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Abstract

With the increasing popularity of spatial audio content streaming and interactive
binaural audio rendering, it is pertinent to study the quality of the critical components
of such systems. This includes low-bitrate compression of Ambisonic scenes and
binaural rendering schemes. This thesis presents a group of perceptual experiments
focusing on these two elements of the Ambisonic delivery chain.

The first group of experiments focused on the quality of low-bitrate compression
of Ambisonics. The first study evaluated the perceived timbral quality degradation
introduced by the Opus audio codec at dilerknt bitrate settings and Ambisonic
orders. This experiment was conducted using multi-loudspeaker reproduction as well
as binaural rendering. The second study has been dedicated to auditory localisation
performance in bitrate-compressed Ambisonic scenes reproduced over loudspeakers
and binaurally using generic and individually measured HRTF sets. Finally, the
third study extended the evaluated set of codec parameters by testing dilerknt
channel mappings and various audio stimuli contexts. This study was conducted in
VR thanks to a purposely developed listening test framework. The comprehensive
evaluation of the Opus codec led to a set of recommendations regarding optimal
codec parameters.

The second group of experiments focused on the evaluation of di Lerent methods
for binaural rendering of Ambisonics. The first study in this group focused on the
implementation of the established methods for designing Ambisonic-to-binaural filters
and subsequent objective and subjective evaluations of these. The second study
explored the concept of hybrid binaural rendering combining anechoic filters with
reverberant ones. Finally, addressing the problem of non-individual HRTFs used for
spatial audio rendering, an XR-based method for acquiring individual HRTFs using
a single loudspeaker has been proposed.

The conducted perceptual evaluations identified key areas where the Ambisonic
delivery chain could be improved to provide a more satisfactory user experience.
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Chapter 1

Introduction

Spatial audio, also referred to agmmersive audiq is gaining a substantial presence

in the landscape of digital media content and services. It is used for music, Im,
gaming, podcasting, and virtual and augmented reality applications. With the rise
of 5G mobile networks, spatial audio is expected to become an essential element of
communication services in the future.

Spatial audio systems are expected to give the sensation of being in another
acoustical space or to render virtual sound sources realistically or plausibly in the
user's acoustic environment. To create such a convincing auditory experience, the
sound reaching the ears needs to be crafted in a very specic way, which is in
accordance with how the brain interprets the sounds of the real world. This can be
achieved under certain technical conditions, including audio signal representation,
perceptual coding, and rendering methods. Nevertheless, providing such conditions
for a regular user is non-trivial and requires a balance between practicality and
employed resources. This research focuses on nding this balance and proposing
recommendations and methods aimed at making high-quality spatial audio within
the reach of a regular user.

Over the time this research was carried out, the consumer electronics industry
made a massive leap in the adoption of spatial audio. Interactive binaural audio
rendering has been widely adopted to deliver immersive audio over headphones,
making spatial audio more accessible. This includes the introduction of wireless
headphones and earbuds with built-in sensors. There has also been a shift in the
adoption of immersive audio formats. In a recent survey by Production Expéit
one-third of post-production and music mixers responded that they work in the Dolby
Atmos format, which is a three-dimensional extension of the established surround
sound formats. According to professionals whose comments have been published
alongside the survey results, the increasing adoption of Atmos, especially for mixing
music content, is driven by a mixture of creative, business, and marketing goals.

In addition to commercial formats, a royalty-free audio technique known as
Ambisonics (Gerzon, 1973; Zotter and Frank, 2019) is constantly growing its user
base organically. The adoption of Ambisonics is mainly driven by sound artists,

1Atmos survey  https://www.pro-tools-expert.com/production-expert- 1/who-is-
mixing-in-atmos-we-have-the-survey-results/
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academic researchers and XR developers. It is used to deliver immersive audio assets
in games (Dele ie and Goodwin, 2007) as well as spatial music, e.g. Ambisonic Music
Library2. Ambisonics has also become a standard for 368deo productions. Some
binaural renderers use it as an input format or an intermediate sound bed, which

is then decoded to the left and right ear headphone signals, e.g. Google Resonance
Audio®. The wide range of Ambisonic production software tools, often free and open
source, makes the ecosystem accessible. There is also a wide range of Ambisonic
microphones available on the market.

Streaming of Ambisonic audio is usually accompanied by 186r 360 video
streams and delivered using platforms like YouTube VVRor HOAST® which can also
be used as an open source library to deploy custom content. Currently, YouTube VR
supports 1st-order Ambisonic audio and non-diegetic stereo tracks for its immersive
audio and video streaming, while HOAST supports Ambisonic audio up to 4th-order
alongside 360videos (Deppisch et al., 2020). Moreover, Ambisonics is at the centre
of the Immersive Audio Model and Formats speci catioh developed by the Alliance
for Open Medid.

