~, and we define d,
the additional distance for the reflected sound, then 7 = i and a = i’y.

This simple method works fine for simple geometric models like a rectangular
room model, but when the geometric complexity of the room increases, it becomes
difficult to position all the image sources. Indeed, when the number of walls increase
the situation becomes more complicated because each image is itself images. For this
reason, it’s necessary to use a geometric technique that tracing the sound ray path
returns the sound image positions, like for example the beamtracer, that enables to
model a reverberant environment, describing the early reflections like the ensemble
of all the reflected paths between the sound source and the listener. In this way what
we need is to precompute and store spatial data structures that encode all possible
transmission and specular reflection paths from each audio source, and then use
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these data structures to compute reflection paths to an arbitrarily moving observer
view-point for real-time auralization during an interactive user session.

3.2.1 Beamtracer

Beam tracing is an efficient geometric solution to the modeling of sound propagation
based on acoustic beams. This method was originally developed in [108] for image
rendering applications and later it has been extended in [11] to audio rendering.
Beam tracing methods classify reflection paths from a source by recursively tracing
pyramidal beams (i.e., sets of rays) through the environment. Briefly, a set of
pyramidal beams are constructed that completely cover the 2D space of directions
from the source. For each beam, polygons are considered for intersection in order
from front to back. As intersecting polygons are detected, the original beam is
clipped to remove the shadow region, a transmission beam is constructed matching
the shadow region, and a reflection beam is constructed by mirroring the transmission
beam over the polygon’s plane (figure 3.13).

S

Eeflection
Beam

Transmission
Beam

Figure 3.13. Beam tracing method. [11]

The beam tracer adopted in this work is that introduced in [104]. It is a fast
implementation of the orginal algorithm, and it operates in two stages. First, a
visibility map of the reflectors is computed offline, independent from the positions of
the source and the receiver, and these are stored in a suitable data structure (beam-
tree). Then, the rays that propagate from the source to the receiver are obtained
through a simple lookup (path-tracing) of the beam-tree. This operation turns
to be very efficient, and thus suitable for real-time purpose. Indeed, beamtracing
turns to be effective in interactive sessions where the user navigates in the virtual
environment. In particular, beamtracing makes possible to predict in real-time the
reflective paths from the virtual loudspeakers and the listener positions.

The attenuation, length, and directional vectors for the corresponding reflections
path can be derived quickly from the data stored. In figure 3.14, it is shown an
example representing the specular reflection path to a particular receiver point
(labeled 'R’), where the label A’,’B’’C’,’D’ and "E’ represents the spatial subdivision
of the space operated by the beamtracing algorithm. Once a set of reflection paths
from a source to the receiver has been computed, the source-receiver impulse response
is generated by adding one pulse corresponding to each distinct path from the source
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to the receiver. The delay associated with each pulse is given by [/c, where [ is the
length of the corresponding path, and c is the speed of sound. Since the pulse is
attenuated by every reflection and dispersion, the amplitude of each pulse is given by
I'/l, where T is the product of all the frequency independent reflectivity coefficients
for each of the reflecting and transmitting surfaces along the corresponding reflection
path.

Figure 3.14. Reflection path to receiver point ('R’) for source point (’S’) computed by the
beamtracer. [11]

The system with this integration supports real-time auralization of sound based
on realistic acoustic modeling in virtual environments. The advantage of this method
is that it doesn’t model only the specular reflections as well as the fact to be
independent to a particular receiver position, and so to be applicable in virtual
environment applications like our system in which the receiver may move.

3.2.2 Modeling the environment

We have developed a system that uses precomputed spatial subdivision and beam
data structures to enable real-time acoustic modeling and auralization in interactive
virtual environments.

Our virtual environment system takes as input a description of the geometry and
acoustic surface properties of the environment and a set of anechoic audio source
signals at fixed locations. As the user moves in the virtual environment, the system
uses the beamtracer to compute the positions of the images sources seen from the
current user position, along with a stereo audio signal spatialized according to the
computed reflection paths from each audio source to the observer location. In
particular, we constructed off-line a lookup table containing all the information
regarding the reflection paths from any source to any given position inside the
listener room. The beamtracer gives us a table in which for any possible listener
position, it contains the position of any image source for any virtual loudspeaker
and the walls on which it bounces off before reaching the listener. Using these data,
we can retrieve the distance from any image source and the ears of the listener,
that in addition to the attenuation given from the walls absorption permits us to
delay and attenuate the dry sound. The delay for any reflections is given by the
distance between an image source and the listener’s ears and the attenuation is
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given by the distance between an image source and the listener’s ears and by the
reflection coefficients of the walls. So we can save a lookup table indexed by any
possible listener position containing for any rotation of the head the delays and the
attenuations to be applied to the sound in order to model the reflections for each
ear, like that in figure 3.15.

Table with delays for each reflection

First head position
Second head position
Sampled
positions inside . .
the room
' ' Table with attenuations for each
reflection
First head position
. . Second head position

Figure 3.15. Representation of the lookup table returned by the beamtracer, in which are
saved all the informations needed to implement the room reflections.

The version of the beamtracer used here works in 2D, so it considers only lateral
reflections.

Since our model is able to consider not only azimuthal cues but also elevation
cues, and since lateral reflections provide a realistic listening but are detrimental
to azimuth localization, we can follow the work in [109], where it is found that a
listening environment comprised of a physical floor can enhance the localization
accuracy. Thus, we take in consideration in addition the floor reflections, using the
model presented in [16], in which the authors determine the elevation angles of arrival
through geometric ray-tracing. Only the first order floor reflection is considered,
and it is supposed arriving from the same azimuth 6 of the direct sond, in order
to improve the localization. The virtual floor was defined to be 1.6 m below the
subject’s head and it was modeled with a frequency-independent reflection coefficient
of 0.5. The azimuth angle of the floor reflection was the same as that of the direct
sound. The elevation angle ¢ was computed using the equation

2h; 4 psin(m.)

¢ = arctan( p cos(de)

). (3.15)
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Figure 3.16. Virtual floor reflection. [16]

In the Figure 3.16, h; is the distance between the floor and the subject’s head, p is
the distance of the source, ¢, is the elevation of the source relative to the horizontal
plane, ¢y, is the elevation of the subject’s head relative to the horizontal plane and
¢ is the elevation of the reflected sound. As for lateral reflections, even here we save
a lookup table in which for every listening position in the room, we can retrieve
the delay to be applied at the sound that depends on the distance from the sound
source, and the scaling factor that depends on the reflection coefficient and inversely
with the range of the total distance traveled by the sound.

After modeling the early reflections, it’s needed to model the diffuseness of the
reflections or late reverberation. It has been found that a model of this reverberant
component can be achieved by using a pseudo-random binary sequence (PRBS) with
exponential attenuation or decay [16]. In the following, we describe the part of the
impulse response related to the late reverberation: hp[n] represents the impulse
response where the contribution of early reflections is neglegted, and g[n] represents
a sample from the normal distribution with mean p and standard deviation o.

aex
hyn] = p(
0, forn < tq4

(ntaygin], for n > 14

(3.16)

The three parameters of the late reverb (a, b, t4) control the total energy in
the late reverb, the decay-rate of the late reverb, and the time between the direct
sound and start of the late reverb, respectively. The ratio of direct-to-reverb energy
(DRR), i.e the ratio between the sound energy of the direct sound and the reflected
sound energy [110], is considered a measure of the loudness of the reverb, and it is
defined as

_ | EaBh(n)?
DRR—J N ) (3.17)

where h(n) is the impulse response, Np is the last sample corresponding to the
direct sound, and N is the length of the impulse response.
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The starting time of the late reverb portion of a room response is usually
considered to be about 80 msec after the arrival of the direct sound.

3.3 Head rotation

We choose to introduce also the dynamic cues represented by the virtual head
rotation, trying to improve the median-plane externalization and to reduce the front-
back confusion, in order to give a more realistic experience. For taking into account
it, we decide to implement the interpolation of the signals using the motion-tracked
binaural explained in Chapter 2.