The established audio quality of Ambisonic streaming is not optimal. The
community of spatial audio creators has raised their concerns that streaming services
like YouTube do not support higher-order Ambisonids consequently degrading
the audio experience. Ambisonic streaming requires e cient bitrate compression
algorithms. In recent years, advancements have been proposed in the eld of rendering
Ambisonic signals for headphone playback, which have not been comprehensively
evaluated against the established systems. As the individual ear shape plays a role
in the perception of sound, it is desirable to research the binaural reproduction of
Ambisonics using individual binaural Iters. With the rising popularity of immersive
audio, it is pertinent to research these elements.

The Ambisonic delivery chain generally consists of multichannel signals carry-
ing audio scene representation that are compressed using perceptual coding to be
streamed over the network. On the receiving end, the signals are then rendered
typically to headphones. Figure 1.1 shows a simple schematic of the Ambisonic
delivery chain. The following technical aspects may a ect the perceived quality of
Ambisonic audio:

“ Ambisonic signal truncation order;
" Low-bitrate compression of Ambisonic signals;
" Filter design methods used for the binaural rendering of Ambisonics;

" Anechoic or reverberant binaural rendering;

2Ambisonic Music Library  http://ambisonicmusiclibrary.com/

3Resonance Audio https://resonance-audio.github.io/resonance-audio/

4YouTube VR  https://vr.youtube.com/

SHOAST https://hoast.iem.at/

SJAMF  https://aomediacodec.github.io/iamf/

"Alliance for Open Media https://aomedia.org/

8Spatial Audio in VR/AR/MR Facebook group discussion - https://www.facebook.com/
groups/SpatialAudioVRARMR/permalink/2959851487491492/

14



1.1. STATEMENT OF HYPOTHESIS

Figure 1.1: Ambisonic delivery chain.

" Generic or individual binaural Iters (HRTFS).

1.1 Statement of Hypothesis

The hypothesis that forms the motivation for the work presented in this thesis is as
follows:

Streaming and rendering of Ambisonics can be improved through perceptual
evaluation and optimisation of the Ambisonic delivery chain.

1.2 Novel Contributions

The research presented in this thesis has produced the following novel contributions
to the eld:

" Perceptual evaluation of low-bitrate compression of Ambisonics.
A group of perceptual experiments focusing on the quality of low-bitrate
compression of Ambisonics and di erent spatial audio reproduction methods.
As a result, optimal codec parameters were obtained for streaming Ambisonic
audio under di erent rendering and context conditions.

Evaluation of methods for the binaural rendering of Ambisonics.
The results of the experiment have pointed towards the optimal binaural Iter
design method for rendering Ambisonic scenes of di erent orders.

User-preference evaluation of virtual Ambisonic listening spaces.
This experiment evaluated a hybrid approach to rendering Ambisonics which
combines anechoic and reverberant Iters. The results showed that such a

15



1.3. THESIS STRUCTURE

method could provide an alternative to the standard anechoic rendering. Based
on user responses, preferred direct-to-reverberant sound ratios were established.

XR-based system for individual HRTF measurements.

Finally, to address the problem of non-individual HRTFs used for spatial audio
rendering, an XR-based method to acquire individual HRTFs using a single
loudspeaker has been proposed.

1.3 Thesis Structure

This thesis is structured as follows. First, a review of research on the perception
of sound is presented in Chapter 2. This chapter discusses the basic physics of
sound, the human auditory system and spatial hearing. Chapter 3 discusses sound
reproduction methods for spatial audio, established formats and perceptual coding
schemes, followed by a review of the literature on perceptual evaluation of spatial
audio systems. This includes established listening test paradigms, problems associated
with subjective assessment of spatial audio quality and how di erent perceptual
attributes can be systematised in this context.

Chapter 4 presents a study focused on the evaluation of perceived timbral quality
degradation introduced by the Opus audio codec at di erent bitrate settings and
Ambisonic orders. This experiment was conducted using multi-loudspeaker repro-
duction as well as binaural rendering using generic and individually measured HRTF
sets. Chapter 5 presents a study focused on auditory localisation performance within
the presented bitrate-compressed Ambisonic scenes. The impact of the employed
reproduction method on the collected responses was also investigated, as the scenes
were reproduced over loudspeakers and binaurally using generic and individually
measured HRTF sets. Chapter 6 extends the evaluated set of codec parameters by
testing di erent channel mappings and various audio stimuli contexts. This study
also moves the user interface into VR thanks to a purposely developed listening test
framework.

Chapter 7 focuses on the implementation of established as well as alternative
methods for the binaural rendering of Ambisonics. The chapter also presents subse-
guent objective and subjective evaluations of these. Chapter 8 presents an experiment
exploring user preferences of the direct-to-reverberant sound ratio (DRR) of virtual
Ambisonic listening spaces in relation to di erent types of reverberation and di erent
Ambisonic audio content. Chapter 9 discusses a Head Related Transfer Function
(HRTF) measurement system that uses minimal hardware con guration.