We have chosen to sample the space in 16 angular positions in azimuth that is
sufficient for music [49], and using an interpolation procedure that overcomes the
problem caused by spatial undersampling. With a practical number of listening
positions in space, the simplest approach of merely switching between these ones
produces positional discontinuities and distracting clicks [111]. Direct linear inter-
polation of listening positions signals produces comb-filter spectral notches, where
the frequency of the first notch is inversely proportional to the spacing between the
sampled rotations of the head. This produces annoying “flanging” sounds when the
listener turns the head [49]. To eliminate the flanging sounds associated with the
spectral notches, the listening positions signals are split into low-frequency com-
ponents (below 0.5 fp,q4, ) and high-frequency components (above 0.5 fy,42 ), where
fmaz 18 the maximum considered frequency given by fre. = % where Fy is the
sampling frequency, beyond which we are no longer able to correctly reconstruct the
signal. The low-frequency components are interpolated, and then the high-frequency
components are restored. Several methods have been investigated for restoring the
high frequencies [111]. The interpolation procedure that we use is illustrated in
figure 3.17, where the restoring of high frequencies is done using the high-pass filtered
nearest listening positons signal, wq represents the distance in degrees betwen two
listening positions and w represents the distance from the nearest listening position.

Closest sampled
listening point

[ ] ‘\ High-pass filter
Next closest @

sampled
listening point
‘—,@—b Low-pass filter

Figure 3.17. Scheme of the signal interpolation method used in our implementation to
take into account the head motion.




50 3. System Description

3.4 Implementation choices

The audio processing procedure is depicted in figure 3.18. Since the output audio is
generated at discrete intervals, the amount of data required by the output audio
determines the frequency of execution for the other processing tasks. For example,
outputting 2048 audio samples at a sample rate of 44100 Hz corresponds to about
46 ms of audio data. So approximately every 46 ms the audio pipeline will render a
new set of 2048 audio samples. The size of the output buffer (in our implementation
is 8192 samples) is a crucial parameter for the real-time audio processing. Since
the audio pipeline must respond to changes in the virtual listener’s position and/or
virtual listener’s head rotation, the delay between when the orientation change is
made and when this change is heard is critical. This is referred to as the update
latency and if it is too large the listener will be aware of the delay, that is the virtual
listener will not appear to be moving as the listener moves the virtual listener from
the user-interface. The amount of allowable latency is relative and may vary, but
values between 30-100 ms are typically tolerated.
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Figure 3.18. Block diagram of audio processing module

An important off-line computation is accomplished: for each sampled position in
the room, in a lookup table the direction of arrival for each direct and reflected
sound, as well the distance to the listener and the attenuation given by the reflection
coefficients of the walls and the distance to be traveled, are stored. What we do,
after deciding to use a 16-virtual listening positions related to the rotation of the
head, is to consider 16 possible angular directions of the sound arrival (as depicted
in Figure 3.19 for only some angles), each of which is associated with a set of cues
filters that together compose the structural HRTF. When a virtual listener is located
in a given point of the room, we can retrieve from a lookup table all the features for
the reflections about that listening point; then, dependent on the rotation of the
head, each reflections will reach the listener’s ears at different angles of arrival. The
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range of these angles is divided in 16 regions, each of which is associated with the
corresponding filters. For example, considering the situation depicted in Figure 3.19
in which the virtual listener’s head is rotated of zero degrees, and in which only few
of regions are represented: our system retrieves from the table stored all the sounds
reaching the listener in that listening position, and in particular it retrieves for each
region the reflections that fall into. In this way, we know that for this situation all
the sound waves reaching the listener at an angle of arrival that is in the range of
the region 1, will be filtered using the filters associated with an angle of 0 degrees.

Region 1
Region 2

Region 3

Figure 3.19. Representation of the division of the space in some regions and their central
values used in the implementation of the system.

Using this approach, every sound that arrives in a certain range of angles of
arrival, will be filtered with the same HRTF. Note that it’s an important choice,
because in this way we can consider any order of reflections that we will always have
a maximum of 16 HRTF filterings.

The monaural sound to be spatialized is sent to the spatial audio processing:
if it is a mono signal then the virtual loudspeakers will be fed by the same input,
otherwise one channel will be send to the right virtual loudspeaker and the other to
the left one. Before audio processing, these signals are windowed by 50% overlapped
Hanning windows of length 4096 samples. Then, once the position in the room and
the head rotation are selected, the filters related to the nearest and next nearest
virtual listening positions are retrieved in order to filter the signal. Before apply
the model, each sounds in each position is delayed and attenuated according to the
distance between the sound source and the listener’s ears position, and to the any
bounces on the walls. Then, for every sound in each portion, they are all summed
up to obtain the inputs that will be filtered.

In this way, not only the direct sound is filtered by the HRTF but also the early
reflections. We always obtain two signals, no matter if the virtual listener is rotating
or not, and then we interpolate them using a simple linear interpolation presented
in Section 3.3 in Figure 3.17: the weight w used is related to the distance from the
virtual listener to the sampled listening point (Figure 3.20).

As stated in [49], ’discrete room reflections of 50 ms in total duration may be
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Closest sampled

/ listening point

Next closest
sampled listening
point

Figure 3.20. The interpolation between two outputs: the weigths are dependent on the
rotation angle.

sufficient’. For this reason, we model the early reflections up to the third order
of reflections, and then we add the late reverberation. Since we know that the
late reverb does not contribute to the localization of the sound source, we use the
monaural sound like input to the late reverb filter that is a choice made also by
other structural models in literature [15]. The output is delayed by an amount of
time 7 representing the time between the direct sound and start of the late reverb,
and then mixed with the output of the HRTF model by a gain factor in order to
take into account the direct to reverberant ratio.

Finally, in order to take into account a moving virtual listener in the room, an
additional interpolation is required. Some listening positions inside the room are
sampled using a linear grid, like in the example in Figure 3.21, where the step Ax
from a point and the next one in the horizonal direction and the step Ay from a
point and the next one in the vertical direction are considered to be equal to 0.15
m. Considering the Figure 3.21, when a listener moves in the room and is located
in a given position (LPx,LPy) that is depicted like the black circle: we compute
the signal ouputs from the four surrounding listening points, that are represented
like crosses. With respect of them, we define the ouput signals for each of these
like yp1,yp2,yp3,yps. Then, the output signal for that specific position (LPyx, LPy)
is obtained using a bilinear interpolation, that is a linear interpolation over two
variables.

The key idea is to perform linear interpolation first in one direction, and then
again in the other direction. First we interpolate on the x-axis and in this direction
more influence is given by the sampled position closest to the actual listening position;
thus, we obtain the two points

_ Ax — LPy LPx

Vi S e (3.18)
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A,
Figure 3.21. Bilinear interpolation.
Ax — LPx LPx
V2= Ypa + yps3 (3.19)
Ax Ax

Then we interpolate in the vertical direction, and this leads to

Ay — LP LP
Lp==Y Yyi4+ 2 Yya (3.20)
Ay Ay

We define Cx = LPX and Cy = LPY so that the signal output at the position
(LP)(, LPy) is

yrp = (1-Cx)(1-Cy)yp1 +Cx (1= Cy)yp2+CxCyyp3+(1—Cx)Cyyps (3.21)

In this way a bilinear interpolation between the output signals of the four sampled
listening points surrounding the virtual listening position selected by the user is
introduced.
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Chapter 4

Interface Description

In the previous Chapter we introduced the description of our system. Now, in order
to obtain an interactive implementation, it is needed to introduce some aspects that
permit at the user to interact with the system and enjoy a full immersive experience.
We designed three virtual environments, in which the user can experience different
listening experiences. In this Chapter we describe how these environments differ in
their geometrical and reflective properties. Moreover, we explain how we take into
account the possibility for the user to rotate the virtual listener’s head. Finally, we
present the implemented Graphical User Interface that provides the user with some
important information about the listening setting.

4.1 Listening Environments

We have chosen to model three different listening environments with different size
and reverberation characteristics.

The first is the simple rectangular room depicted in figure 4.1, in which the
reflection coefficients are constant for all the walls, set to a value of 0.48. This
scenario corresponds to a conference hall of size 4 x 6 meters, and the user can
select a listening position inside the room, where the red circles represent two virtual
sources. In this room the reverberation tail lasts 0.7 seconds.