Chapter 10 concludes this thesis. A summary of the ndings is presented.
Appendix A and Appendix B present listening test tools developed as part of the
research presented in this thesis.
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Chapter 2

Auditory Perception

Auditory perception is at the heart of this dissertation. The experiments presented

in the subsequent chapters are based on controlled presentations of auditory stimuli
rendered using loudspeakers or headphones. This chapter discusses the relevant
principles of sound and its perception. Section 2.1 discusses the physics of sound
propagation. It is followed by Section 2.2, which introduces basic information on the
human auditory system. Section 2.3 further extends this chapter by reviewing the
literature on spatial hearing and introducing the psychoacoustic concepts referred to

in this dissertation.

2.1 The Physics of Sound

2.1.1 Sound Propagation

Sound in a physical context can be broadly de ned as a mechanical disturbance of
an elastic medium. However, a more accurate description of sound focuses on the
propagation of this disturbance in a medium, which typically consists of air, other gas,
solid or liquid. Howard and Angus (2013) propose a simple one-dimensional model
of a sound-propagating medium using an analogy to golf balls connected by springs.
The golf balls represent masses of molecules, whereas the connecting springs represent
the forces between them. Once the rst golf ball is pushed, the adjacent spring is
compressed and pushes the neighbouring golf ball, as illustrated in Figure 2.1. This
movement corresponds to the way sound propagates in an unconstrained medium and
Is known as thelongitudinal wave The region where molecules are pushed together
is calledcompression where they are being pulled apart rarefaction. Compression
and rarefaction are observed in the air as a momentary increase and decrease in
atmospheric pressure.

Speed of Sound

The speed of sound propagation depends on the physical properties of the medium.
It is higher for solids and liquids than for gases. In the case of air and other gases,
it is strongly a ected by the mass of its molecules and the absolute temperature.
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2.1. THE PHYSICS OF SOUND

Figure 2.1: Ball-and-spring model of a propagating sound pulse. Adapted from Howard
and Angus (2013).

Equation 2.1 can approximate the speed of sourdin a normal temperature range

in dry air. In this equation, T¢ is the temperature of air expressed inC. The mass

of molecules may slightly increase in humid air, increasing the speed of sound. For
example, at a temperature of 20C, 50% humidity and 100kPa atmospheric pressure,
the speed of sound is equal to 34# s 1.

c=331:3+(0:59 Tc) (2.1)

Wavelength and Frequency

If the medium is periodically excited, the distance between the regions of the same
pressure is known asvavelengthdenoted using . Equation 2.2 shows the relation
between the speed of sound and the peridd which is the time taken by the full
compression rarefaction cycle for a single point in space. The wavelength is inversely
proportional to the rate of pressure variation, known agrequency denoted asf in
Equation 2.3. Figure 2.2 shows a sine wave propagating in a material.

T

—Hl+~ o]

(2.2)

—h
11

(2.3)

Sound Pressure

The amplitude of sound can be described using eithpressureor particle velocity
component. Because human ears are sensitive to pressure and it is easier to measure,
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2.2. HUMAN AUDITORY SYSTEM

Figure 2.2: Sine wave propagating in a material and its wavelength. Adapted from Howard
and Angus (2013).

it is used more commonly in psychoacoustics and audio engineering. The root mean
square (RMS) value of the atmospheric pressure deviation at a particular point is
therefore called thesound pressure Assuming a point source, the sound pressupe
changes proportionally to the inverse distance between the source and the point in
space.

p/ (2.4)

r
2.2 Human Auditory System

The human ear is composed of three main structures: the outer ear, the middle ear,
and the inner ear, as seen in Figure 2.3. The most external part of the outer ear is
the pinna, which has a unique shape that interacts with the sound reaching the ears.
The outer ear also consists of the ear canal, a narrow tube leading to the eardrum.
The middle ear is an air- lled chamber located behind the eardrum. It contains three
tiny bones called malleus, incus, and stapes that transmit sound vibrations from the
eardrum to the inner ear. Ossicles play an essential role by matching the impedance
di erence between the two mediums: air in the ear canal and uid that lIs the inner
ear (Van Opstal, 2016). The inner ear is a complex system of chambers and canals
deep within the skull. It contains the cochlea, which is responsible for generating
impulses sent to the brain in response to vibrations. The human auditory system
relies on the analysis of these impulses.