The second is the representation of model for a room in the Sound and Music
Computing Lab of Politecnico di Milano, Polo Regionale di Como, in which the
reflection coefficients are the same for all the walls, set to 0.6. The model is depicted
in figure 4.2 and the red circles represent two virtual loudspeakers. The reverberation
tail of this room lasts 1.8 seconds, corresponding to the value that best fits the
impulse response measured in the real room.

The third is the model of a concert hall in which the reflection coefficients are
different from wall to wall. The floor map of this room is shown in Figure 4.3, where
the different reflection coefficients are indicated beside each wall and the virtual
sources are depicted like red circles. In this room the reverberation tail lasts 2.7
seconds since it is bigger than the other two rooms.

In order to keep the computational cost affordable, we limited ourself to compute
early reflections up to the third order, by means of the beamtracing algorithm. As
explained in Chapter 3, the rest of the response is obtained adding a non-deterministic
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Figure 4.1. A simple rectangular room model in which two virtual loudspeakers (red
circles) are located.

reverberation tail, modeled like an exponential decaying normal distribution whose
parameters are mean g = 0 and standard deviation o = 1/12. The amount of time 7
representing the time between the direct sound and the starting of the late reverb
changes among the three room models: it is set to 7 = 50 ms for the rectangular
room, 7 = 60 ms for the model of the Sound and Music Computing Lab of Politecnico
di Milano, Polo Regionale di Como, room and 7 = 70 ms for the concert hall, before
to be mixed with the output of the HRTF model. These values are such that the
resulting model of the impulse responses resemble the shape of feasible responses.
The intensity level of the reverberation tail is scaled depending on the distance p of
the virtual listener from the virtual sources, according to 1 — % [112].

4.2 Virtual head rotation

Our system provides the possibility for the user to rotate the virtual listener’s head,
and also to navigate inside the listening room. This facility is enabled by means of a
device that permits to interact with the system. A simple choice is made using a
MIDI controller that communicates with the personal computer sending messages
in a specific format, which is precisely the MIDI format. In particular, we use an
AKAI LPD8 where the user can use a knob (circled in red in Figure 4.4) in order to
rotate the virtual head.

In addition to this control, the user can navigate inside a listening room selecting
a listening point using the mouse.
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Figure 4.2. The Sound and Music Computing Lab of Politecnico di Milano, Polo Regionale
di Como, room model, in which two virtual loudspeakers (red circles) are located.

4.3 Graphical User Interface

In order to provide an interactive system and reinforce the auditory cues with a
indication of the orientation of the head, it’s important to develop a system that
provides a user interface in which the user can observe the position of the virtual
listener and the orientation of the virtual head. In this context our simple graphical
user interface provides three objects, that guarantee the user the control of the
system. The implemented interface is depicted in Figure 4.5, where a number marks
each single object, so that we can refer to this number in the following explanation.

The object marked as 1 is the representation of the virtual listening environment
in which the listener is hearing: two virtual sound sources are depicted, like red
circles, and the position of the virtual listener, like a blue circle. In this way the
listener can understand in which position is listening to the music. Morover, by
clicking with the mouse in a point of the room model, it is possible to change the
listening position. The pop-up menu allows the user to change the environment,
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Figure 4.4. The AKAI LPD8 MIDI controller [17]. The knob circled in red permits to the
user to rotate the virtual head.

choosing from a list of available options. In the object marked as 2, we show
the orientation of the virtual head: it is updated each time the user rotates the
corresponding knob and it is needed to provide a visual indication about the angle
of orientation of the virtual listener with respect the two virtual sound sources. The
third object, marked as 3, is a button that permits the user to browse the list of
available songs, and to select the desired one.
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Figure 4.5. A simple implemented Graphical User Interface for our system.
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Chapter 5

Evaluation methodology

In Chapter 3 we have presented a system implementation in order to produce a
spatialized sound, using a structural model. We know (Section 2.3.3) that it is an
approximation of the HRTF and that some localization and externalization problem
can arise. In this chapter we propose formal listening tests aimed at providing a
subjective evaluation of the previously introduced implementation. In particular, we
will discuss in detail the design phase of listening tests, presenting the criteria that
most suite the need of our work.

The most common criteria used for assessing the quality of a binaural system
are localization or perceived separation of multiple instruments or the width of the
sound stage, the sense to be immersed in sounds, typically encountered in a concert
hall, the sense of distance or depth of the sound field, the perception or identification
of a real performance space, and the sense of naturalness or presence [113]; these
are all characteristics that a good system should have.

In order to provide a subjective evaluation of the effectiveness of the system, we
need to rely on results gathered from listening tests. In this chapter we present a
formal methodology for devising a set of suitable listening tests, aimed at producing
reliable results.

We analyze separately the cases of localization of an acoustic virtual source,
localization of a moving virtual listener and the sound rendering system effectiveness.
With the latter, we mean the correct ability of the system to simulate the correct
sound source position and listening environment, at each time, depending on the
virtual listener’s head rotation. This choice is due to the need of evaluating different
aspects of the system. On one hand the correct localization of a sound in the
space, in presence and in absence of a listening environment, and the identification
of a sound trajectory can be tested using a specific test procedure. On the other
hand, the rendering capability is a macroscopic feature and being also subjective is
difficult to test. In this context, we do not introduce strong control conditions and
in particular we are interested in evaluating the immersivity of the listener and his
or her personal evaluation of the system.

In Section 5.1 we present the conditions under which the tests are conducted, and in
particular the people involved and the material used. In later Sections, the various
tests are presented: we show the design of each one, the method used and the chosen
analysis of the results.
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5.1 Test conditions

In this section we present the choice of general test parameters, which are valid for
both the three tests. In particular, we discuss the selection of the test panel (i.e.
the characterization of subjects involved in the listening tests) and the choice of the
sound material adopted in the tests.

5.1.1 Selection of the Test Panel

The subjects involved in our listening tests are not experienced in listening to
sound in a critical way in contrast with ITU-R BS.1284-1 that states that expert
listeners are preferred. However the system is not intended for high-quality sound
broadcasting or reproduction and so this choice is not a problem.

5.1.2 Test material

In order to verify the ability of the system to correctly reproduce a virtual sound
source, we devise a set of listening tests related to the perceived sound location. To
do so, we adopt a male speech extracted from the European Broadcasting Union
(EBU) Sound Quality Assessment Material (SQAM) CD [114]. Such sound sample
comes from easily accessible sources and has already been adopted for listening tests
in the context of sound field rendering evaluation [115]. We choose a vocal signal
because human voice is considered critical to evaluate the sense of audio quality and
it is known that localization is most sensitive with speech or singing [115].

As far as the evaluation of the system immersivity is concerned, we adopt musical
samples, since music is a broadband signal which in addition has a clear temporal
structure; moreover, a considered application of the system is to be a music player.
In particular, the choice is an excerpt from Suzanne’s Vega Tom’s Diner for the
third test. The mono test sequences are rendered as virtual sources (according to
the model explained in Chapter 3) at different fixed or moving positions according
to the test procedure explained later.

5.2 Sound localization

In this Section we describe the test method adopted for a subjective evaluation of
the localization of a virtual sound source. In particular, we restrict ourselves to the
case of a single virtual source rendered at the same distance from the listener but
with different angles of incidence and in different listening environments. At the
end of this Section, we discuss the statistical analysis procedure adopted in order to
identify the average behavior of the system and the reliability of the results.

5.2.1 Experimental design

The perceptual evaluation of the sound source localization capability requires a
formal test method, with a well defined protocol.

In particular, in the design phase of such experiments we need to ensure that
uncontrolled factors will not deviate the results of the listening tests. As an example,
we propose to each subject the same stimuli but in a different and random order. In
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this way we can ensure that the judgements made by the subjects are independent
from the actual sequence of stimuli. Similarly, listening tests need to be designed so
that subjects are not overloaded to the point of lessened accuracy of judgement. A
grading session should not last for more than 20-30 minutes, and that no more than
10 to 15 trials per session should be scheduled to achieve the desired session length
[116]. The sound signal should be controlled so that the amplitudes of the peaks
only rarely exceed the peak amplitude of the permitted maximum signal defined in
Recommendation ITU-R BS.645.