Excitation of the hearing mechanism at speci c amplitudes and frequencies
results in the perception of arauditory event The sound pressure range perceived by
humans is extremely wide. It extends from about 1®Pato 10° Pa and the frequency
range of perceived sounds extends from 20 Hz to 20 kHz. As human perception is
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2.3. SPATIAL HEARING

Figure 2.3: The anatomy of the human ear. Reproduced from Biga et al. (2020) under CC
license.

logarithmic, i.e. a linear change in physical stimulation causes a logarithmic change
in perception (Warren, 1981), it is common to express sound pressure using the
decibel scale The following equation de nes the relation between sound pressure
level (SPL) and sound pressure:

SPL = 20log;, %; (2.5)

wherepy is the minimum sound pressure perceived by humans equal20 10 ®Pa
at a frequency of 1 kHz.

Due to the information processing capabilities of the brain, physical bodies that
emit sound waves can be perceived asiditory sources exhibiting the following
subjective characteristics: loudness pitch, and timbre. Loudness is associated
primarily with the amplitude of the sound wave, pitch with its fundamental frequency,
and timbre with its spectral shape. All these quantities are also a ected by the
temporal properties of the sound, e.g. duration. For more detailed information
on the human auditory system and psychoacoustics, the reader is referred to the
textbook by Zwicker and Fastl (2013).

2.3 Spatial Hearing

The auditory system is not only capable of recognising di erent sound sources but is
also able to localise their origin in space. Interpretation and exploitation of spatial
paths between the sound source and the ears can be referred to as spatial hearing.
Identi cation of the approximate position of the sound source is possible through the
set of attributes of the ear signal known aguditory localisation cues which depend

on the direction of incidence and distance of the source. This section provides a brief
review of existing research on auditory localisation cues.
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2.3. SPATIAL HEARING

(a) Horizontal plane (b) Median plane (c) Frontal plane

Figure 2.4: The three principal planes.

2.3.1 Spatial Coordinates

To discuss the properties of spatial hearing, it is necessary to establish a standard
convention to describe the position of the sound source in relation to the listener.
This includes the use of three anatomical planes, commonly known as the horizontal,
median, and frontal planes. Figure 2.4 shows the location of these planes. It is
also common in the literature to refer to these planes as axial, sagittal, and coronal
anatomical planes. Moreover, to describe the exact position of the sound source, it is
typical to use the spherical coordinate system depicted in Figure 2.5. The azimuth
angle describes the horizontal direction relative to the front of the listener, while the
elevation angle describes the vertical direction in relation to the horizontal plane. The
system used throughout this thesis uses positive azimuth angles for source positions
on the left side of the listener and positive elevation angles for positions above the
horizontal plane. However, the reader might encounter alternative systems used
within the audio production and research elds. The most common example of such
a di erence is using an azimuth angle with values increasing towards the right side
of the listener, as adopted by most spatial audio plugin developers, e.g. Kronlachner
(2014a). The origin of the spatial coordinate system used in audio research is typically
located at the intersection of the median plane and the interaural axis that runs
across both ears.

2.3.2 Localisation cues

The basic property of spatial hearing is the ability to derive information about the
sound source based on the di erences in left and right ear signals. Venturi conducted
the rst known research on spatial hearing in the late 18th century (Wade and
Deutsch, 2008). He showed that people can point the direction of the incoming ute
sound. He associated this ability with di erences in sound intensity between the
ears. Lord Rayleigh (Rayleigh, 1907) conducted further research on spatial hearing
and proposed theduplex theory of localisationwhich speci es that the auditory
localisation of low- and high-frequency sounds is based on the respective phase and
intensity di erence between the ear signals. The literature describes these di erences
as theinteraural localisation cuesor simply the binaural cues Figure 2.6 shows a
spherical model of the head in a horizontal plane and approximated paths of sound
reaching both ears. Localisation cues which exist in single ear signals are called
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2.3. SPATIAL HEARING

Figure 2.5: Spherical coordinate system.

monoaural signals Localisation also depends on the distance between the listener
and the sound source. Sound sources within ca. 1 m distance from the listener's
head are considered to be located in theear eld, while sources further away are
considered to be in thefar eld.

Interaural Time Di erence

The di erence in the arrival time of a sound wave in both ears is known as the
Interaural Time Di erence (ITD). It increases with a displacement of the sound
source from the median plane. For a medium-size head, the ITD ranges from -650
to 650 ps. It is the predominant localisation cue at frequencies below ca. 1.4 kHz,
for which the auditory system is sensitive to phase di erence (Mills, 1958). ITD
can also be discriminated for high-frequency sounds based on their envelope, that is,
temporal changes in their amplitude (Henning, 1974). However, according to Yost
(2017), the envelope dependency does not contribute to the auditory localisation of
real sound sources.