Another important factor we have considered during the design phase of our
listening test is that the listeners must not be overloaded, in order to prevent a loss
of accuracy in the judgements.

Finally, a particular attention should be paid about the choice of a response
technique. There are different available way of reporting a response [117, 118]: for
example it could be used the head-pointing technique, in which the subjects hold
their heads still during the sound presentation, and then turn their heads to point
their noses in the direction from which they believe the sounds are presented; the
position of the subject’s head can be monitored using an head-tracker. In verbal
pointing techniques the perceived localization is indicated through verbal reports, like
for example indicating the spherical coordinates. Other different pointing techniques
are available like for example that described in [119].

The accuracy of judgements collected with the head-pointing technique is high
but, it may requires subject training; instead, the verbal reporting technique is simple
but less accurate [120]. For our localization experiments, the listeners are asked to
place a point on a computer screen indicating the position of the perceived sound:
it is more intuitive than the verbal reporting, and the judgements are collected at
fast rates.

5.2.2 Test method

In order to get a subjective evaluation of the localization of an acoustic virtual
source we adopt a simple test method in which we present seven stimuli without
any reference. One subject at time is involved in the listening test and seven stimuli
are presented: the subject is asked to indicate the perceived angle of incidence of
the virtual source assigned to the stimuli, and once answered the next stimulus is
presented, as suggested in ITU-R BS.1284. We decide to discretize the angle of
incidence of 5° degrees: this is a reasonable choice due to the errors on the minimum
audible angle, i.e. a paradigm designed to measure the accuracy which human
listeners can localize a source of sound [121], of the listeners using non-individualized
HRTF [10, 122, 123]. As well, the listener is asked to indicate a confidence value of
the response in a range from zero to five, where zero means that he or she is not
sure at all about the given answer, while five means he or she is perfectly sure about
the response given.

Only one virtual loudspeaker is used and the test is repeated under two different
scenarios: in an anechoic chamber and in a reverberant room. In particular the
reverberant room considered is a model of the Sound and Music Computing Lab of
Politecnico di Milano, Polo Regionale di Como.

The azimuth values for perceived location were recorded as well as the azimuth
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values used for rendering the sound source. Subjects are not get any feedback about
their pointing accuracy. The stimuli presentation is not repeated. The interval
between each stimuli depends on the time that subjects take to indicate the angle
of arrival; however, it’s greater than some seconds. The subjects are provided with
oral instructions that include a brief introduction to the scope of the test and a
description of the technique of presentation of the stimuli. After that, it is checked
that such task is clear for the subject.

5.2.3 Statistical analysis

A statistical analysis of the results is needed in order to identify the average perfor-
mance of the system and the reliability of the results. For our test we refer to the
analysis introduce in the Recommendation ITU-R BS.1116.

We define z; the score of subject 7. Then, the mean score for each of the
presentation is computed as

1
T=5 Z ; (5.1)
=1
where N is the number of subjects involved in the test.

The results of the test are provided along with the related confidence interval, in
order to provide an explicit indication of the reliability of the results. The confidence
interval is derived from the standard deviation and the size of the listening panel.
In particular, we use a 95% confidence interval which is given by

[2— 06,2+ 6] (5.2)

A 95% confidence interval is defined as a range of values such that with 95%
probability, the range will contain the true unknown value of the parameter. In this
case ¢ is determined by

Ss
0= t0'05\/ﬁ (5.3)
where tg g5 is the t-value [124] for a two-sided confidence interval (i.e., the range
is defined in terms of lower and upper limits computed from the sample of data) level
of 95%, as reported in Table 5.1, and s is the standard deviation for all subjects in
session s.

From Table 5.1, we can retrieve the t-value for a confidence interval of 95%
starting from the number of scores (i.e. the number of degrees of freedom, equals to
N — 1), that depends on the size of the sample.

5.3 Trajectories localization

In this Section we discuss how to evaluate the rendering system when the listening
point changes over time. To do so, we devise a set of tests considering the rendering
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Number of scores ivalue | Number of scores tvalue

1 12.70 15 2.131
2 4.303 16 2.120
3 3.182 17 2.110
4 2.776 18 2.101
) 2.571 19 2.093
6 2.447 20 2.086
7 2.365 25 2.060
8 2.306 30 2.042
9 2.262 40 2.021
10 2.228 20 2.009
11 2.201 100 1.984
12 2.179 120 1.980
13 2.160 1000 ~ oo 1.962
14 2.145

Table 5.1. Value of Student’s ¢ distribution for two-sided confidence interval of 95%.

of a virtual source within a listening environment. The listener point is smoothly
moved in the environment to define a set of trajectories to be identified by the
subjects. At the end of this section we discuss the statistical analysis procedure
adopted for determining the capability of the users to identify the correct trajectory.

5.3.1 Experimental design

The spatial impression, here restricted to the localization of a moving virtual listener,
is a macroscopic feature delivered by a sound field rendering system. In order
to gather reliable information from a subjective evaluation, in this scenario it is
convenient to introduce a visual reference. Moreover, as we made for the previous
test, we propose to each subject the same stimuli but in a different and random
order. In this way we can ensure that the judgments made by the subjects are
independent from the actual sequence of stimuli.

5.3.2 Test method

In order to get a subjective evaluation of the localization of a moving virtual listener,
we adopt a simple test method. The test data consist of a set of four different
trajectories that are selected randomly when the test starts.

The participants are asked to carefully hear the sound on the headphone. During
the listening, they are provided with three graphical representations of possible
trajectories, only one of them corresponding to the heard one. The stimulis are
repeated until the subjects indicate their choice.

As we said in Chapter 2, distance cues are closely associated with listening in a
reverberant room. Indeed, as well the changes in intensity, the main cue that people
use to discriminate the distance of a sound source, is the direct-to-reverberant ratio
[68, 112], that is the ratio of the energy in the first wave front to the reflected sound
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energy. In this context, it is needed that our listening environment is not an anechoic
chamber so that listener could use the reflections like cue to better understand the
distance from the source. On the other hand, judgements about angle of arrivals
of sounds in a reverberant room are difficult with respect an anechoic chamber;
indeed, reflections can be confusing for the listener and the localization task can
results harder. The identification of trajectories requires an attention toward the
distance cues and also the angle of arrival of the sound, and in this context a medium
size room like the concert hall model (see Chapter 4) is the best choice, due to its
reverberant characteristics that provide good distance cues but at the same time do
not reduce so much the localization capability of the user.

In order to proceed with the test, the participants are asked to seat comfortably
in the chair in front of the computer used for the test. Before starting, the objective
and the procedure of the experiment were explained to each individual participant,
and a training example is carried out: this consists in presenting a sound trajectory
on headphones along with its correct graphical representation.

5.3.3 Statistical analysis

For this test, we choose to report the results in a table form in which each row shows
how many trajectories from each test example were recognized or identified like a
different trajectory. In this way, we can extract the overall recognition rate for each
trajectory and rank the overall classification.

5.4 Rendering system

The goal of this test is to specifically evaluate the combined effect of realism and
immersivity for a sound rendering system implemented using the model presented in
Chapter 3, as well as the system’s usability. The evaluation of such subjective goals
is difficult, because no reference response exists and the range of different responses
can be wide. In this context, we do not introduce strong control conditions. However,
we need to take into account some aspects design phase of such experiments. In
particular, as we made for the previous tests, we propose to each subject the same
stimuli but in a different and random order. In this way we can ensure that the
judgments made by the subjects are independent from the actual sequence of stimuli.
The aim of the concerning test is twofold: on one hand we evaluate some quality
features, on the other hand we receive a judgement about the user experience with
respect to a realistic music player implementation of the system in which is possible
rotating the listener’s virtual head.

5.4.1 Experimental design

It is difficult to define measurement metrics of the perceived quality of a spatial
sound field, and to evaluate its degree of immersivity and realism. The general
consensus of researchers in the field of spatial audio is to adopt two quality features,
namely the apparent source width (ASW) and the listener envelopment (LEV). ASW
describes the perceived width of a sound scene, while LEV is associated with the
feeling of being enveloped by sound, i.e. the effect of feeling ‘inside’ and ‘surrounded
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by’ the reverberant sound of the room [125]. Since the perception of ASW and LEV
depends on the room properties, changes in the presented configurations are taken
into account. The shape and the acoustical properties of the enclosure, namely its
absorption and reflection properties have a major influence on ASW and LEV [125].

On the other hand, objective findings such as physiological changes are difficult
to measure for emotional response and immersivity to sound and music [126] as
it does not take into account cognitive aspects. Therefore for a phenomenological
experience (experienced from the first-person point of view), subjective reports were
used for the assessments.

5.4.2 Test method

The test is divided into two sub-tests: in the first the evaluation of the ASW and
LEV, in the second the evaluation of the system in a qualitative point of view.

Appearent source width and listener envelopment evaluation

The test is presented in the form of single presentations with reference. One subject
at time is involved in the listening test and two stimuli ("A","B") are presented in
sequence. The stimuli are presented in Table 5.2, where early part means we are
considering only the early reflections in order to simulate a listening environment
and late part means that only the late reverberation is considered. The subject is
asked to rate the stimulus "B" with respect to the stimulus "A", in terms of ASW
and LEV. The sound source is modeled using two virtual loudspeakers. Since the
properties of the enclosure are found to have a major influence on the perception
of ASW and LEV, we decided to consider concert-hall described in Section 4.1 as
the environment for this test. Indeed, this kind of environment has been designed
with a transition time between the early and late reflections reflections of 70 ms,
according to the fact that the room reflections related to the sound field arriving
later than 50 ms after the direct sound influence the feeling of envelopment [127].
In addition it is a medium size room with reflection coefficients that ranging from
wall to wall, that is a feature that could improve the sense of Appearent Source
Width; moreover, among our listening environments, it is the room with a longer
reverberation tail, that is an aspect that influences the perception of the two criteria
used in this test. The reflected properties of the different room configurations have
been chosen accordingly and are listed in Table 5.2. The simulated room has been
designed according to the characteristics mentioned in Chapter 4.

Room case name Early part Late part

no room no no
early room yes no
late room no yes
full room yes yes

Table 5.2. Properties of the presented room cases.
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The first test deals with the influence of all four room simulation configurations
being tested against each other. Table 5.3 summarizes all the tested combinations
of reference-test pairs. The listening position is held constant for all configurations.

Configuration Reference stimulus Test stimulus

1 no room early room
2 no room late room
3 no room full room
4 early room late room
5 late room full room
6 early room full room

Table 5.3. Test stimuli for the evaluation of test condition 1.

In the second test we want to investigate the influence of increasing the distance
from the virtual sources, while adding late reverberation to the sound field at the
same time. To do so, we define a set of listening positions in which the listener
moves away from the sound source on the vertical axis: the distances are shown in

Table 5.4.

Configuration Reference stimulus Test stimulus Distance

7 early room late room 0.75 m
8 early room late room 2.75 m
9 early room late room 4.15 m

Table 5.4. Test stimuli for the evaluation of test condition 2.

The listening test is divided into a training session and the main test, which is
twofold. In the training session, the distance and room configurations are presented
in their maximum characteristics, in order to train the test subjects to the perception
of ASW and LEV, respectively. In the main test the audio sample is presented as a
test signal. A paired comparison listening test, also referred to as A/B-test method,
is used [128]. The test subjects are instructed to rate ASW and LEV of the test
stimulus, compared to as a reference stimulus. The subject is asked to rate according
to the seven-grade comparison scale reported in Table 5.5, which is introduced in
Recommendation ITU-R BS.1284, where 3 means that the test stimulus has a higher
ASW or LEV compared to the reference stimulus. A rating of -3 indicates a smaller
ASW or LEV of the test stimulus, respectively. If no difference can be perceived the
value 0 has to be chosen.
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Comparison

3 Much better
2 Better
1
0

Slightly better
The same
-1 Slightly worse
-2 Worse
-3 Much worse

Table 5.5. Seven grade comparison scale.

Evaluation of a Virtual Sound Source

Our evaluation includes a post-experiment questionnaire. The questionnaire is
developed to identify the effect of realism as well as the user’s perception of the
utility of the system, and the level of user satisfaction with the interaction.

We classify our observations by learnability and ease of use, utility, user satisfac-
tion, interface features and realism. In terms of

e learnability and ease of use, we mean if the system is easy to learn, how the
user quantifies the usability and if he or she is able to use the tool without
difficulty;

o utility of the tool, we want to know from the users if the system is useful and
it would improve the listening experience with respect to traditional music
reproduction techniques;

e user satisfaction, we intend if the user likes the tool and if he or she is satisfied
by the system response, in terms of response velocity and in terms of realism;

e interface features, the interest concerns the interface indication consistency
with the hearing and if it helps the user in the judgement;

e realism, we concern if the sound respects the overall ambience and the head
rotation.

It is known from psychoacoustics that head movements improve the performance
in localization experiments [88]. To evaluate the stability of the reproduced sound-
image against movements of the listener’s head as well the immersivity an additional
test is conducted. The implemented system expects that the user listens to a single
music sample in a fixed position in a virtual room in which the head rotation is
permitted. After that, the procedure has a quantitative quality evaluation in which
data are collected with the questionnaire.

The following five-grade scale (Table 5.6 ) is used for the subjective assessment
of sound quality as suggested from the ITU-R BS.1284-1.
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Quality
Excellent
Good
Fair
Poor
Bad
Table 5.6. Five grade quality scale.

— N W o Ot

5.4.3 Statistical analysis

The statistical analysis procedure adopted for the first test is identical to that
presented in Section 5.2.3 in the case of sound localization. With regard to the
questionnaire, we decide to represent the mean assessments using an histogram.
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Chapter 6

Experimental results

In this Chapter we show the results of the perceptual tests presented in Chapter
5 to obtain a subjective evaluation of the system. After the user responses were
collected following the presented test methods, we need to obtain some statistical
results and draw some conclusions.

In the previous Chapters we described some problems that arise when a structural
non-individualized HRTF is used, and so we expect that some of these will be present
in our results. The tests aimed at evaluating different aspects: the capability to
locate a sound source in space, the efficiency of the system to synthesize a moving
virtual listener, the immersivity of the output signals and the response to the head
rotation.

The tests covered the aspects presented in Chapter 5; some are related to static

conditions, in which the position of the listener, as well as his or her head, are fixed
in the virtual environment; some others, are related to dynamic conditions, i.e. the
listener moves inside the environments, possibly rotating the virtual head. The
aspects interested in the tests are presented in Chapter 5, and some are related to
static conditions in which the listener is fixed while others are related to a dynamic
conditions, in which the listener is allowed to move.
This Chapter is structured as follows. In Section 6.1 we show the results of the
listening tests, including a detailed statistical analysis. In Section 6.2, on the base
of the complete set of results, we point out the strengths and the weaknesses of the
system.

6.1 Results

In this Section we present the results of the formal listening tests aimed at assessing
the capability of the system to simulate sound sources in space. The results are
collected through the tests conducted according to the protocols presented in Chapter
5. The number of people involved was 21 and the average age was 26.47 years old;
they were not experienced in listening to sound in a critical way.

6.1.1 Sound localization results

In the following we analyze the results obtained from the responses of the users
involved in the sound localization test. This test aims at assessing the capa-
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bility of the system to render a virtual source in a virtual environment. This
test has been conducted according to the guidelines presented in Section 5.2.2.
For this purpose, a speech audio signal (a male speech extracted from the Eu-
ropean Broadcasting Union (EBU) Sound Quality Assessment Material (SQAM)
CD [114]) was generated from seven positions around the virtual listener at 6 =
—45°,0°, —160°,45°,65°, —20°, 135°.

The different angles of arrival of the sound corresponding to the different stimuli
are depicted in Figure 6.1.