ITD in the horizontal plane can be approximated based on the frequency-
dependent model of sound travelling around a rigid sphere (Kuhn, 1977) using
the following equation:

ITD = a—crsin ; (2.6)

where is the angle between the median axis and incidence direction of the sound
source in a horizontal plane expressed in radiang,is a non-dimensional parameter
(a=3 at frequencies below 500 Hz & 90°) and is gradually decreasing t@a = 2 at
frequencies above 2000 Hz € 60°), r is the approximate radius of the head and

is the speed of sound.
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2.3. SPATIAL HEARING

Figure 2.6: Binaural localisation cues caused by the time-of-arrival and frequency-dependent
sound intensity di erence between the ear signals.

Interaural Level Di erence

Due to the acoustic shadowing e ect of the listener's head placed in a path of
an incident sound, the signals in both ears exhibit the Interaural Level Di erence
(ILD) (Blauert and Allen, 1997), which increases with the angle between the median
plane and the source incidence. Far- eld ILD is relatively negligible at low frequencies
and it increases at mid and high frequencies to a maximum value of ca. 20 dB at
10 kHz. Therefore ILD dominates horizontal sound localisation at frequencies above
1.5 kHz, although human sensitivity to ILD is frequency-independent (Salminen,
2015). A substantial increase in ILD can be observed for both low and high frequencies
when the source is located in the near eld, as shown by Brungart and Rabinowitz
(1999); Shinn-Cunningham et al. (2000).

Spectral Cues

It was observed in the 19th century that the directional sensation of sound is a ected
by the orientation of the sound source relative to the pinna (Thompson, 1879). Later,
Batteau (1967) suggested that the pinna uniquely transforms the incoming sound
according to each direction of arrival. Further studies revealed that the combined
acoustic e ects of the outer ear, head, and shoulders produce spectral changes
at mid and high frequencies. Spectral cues are critical for vertical sound source
localisation (Gardner and Gardner, 1973) and for distinguishing the direction of
sounds within the cone of confusion(Wallach, 1939), i.e. located at the same angular
distance from the interaural axis.
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2.3. SPATIAL HEARING

Head Movements

Head movements can reduce localisation confusion by changing interaural and
monoaural cues, consequently delivering additional information to the auditory
system. The importance of head movements in auditory localisation has initially
been investigated by Young (1931), who reported that limiting head movements
results in less accurate localisation. Further studies found that head movements can
reduce the front-back confusion error if the duration of the sound is long enough,
i.e. 600800 ms (S!towski and S!towski, 2012). However, when the stimulus is
short and is presented during rapid head movement, the auditory localisation can be
strongly distorted (Cooper et al., 2008).

Vision and Memory Cues

When the auditory and visual cues con ict with each other and the sound source is
in the person's eld of view, its position is usually determined by the visual cue. This
phenomenon is known as thgentriloquism e ect. It is an example of the capture

e ect (Ghirardelli and Scharine, 2009), where information received through one
sensory channel can be a ected by information received in another. The listener's
anticipation and memory can strongly a ect auditory localisation as well. Sounds
familiar to them are localised more precisely (S!towski and S!towski, 2012).

2.3.3 Distance Perception

The perception of sound source distance depends on a combination of cues depending
on the actual distance between the listener and the source and the environment
in which they are located. In the free far eld, i.e. with only the direct sound
path present, the sound source distance can be perceived based on the sound wave
pressure changing proportionally with the inverse distance from the point source.
Another cue comes from the fact that air attenuation varies with frequency. High
frequencies are attenuated more for a source located further from the listener than
for a nearby source. If the source is located in a region proximate to the listener, the
distant-dependent ILD change serves as a distance cue (Shinn-Cunningham et al.,
2000).

In environments with sound-re ecting surfaces, e.g. rooms, signals reaching the
ears consist not only of direct sound but also sound re ected from the surfaces.
The ratio of direct sound energy to re ected sound energy (DRR) decreases with
increasing distance between the source and the listener. Bronkhorst and Houtgast
(1999) showed that the perceived distance depends on this ratio. The sound spectrum
of the ear signals also changes as a result of reverberation, potentially contributing to
more accurate distance perception of sound sources familiar to the listener (Zahorik,
2002a).
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2.3. SPATIAL HEARING

2.3.4 Headphone Listening

As the sound reproduction discussed in this dissertation is performed primarily with
headphones, it is pertinent to introduce the following two concepts explicitly related
to this type of listening.

Externalisation

Sounds originating in the real world tend to be perceived as beimxternalised that

is, located a certain distance from the listener's head. However, the mismatch in
ear signals between the natural and headphone listening conditions often causes a
perception of sound somewhere within the listener's head. Hartmann and Wittenberg
(1996) reported that externalisation depends on the accuracy of ITD at frequencies
below 1 kHz and ILD at all frequencies equally under anechoic conditions, as well as
the retention of the correct spectrum in each ear. According to Kulkarni and Colburn
(1998), a certain level of spectral smoothing can be introduced to ear signals without
degrading externalisation. However, a later study by Hassager et al. (2016) showed
that the removal of spectral detail from direct sound under reverberant conditions
a ects perceived externalisation.

As reported by Begault et al. (2001), externalisation depends on the presence
of reverberation. Another study by Catic et al. (2013, 2015) showed that temporal
uctuations in ILD and interaural coherence (IC) observed in reverberant environ-
ments are essential cues for the perception of externalisation, especially for frontal
sound sources. Brimijoin et al. (2013) showed that rotational head movements a ect
externalisation.

Binaural Lateralisation

When the dichotic signals are provided to both ears through headphones, a lateral
displacement of the phantom sound source occurs along the interaural axis. The
relationship between time and level di erences in ear signals and the perceived shift
of the phantom sound source inside the listener's head is callederalisation (Blauert
and Allen, 1997). Early experiments by Je ress and Taylor (1961) show that listeners
can identify lateralised sounds perceived within the head as coming from external
visual targets placed in the free space around them. The relationship between the
lateral displacement of the auditory event is a function of both direction and distance.
If the localisation judgment space is limited to the anterior half of the horizontal
plane and the distance from the listener is xed, then the lateral displacement will
directly correspond to the direction of the phantom sound source. Figure 2.7 shows
this relationship. Lateralisation is essential when considering not fully externalised
binaural stimuli, e.g. due to spectral mismatch.

2.3.5 Localisation Performance

The performance of human auditory localisation varies depending on the direction of
incidence of the sound wave and the distance, level, and frequency characteristics of
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2.3. SPATIAL HEARING

Figure 2.7: A relationship between lateralization and perceived lateral angle of the phantom
sound source at a xed distance.

Figure 2.8: Auditory localisation accuracy and precision. Adapted from S!towski and
S'towski (2012).

the sound source. The misplacement between the perceived location of the sound
source and its actual location can be de ned as the sum of the following two error
metrics: constant localisation errorand random localisation error. They represent the
accuracy and precision, also known agesolution, of auditory localisation, respectively.
The localisation accuracy and precision concept is illustrated in Figure 2.8.

The spatial precision of the auditory system can be associated with the minimum
di erence in the direction of the sound source that causes a change in the perceived
position of an auditory event. Blauert and Allen (1997) described this attribute as
directional auditory localisation blur. It is also called the Minimum Audible Angle
(MAA) when obtained in sound source discrimination experiments. The lower limit
of the MAA in the horizontal plane is about I (Mills, 1958; Perrott and Saberi, 1990)
and is observed for sound sources located in front of the listener. The horizontal
MAA increases to about 10 for the lateral directions. This con rms that auditory
spatial resolution in the horizontal plane depends on the discrimination thresholds
of interaural time and level di erences, which change more rapidly in the function of
azimuth for sources located ahead of the listener compared to the lateral region.

In the case of sources located in the median plane, the auditory localisation
performance depends on the directional ltering of the pinna and body. The auditory
localisation in the median plane is most precise for sound sources placed in front
of the listener. Perrott and Saberi (1990) reported MAA of approximately 3in
these directions. A further study by Middlebrooks (1999) reported that the RMS
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localisation error in a free eld in all directions of the median plane is approximately
23.

For sources located on diagonal planes, the spatial resolution depends on inter-
aural di erences and spectral changes (Perrott and Saberi, 1990; Grantham et al.,
2003). Auditory localisation performance degrades in the presence of other sound
sources (Langendijk et al., 2001). The accuracy of distance estimation tends to be
poor, with the judged distance consistently underestimated Zahorik (2002a). For
more comprehensive information on spatial hearing and auditory localisation, the
reader is referred to the research report by S'towski and S'towski (2012) and a
textbook authored by Van Opstal (2016).

2.4 Conclusion

This chapter has provided a comprehensive overview of auditory perception, which
forms the foundation for the experiments presented in the further chapters. The
reader was introduced to the basics of sound propagation, the human auditory
system and spatial hearing. The mechanisms of perception of sound source direction
and distance as well as auditory localisation performance were discussed. This
chapter also introduced two crucial concepts related to headphone listening, i.e.
externalization and binaural lateralization. Overall, this chapter has provided a solid
foundation for understanding the principles which will be crucial for interpreting the
results of the experiments presented in the subsequent chapters of this dissertation.
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Chapter 3

Spatial Audio Techniques

Following the introduction of human auditory perception principles in Chapter 2,
this chapter focuses on audio techniques which use the aforementioned principles.
Figure 3.1 shows the general classi cation of these techniques. Suitable audio capture,
coding, and reproduction methods must be used to deliver plausible spatial audio
scenes to the listener. This chapter highlights techniques applicable to the scope of
this thesis, followed by the introduction of spatial audio evaluation methods.

Figure 3.1: General classi cation of spatial audio techniques including audio capture and
synthesis methods, spatial audio formats and reproduction methods.