FRONT
o 2
©=-20" 6__ igige
©=-45° 1 5 @=45°
5 @=65°
LEFT RIGHT
7 ©=135"
©=-160° 3
BACK

Figure 6.1. The points depicted represent the different angle of arrivals tested. The
numbers near the points indicate the numerical designation of each virtual sound.

The results analyzed are presented by concentrating to the difference between
the localization of the synthesized sound source and the perceived angle of arrival by
the users. The test has been conducted in two different conditions: in the first the
environment was not modeled, i.e. only the direct path from the source to the listener
positions was rendered; the test was then repeated including the reverberation. In
particular, for this test we considered the environment representing a concert hall,
described in Chapter 4. The subjects were asked to indicate the perceived angle of
arrival.

The Figures 6.2 and 6.3 show the mean of the judgments expressed by all the
listeners and the relative confidence interval, computed with the procedure presented
in Section 5.2.3. In particular, we show the mean results depicted like blue dashes,
the confidence intervals depicted between two black dashes representing the upper
limit and the lower limit, and the synthesized angle depicted like red dashes, for the
two listening enviroment configurations that have been presented to the listeners.

In Figure 6.2 we show the results of the subjective test in an anechoic room.
Some subjects perform better than the others: we are interested in the mean results
and the confidence intervals, computed with the procedure presented in Section 5.2.3.
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Along with these, for each stimulus also the mean confidence value of the responses
are shown.

The first stimulus was synthesized at -45 degrees, in the front hemisphere: the
listeners were able to perceive that the sound arrived from the left side but they
were pretty sure that the angle was -91 degrees.

In the second stimulus the mean confidence value is smaller and the confidence
interval is wider: indeed, the results relative to this stimulus have been affected by
the known front-back confusion effect. Despite this the most of the users were able
to identify that the sound source was in the front, and indeed the mean value is -2°.

The results of the third stimulus shown that with sufficient confidence the users
perceived that the sound was located in the back hemisphere, however the mean
value of the responses is -113°, i.e. the average error is of 47°.

For the sound source positioned at 45 degrees, i.e in the fourth stimulus, as for
the case of the symmetrical with respect to the median plane stimulus, i.e the first
stimulus, the situation is the same. With a certain confidence the user perceived the
sound arrived at 92 degrees and the narrow confidence interval show that this angle
of arrival is not well rendered.

Also a sound at 65° is perceived wrongly, arriving from 94° for the users, even
if in this case the confidence interval is slightly wider, but the users were quite
confident about their answers. In other words, the user perceived a sound rendered
at 65° almost in front of the right ear.

The results of the sixth stimulus are coherent with the observations made so
far; indeed, a sound source synthesized at -20° is perceived as arriving from -85°.
Moreover, a narrow interval confidence and a high mean confidence value of response
indicate that the users when responding were sure about the response given.

In the last stimulus, the correct value is just outside the confidence interval. The
sound source was at 135° but the mean response value is 112°. Also in this case like
in the third stimulus, the users perceived that the sound was located in the back,
but they were not able to indicate the exact angle of arrival.

We notice from an analysis of the results that the listeners are able to understand
if the virtual source was located in the left or right hemisphere. The results show
that the users didn’t perceive intermediate angles between 0° and 90° ( the same
hold for the specular with respect the median plane i.e between 0° and -90°): indeed
a source located at 45° or at 65° is likely to be perceived around 90°.

In the second configuration tested, the sound sources were positioned at the same
locations as in the anechoic room. By adding reflections the system should improve
the sense of realism but we expect a degradation of the capability of the users to
localize a sound source. Therefore, we expect greater localization errors.

The results are shown in Figure 6.3: in the following we comment on the individual
results.

The first observation is that, as expected, the general mean confidence values
are reduced: this indicates that the users were less sure about the given responses.
Following this trend, also the confidence intervals are wider.

As in the anechoic condition, the first stimulus arriving from -45°, is perceived
as arriving from -90°. The user were able to localize the sound as arriving at the
left ear, but not to indicate the correct angle of arrival.
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Figure 6.2. Representation of the results for the first test in an anechoic condition, in
terms of mean values (blue dashes) and confidence intervals (black boundaries). For
each stimulus is also shown the mean confidence value of the given response.

The results of the second stimulus present a worsening with respect to the
previous results. The confidence interval has become wider and even if the mean
value is located inside this interval, the sound source synthesized at 0° is perceived
as arriving from -34°. The reflections deceived the users.

The results of the third stimulus are affected by the front-back confusion: the
users perceived a sound arriving from -62° while the source is located at -160°. In
addition, the mean confidence value for the responses of this stimulus is very low
with respect to the other ones, and the confidence interval is wide. The results
suggest that the users were only able to correctly perceive the sound in the left side,
but they were wrong in indicating the frontal hemisphere.

In the fourth stimulus there is a slight improvement with respect to the anechoic
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Figure 6.3. Representation of the results for the first test in a reverberant room, in terms
of mean values (blue dashes) and confidence intervals (black boundaries). For each
stimulus is also shown the mean confidence value of the given response.

condition even if also in this case the users perceive the sound arriving from a
different angle. The mean value of the responses is 80°, while the sound arrived
from an angle of 45°.

In the fifth stimulus a sound source at 65° was rendered, and the users responded
with a mean confidence of 3.4 that the source was located at 93°. The confidence
interval is not too wide, and it does not include the correct value. As in the anechoic
condition, a sound at 65° is perceived around 90°.

The results of the sixth stimulus shows that there is a bit of uncertainty around
the mean value of responses - 86°, but the correct value of - 20° is far. Also in this
case, the users perceived the sound in the left hemisphere as arriving more or less
from - 90°.

The results of the last stimulus are worse than those in anechoic conditions:
indeed, the results show that the users were not able to perceive well that the sound
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was in the back hemisphere. The sound source was located at 135°, but the mean
value of the responses is 97°, with an upper limit of the confidence interval that is
111°.

We can state that also in reverberant conditions the users were not able to
perceive intermediate angles between 0° and 90° and its symmetrical with respect to
the median plane. In addition, in a non anechoic room the front-back confusion is
more evident as the users were not more able to precisely separate the sound sources
located at the anterior or at the posterior angles.

6.1.2 Trajectories localization results

The second listening test has been performed presenting at the users a sound stimulus
(a male speech extracted from the European Broadcasting Union (EBU) Sound
Quality Assessment Material (SQAM) CD [114]) along with a visual reference, i.e a
representation of three different graphical trajectories describing the paths followed
by a virtual listener inside the environment. The task of the user was to indicate
which of them represents the stimulus heard. The listening environment used is the
concert hall model described in Chapter 4 since its reverberant characteristics at the
same time provide good distance cues but do not degradate so much the localization
capability of the user.

We presented four different stimuli, and the corresponding trajectories are
depicted in Figure 6.4 where the arrow indicates the orientation of the head and the
direction of the movement while the filled black circle represents the starting point
and the red circle the virtual sound source.

For the first stimulus, at the users were presented a paper on which there
are represented three different possibilities, depicted in Figure 6.5, where at each
trajectory is assigned an identification number. The user is asked to indicate a
number between 1,2 and 3, that indicates the choice done. The trajectory marked as
1 corresponds to a virtual listener that starts far away from the virtual sound source
and approaches it, and that a given time rotates to the right. The trajectory marked
as 2 illustrates a moving listener away from the source that starts from the left side
of the room and goes toward the opposite side. In the third trajectory is represented
a listener starting away from the virtual sound source and approaching it.

For the second stimulus, a new paper with three different graphical trajectories
was presented to the users. The paper for the second stimulus is depicted in Figure
6.6. The first trajectory represents a virtual listener that starts moving from the left
side toward to the right side, then rotating of 90° to the right and moves away from
the source. At a given time it rotates again of 90° to the right and moves toward
the left side. The trajectory marked as 2 represents a virtual listener moving away
from the sound source. The trajectory number 3 corresponds to a virtual listener
that moves from the right side to the opposite side.