3.1 Multi-Loudspeaker Reproduction

Multichannel loudspeaker systems create spatial auditory events by sending coherent
signals to two or more loudspeakers. The most straightforward multichannel systems
are known asstereophonicand consist of two loudspeakers. Such systems can create
the illusion of sound sources located along the horizontal line between the two
loudspeakers. Adding additional loudspeakers around the listener in the horizontal
plane has led to the development adurround systems. An example of a surround
loudspeaker is the 5.1 con guration, as de ned in ITU-R (2022b), which is a popular
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3.2. BINAURAL RECORDINGS

mixing standard in Im postproduction. For more information on such systems, the
reader is directed to (Roginska and Geluso, 2017, Chapter 6).

Spatial audio reproduction with height requires loudspeakers positioned at dif-
ferent heights. In recent years, a Dolby Atmos format has emerged, which employs
speakers at elevated positions. This format combines the following two methods of
sound spatialisation: channel-basedand object-basedaudio.

The rst is based on discrete loudspeaker signals created during the mixing
process. The limitation of channel-based audio is that to achieve the intended
e ect, the loudspeakers used for reproduction should be located accordingly to the
standardised layout (ITU-R, 2022a), which was used during material production. If
the target loudspeaker layout does not match the original one, it is possible to derive
a new set of loudspeaker signals by downward mixing content, although this might
not be optimal. The down-mixing process is simply a summation of loudspeaker
signals using speci ¢ weights.

In contrast, object-based audio represents individual audio objects that are
stored along with the associated spatial metadata (Geier et al., 2010). This allows
rendering of the virtual audio sources using arbitrary loudspeaker layouts, as the
nal loudspeaker feeds are produced during the rendering process considering each
object's intended spatial position. Another feature of such systems is the possibility
of content manipulation by the listener, e.g. to boost the Im dialogue volume. For
more information on object-based audio, the reader is directed to (Roginska and
Geluso, 2017, Chapter 8).

There are alternative methods for spatial audio delivery over multiple loudspeakers
that focus on the sound eld reconstruction rather than panning between multiple
loudspeakers. These methods are Wave Field Synthesis (Berkhout et al., 1993) and
Ambisonics, further discussed in Section 3.4. At this point, it is pertinent to mention
the Audio De nition Model (ADM) (ITU-R, 2019), an open standard that describes
additional data that accompany audio produced with the methods mentioned above.
This data can be later used in the rendering process to process the audio streams
correctly.

3.2 Binaural Recordings

The basic idea behind the binaural technique is to recreate the previously recorded
auditory experience by reproducing the sound pressure at each eardrum (Mgller,
1992). Assuming that binaural localisation cues (ITD, ILD) and spectral cues are
correct, the experience should be equal to listening to the actual sound source. This
can be achieved by capturing and playing backinaural recordingsor using binaural
synthesis

The typical binaural recording is made using a pair of small microphones placed
inside the ear canal of each ear. The microphones can be attached to a real human
head or an arti cial head with the shape of an average human head, which usually
includes a model of a pinna and nose. An example of such a device is the KU100
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3.3. BINAURAL SYNTHESIS

(a) In-ear microphone. (b) KU100 manufactured by (c) KEMAR manufactured by
Neumann. GRAS.

Figure 3.2: Binaural microphones.

binaural microphone manufactured by Neumanh Some binaural microphones
include a simulated torso, e.g. KEMAR manufactured by GRAS Figure 3.2 shows
an in-ear microphone and both arti cial heads. In virtual acoustic environment
reproduction, binaural recordings have limited use, as they do not allow the user to
move their head to explore the scene. Therefore, the common testatic binaural
describes this type of recording. The binaural recording technique is typically limited
by the generic morphological characteristics of the head used for recording.

Binaural audio playback is usually done using headphones, which allows for
controlled signal distribution to each ear, eliminating the acoustic in uence of the
environment and the cross-talk, which would be present in regular loudspeaker-based
reproduction. In addition to the headphone-based reproduction method, there is a
particular case of binaural reproduction using two or more loudspeakers, the so-called
cross-talk cancellationmethod, also known as thd@ransaural method (Moller, 1988;
Takeuchi and Nelson, 2002).

3.3 Binaural Synthesis

Binaural synthesis extends the binaural recording technique by allowing for the
spatialisation of arbitrary sound sources. One of the rst attempts to produce a
simulation of free- eld listening using digital techniques was made by Wightman and
Kistler (1989a). The transfer function between a speci ed point in the free eld and
a point close to the eardrum must rst be obtained to reproduce the experiment.
This function depends on the angle of incidence of the source and its distance. It is
commonly referred to as Head-Related Transfer Function (HRTF). It represents the

Ihttps://en-de.neumann.com/ku-100
Zhttps://lwww.grasacoustics.com/products/product/749-45bc.html
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spectro-temporal ltering of an incident acoustic wave caused by the listener's pinna,
head, and torso morphology. In other words, HRTF describes sound transmission
from a point located in a free eld at a certain distance and angle of incidence
to a point located inside the ear canal (Mgller, 1992). A set of HRTFs or HRIRs

(HRTF equivalent in the time domain) is required to synthesise binaural signals

corresponding to sound sources at di erent locations.