For the third stimulus at the users were presented the combination of graphical
trajectories depicted in Figure 6.7. The trajectory marked as 1 represents a virtual
listener that at the same time moves from the left side to the right side crossing the
room and moving away from the sound source. The trajectory number 2 corresponds
to a virtual listener that moves from the right side to the opposite side. Finally, the
third trajectory illustrates a virtual listener that moves away from the sound source.
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Figure 6.4. The trajectories and the virtual sound source position used in the second
perceptual test. The numbers near the end arrows indicate the numerical designation of
each trajectory.

For the fourth stimulus at the users were presented the combination of graphical
trajectories depicted in Figure 6.8. The trajectory number 1 corresponds to a virtual
listener that at the same time moves from the right side to the opposite side crossing
the room and moving away from the sound source. The trajectory marked as 2
illustrates a virtual listener that moves away from the source and at a given time
rotating of 90° to the left and then continuing to move. In the third trajectory is
represented a listener that starts away from the virtual sound source and approaches
it.

For all the stimuli, the correct trajectory is the first one. The results of this
perceptual test are depicted in Table 6.1 in a matrix form: on the rows it is possible
to observe the percentage of the responses for each stimulus. It is possible to note
that for three stimuli out of four, the most of the users identificated the correct
trajectories. Observing this table we can note that for the first stimulus 16 users
over 21 identified the correct response, for the second stimulus 18 users over 21, for
the third stimulus 12 over 21 and for the fourth stimulus 7 over 21.
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Figure 6.5. Combination of three trajectories presented at the user for the first sound
stimulus.

Observing the first paper and the results for the first stimulus, we can note that
the most of the users were able to identify the correct response with respect two
wrong linear trajectories: in fact we can conclude that the change of direction in
the correct trajectory of the virtual listener, permitted to the listener to discard the
second and third trajectories, that are linear. In addition, the correct trajectory
provides an initial approach toward the virtual source, that is used by the users to
discard the second choice.

Evaluating the second stimulus, we can note that also in this case the correct
trajectory presents a change in direction, while the wrong ones are straight. Also in
this case the most of the users were able to identify the correct response (Table 6.1).
In particular a double change in direction corresponding to a change in the interaural
differences helped the users in their choice: the users first heard the stimulus over
the left ear, and then, after a double change in direction, over the right ear. The
other two possibilities always expected a sound over the right ear. Indeed, this
stimulus is the most correctly identified.

The third stimulus has been correctly identified by the most of the users but
we can note (Table 6.1) that the percentage of correct responses is lowered with
respect to the first two stimuli. Almost all the listeners were able to discard the
third trajectory that doesn’t present a departure from the virtual sound source, but
not all were able to perceive the direction of the sound: probably many of the users
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Figure 6.6. Combination of three trajectories presented at the user for the second sound
stimulus.

based only on the change of the stimulus intensity and on the direct-to-reverberant
ratio. Indeed, in the first trajectory the user mainly perceived the sound with the
left ear, while in the second the converse is true. In conclusion, in this stimulus
where a change in direction is not present, the users presented some difficulties in
making the right choice.

In the last stimulus the most of the users, in particular almost two out of three,
were not able to identify the correct response. As in the first and second stimuli, one
of the trajectories presents a change in direction. However, this does not correspond
to the correct one, which represent a moving listener that starts close to the virtual
sound source and moves away toward the opposite side of the room: thus the user
should perceive a sound that decreases in intensity and that is perceived mostly
on the right ear until it is perceived more or less on the back. Because of this
increasing in distance almost all of the users were able to discard the third choice,
that corresponds to a moving listener that approaches the sound source.

We can conclude that the rotation of the virtual listener’s head is an important
factor for the user in order to identify the correct trajectory, as well the distance
cues like the variations of intensity of the sound and the direct-to-reverberant
ratio. In general better results are obtained for non linear trajectory of the moving
virtual listener, and only for one stimulus over three there were severe identification
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Figure 6.7. Combination of three trajectories presented at the user for the third sound
stimulus.

problems.

6.1.3 Rendering system results
Appearent source width and listener envelopment evaluation

A listening test has been conducted to investigate the capability of our implemented
system to render an acoustic scene and provide immersivity to the user. In order
to evaluate the influence of the room in the perception of a realistic sound and to
evaluate the immersivity given by our system, we use two descriptors introduced in
Chapter 5.

ASW is a descriptor for the perceived width of a sound scene or a sound source
within an acoustical scene. It has been found, that the perception of ASW strongly
relates to the early part of the sound field, i.e. within a time frame of up to 50-80
ms arriving after the direct sound [129]. Especially the lateral reflections have a
major influence on the perception of ASW. LEV is described as the feeling of being
enveloped by sound or the effect of feeling "inside". It is mainly dependent on the late
reverberating part of the sound field [129]. It is important to note that ASW and
LEV influence each other in a perceptual way. When the LEV perception increases,
this translates in an increase of the the perceived ASW [130].
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Figure 6.8. Combination of three trajectories presented at the user for the fourth sound
stimulus.

A concert-hall model (Section 4.1) was employed to model early and late room
reflections. An ensemble of two virtual sound sources was simulated and the virtual
listener was placed in the sweet-spot. The listeners were asked to evaluate the
perception of ASW and LEV for a file audio (a musical sample, in particular an
excerpt from Suzanne’s Vega Tom’s Diner) in a given room configuration with
respect to a reference stimulus heard before. The compared room configurations are
shown in Table 6.2.

The listening test results are depicted in Figure 6.9 with 95% confidence for
ASW and LEV, respectively. The results for all configurations indicate, that the
rating of ASW correlates with the perception of LEV. For tests configurations 1-3,
the different room configurations, namely early room, late room and full room, are
compared to the dry scene.

The result for the first configuration shows that adding only early room reflections
to the scene slightly increases the impression of a broader virtual sound source width.
Also the feeling of LEV is slightly increased. Presenting only the late reverberation
part of the room significantly enhances this effects (configuration 2). A room with
both, early and late reverberation is rated similarly (configuration 3).
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Stimuli Response 1 (correct) Response 2 (wrong) Response 3 (wrong)
First stimulus 76.19% 0% 23.81%
Second stimulus 85.71% 9.52% 4.76%
Third stimulus 57.14% 38.10% 4.76%
Fourth stimulus 33.33% 61.90% 4.76%

Table 6.1. Representation of the frequency of responses as a percentage in the second test.

Configuration Reference stimulus Test stimulus

1 no room early room
2 no room late room
3 no room full room
4 early room late room
5 late room full room
6 early room full room

Table 6.2. Test stimuli for the evaluation of test condition 1.

In configuration 4 the early and late part of the sound field are compared to each
other. It can clearly be seen, that the late reverberation has a larger influence on
ASW perception than early reflections, so the perceived width is significantly rated
wider. This also holds for the perception of LEV.

Configuration 5 deals with the influence of early reflections in a late reverberating
environment, showing that they only lead to no or at most to a very small increase in
ASW and LEV perception. The small confidence interval indicates the test subjects
have been quite certain about this.

The influence of late reverberation is tested by using configuration 6: comparing
a full room with the early part of the room, we may notice that ASW and LEV
are rated similar to configurations 4. This reinforces what has been observed in
configuration 5, i.e. the main perceived part of the sound is the late reverberation.

After the comparison of different room configurations, also the influence of
different listening positions was evaluated. We compared a configuration with only
the late reverberation with respect to a configuration with only the early reflections
as a reference: what changed from stimulus to stimulus was the listening position
of the virtual listener, that moved away on the same vertical axis. The compared
configurations are shown in Table 6.3, where it is shown the distance of the listener
from the virtual sources.

In configuration 7 the results show that near the virtual sound sources, a listening
environment modeled only with late reverberation gives the user an impression of a
broader virtual sound source width with respect to a listening environment modeled
only with early reflections; in addition, it enhances the sense of immersivity.

When the position of the virtual listener has moved away from the source, but it
is not so far, as in configuration 8, the virtual sound source width results even more
broader to the users, and also the feeling of envelopment increases.
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Figure 6.9. Influence of different room configurations on ASW and LEV perception. The
listening position is held constant.

When the early reflections are added to a dry sound, a slight increase of ASW
perception is noted: in addition LEV is rated a bit higher. On the other hand adding
the late reverberating part of the sound field strongly increases the impression of
LEV and ASW, and when the late reverb is considered, early reflections seem to have
no significant influence on the perception of ASW and LEV. Finally, for a listening
position away from the source the results are similar to the previous configuration:
there is however an increasing of ASW and LEV with respect to a configuration
with only early reflections.

We must note, however, that all the results present a wide confidence interval,
i.e., they show a bit of uncertainty. Nevertheless, we can say that increasing the
distance from the source, the listener perceives a wider sound source and an higher
sense of immersivity. In particular, the listener should perceive a more reverberant
sound that means an increase of the LEV descriptor. This increase translates also
into the perception of a wider sound source, i.e in an increase of the ASW.
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Configuration Reference stimulus Test stimulus Distance

7 early room late room 0.75 m
8 early room late room 2.75 m
9 early room late room 4.15m

Table 6.3. Test stimuli for the evaluation of test condition 2.
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Figure 6.10. The trajectories and virtual source position used for the trajectory test. The
numbers near the end arrows indicate the numerical designation of each trajectory.

Qualitative evaluation of the system

Finally, we were interested in experiences from the first-person point of view, in which
subjective reports were used for the assessments. The overall quality evaluation
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criteria used in this test are described in Section 5.4.2.
In Figure 6.11 we show the results of the subjective test, in form of the mean
judgments expressed by all the listeners.

Questionnaire: mean of the evaluations
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1 T T T
Learnability and Utility User satisfaction Interface features Realism
ease of use

Aspects evaluated

Figure 6.11. Histogram representing the mean of the user responses in the questionnaire.

In terms of learnability and ease of use, the participants ranked the system highly
(3.85 average on a scale with a maximum value 5) and stated that they were able
to use the tool without difficulties; in conclusion, the users have found the system
features easy to understand.

In terms of utility, the participants ranked the system with a mean value of 2.9
over a maximum of 5. In particular, all the users stated that it would be nice to be
able to choose between the traditional listening experience through headphones and
this one, but some of them stated they have some difficulties in thinking about a
use of this implementation in their everyday life. We can note that the evaluation
of this criteria was greatly influenced by the use of a MIDI controller instead of a
head-tracker: indeed the users thought about a use in real life of the system with
the same configuration.

In terms of user satisfaction, we can state that in general the users like the tool.
One user stated a preference for faster response time; some other users observed that
the system was able to provide a new way of listening sounds through headphones
that they had never tried. Overall, the considered aspect was evaluated with a mean
value of 3.1 over 5.

In terms of interface features, all the users agreed about the utility of the head
motion cue stating that helped in a better comprehension of the situation. Some of
the users stated that the interface was a bit too basic, but at the same time that it
offered all the information needed for the listening experience. This criteria obtained
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a mean value of 3.1/5.

Finally, the degree of realism was ranked with a mean value of 3 over 5. Some
users stated that the system was able to provide a sense of immersivity in the sound
and that they enjoyed the listening. In particular all the users agreed that the
rotation of the virtual listener’s head corresponded to a coherent change in sound
perceived.

6.2 Conclusions

The first test confirms what was already known in the literature, i.e a system that
uses non-individualized HRTF presents difficulties in render static sound sources.
As the presented results have shown, some users perceive very different from ohters:
maybe a post-screening of the results could be helpful. A post-screening operation
is a rejection technique performed after having gathered all the results, in order
to reject results from unreliable subjects. This operation is primarily used to
eliminate subjects who cannot make appropriate identification or discriminations.
The application of a post-screening method may clarify the tendencies in a test
result. In addition, the analysis of the results were complicated, by the front-back
confusion.

In general, the results show that the users were able to localize a sound in the
left or in the right, and also in certain conditions, to separate a sound in the front
from a sound in the back. On the other hand, the users perceived the sound as
arriving from four quadrants and were not able to identificate the correct angles of
arrival. The sources located in the front hemisphere on the left, were all identified
as arriving more or less from -90°. By adding the reverberation, there was a reduced
capability in front-back separation and the responses given by the users ranged over
larger intervals. The localization errors however increased along with a decrease of
the mean confidence value of the responses.

The experiments related to the moving virtual listeners confirmed that motion cues,
and especially the head rotation, play a fundamental role in sound localization.
Indeed, the results of such tests are positive, and, in particular, the users perceived
very well the direction changes.

We can state that the presence of a reverberation tail significantly improves the
appearent source width and also the listener immersivity. A configuration with only
the early reflections is perceived more immersive than a dry sound. The presence of
a listening environment enhances the sense of realism and immersivity, the presence
of late reverberation significanlty increases the perception of a spatial listening.

A change in listening position, moving away the virtual listener from the virtual
sound sources the perception is not so much affected.

The questionnaire reported the users satisfaction. In particular, the system was not
able to position very well sound in space in static condition, but when the virtual
listener is moving, and in particular the head, the users reported the perception of a
surround sound that rotates around the head. The users experienced the perception
of a sound in motion and a realistic listening. The results show that the implemented
system is easy to use and that a change in the controller for the rotation of the head
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can improve the overall perception, leading to higher judgement scores.
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Chapter 7

Conclusions and Future Works

In this thesis we have proposed an implementation of a rendering sound system
through headphones. In particular the features of our system allow the user to explore
the virtual listening environment, navigate inside it and change the orientation of
the virtual listener’s head. The proposed system can find application, for instance,
as an interactive music player.

In the literature we find two big classes of approaches aimed at implementing a
spatialized system through headphones. On one hand, there are approaches based
on the measurement of the HRTFs, that results in customized and expensive systems.
The measurement procedure produces accurate HRTFs leading to very realistic
sound reproduction. The main drawbacks are the prohibitive measurement time
and the fact that the measurements are highly individualized. As a consequence,
the implementation of such system in consumer products turns to be difficult. On
the other hand there are approaches based on structural HRTF models, in which
no measurements are required. These approaches are based on a combination of
single localization cues models, that could be customizable or not. In this thesis
we followed this second approach, which allowed us to obtain a computationally
efficient and non-individualized system.

The requirements definition phase was much important. The work started with
a research in the literature about existing guidelines and theory about sytems
based on non-individualized HRTF. We were interested in understanding the system
requirements for render a sound in space, around the listener’s head. We collected
information about the results and the test obtained from various researchers in order
to identify the main important factors that influence the perception of a sound in
space, in particular in a dynamic context. This phase led us to discover that the
head motion overcomes some limitation derived from the use of a non customized
System.

It is then followed a development phase started implementing the single cues
involved in the listening. After we had a complete structural HRTF model imple-
mented, we needed to think about the listening environments and in particular to
the navigation inside it. Finally the integration of the head rotation was taken into
account. The last step about the implementation regarded the user interface: indeed,
the user has to be able to choose a song to be heard and we wanted reinforce the
experience with a visual indication of the orientation of the head.

Finally, we conducted a set of perceptual tests aimed at evaluating both the
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static and dynamic features of the systems.

The work done reported some interesting results and it allowed to have an
implementation to work on and to improve. In particular we noticed that the results
follow what reported in literature: it is very difficult to render a spatialized sound
in static conditions, but the users reported satisfaction about the realistic motion
of a virtual listener. Indeed, the listeners stated that the system was able to well
simulate the experience of a sound source in motion around the head.

Future works

The implemented system can be used in different contexts: it is possible to integrate
in videogaming, or in multimedia presentation, in order to introduce some visual
cues in the case of dynamic situation.

It is possible to extend the subjective validation of the sound localization test
through an experimental setup, in order to obtain measurements from a real sound
source in a real listening room. This can be done by a comparison between the
results of the implemented system in this thesis and the results in a real situation.

The context of this thesis should be considered like a prototype of a more complex
and efficient application. The current implementation is developed in Matlab, and
some features are not optimized to work in real time. A successive step is the
implementation of this system over mobile systems. Finally, we can envision the
possibility, for such a system, to be at the base of innovative applications in the
field of augmented reality. For instance, one could imagine a spatial music browser,
where the user is free to explore a virtual environment in which the audio contents
are located in different space positions.
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