3.3.1 HRTF-based Spatialisation

HRTF-based signal processing is a crucial element of all binaural reproduction systems.
A binaural signal can be synthesised by multiplying in the frequency domain the
source signal and the respective HRTF for each ear. The optimal approach to spatial
audio reproduction through binaural synthesis is to use the individual's HRTFs to
preserve the subject-speci ¢ binaural signal attributes. If it is impossible to obtain
an individual HRTF set for the person, the generic HRTF set must be used.

An alternative to direct HRTF convolution is to use HRTFs as virtual loudspeakers.
Here, the same signals that would be utilised in a real-world 3D loudspeaker array
are convolved with the HRTFs corresponding to speci ¢ loudspeaker positions to give
a virtualised presentation of the array over headphones. The accuracy of sound eld
reproduction then becomes dependent on the spatialization method used, for example,
Vector-Base Amplitude Panning (Pulkki, 1997), Wave Field Synthesis (Berkhout
et al., 1993) or Ambisonics (Gerzon, 1973).

The binaural synthesis of acoustical environments requires measurements or simu-
lations of Binaural Room Impulse Responses (BRIRS), which contain the contribution
of the room acoustics. This type of synthesis can provide a high degree of perceptual
realism (Lindau et al., 2007). Early re ections can be particularly important for the
externalisation of sound sources (Begault et al., 2001).

3.3.2 HRTF Measurements

The established methods for obtaining user-speci ¢ HRTFs can be grouped into the
following categories: acoustic measurements, mesh-based simulations or predictions
based on ear images or anthropometric measurements. The acoustic measurement-
based method is the most widely established for audio research and has been percep-
tually validated in many studies, e.g. (Wightman and Kistler, 1989b; Bronkhorst,
1995).

There are three approaches to HRTF measurements, distinguished by the point
where the measurement probe is placed in the ear canal (Mgller, 1992): at the ear
drum, at the entrance to the open ear canal and at the entrance to the blocked
ear canal. HRTFs, by de nition, are measured in a free eld, e.g. in an anechoic
chamber. For a comprehensive review of HRTF measurement methods, the reader is
directed to (Li and Peissig, 2020).
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Figure 3.3: 3DOF head tracker.

3.3.3 Head Tracking

In opposition to binaural recordings, binaural synthesis can employ head tracking.
It is required for dynamic binaural synthesis to provide information on the listener's
movement. If the signals fed to each ear are modi ed accordingly, i.e. providing
localisation cues based on the head displacement and rotation, presented virtual
sound sources will remain in their positions in space. Perception of the location
of the virtual sound source is improved with head tracking-enabled binaural audio
systems (Wightman and Kistler, 1999; Begault et al., 2001).

There are multiple head-tracking solutions available. The simplest ones are the
three-degrees-of-freedom (3DOF) trackers, which provide information on the rotation
of the listener's head. An accurate approximation of head orientation can be derived
using the data fusion algorithm based on measurements from the following sensors:
accelerometers, gyroscopes, and magnetometers. Figure 3.3 shows a miniature 3DOF
head tracke? placed on a headphone headband. Optical tracking is usually required
to provide additional tracking of head displacement. Such systems are called the
six-degrees-of-freedom (6DOF) tracking and are typically employed in virtual and
augmented reality headsets or are available as more complex standalone solutions.

3.3.4 Equalisation

HRTF-based spatialisation requires controlled compensation of the frequency response
of headphones used for binaural reproduction. It is desirable to use individual
headphones compensation lters (Pralong and Carlile, 1996). When individual or
headphone-speci c Iters are not available, it is best to use di use- eld equalised
HRTF sets. Di use- eld equalisation (DFE) is introduced in order to remove the
direction-independent component of HRTF magnitudes (Common Transfer Function).
In many cases, this leads to an improvement in timbral balance when listening through
standard headphones, which typically are roughly equalised to match the average
diuse eld responses of the human head and pinna (Mgller et al., 1995; Larcher
et al., 1998).

3https://github.com/trsonic/nvsonic-head-tracker
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3.4 Ambisonics

Ambisonics was introduced as a multi-loudspeaker sound reproduction technique
in all three dimensions, also known aperiphony (Gerzon, 1973, 1980). In contrast
to object- and channel-based approaches, Ambisonics approximates the full-sphere
sound eld at the listener's ears. It is based on the spherical harmonic representation
of the sound eld. The theory of Ambisonics is well documented, and the reader is
directed to (Zotter and Frank, 2019; Daniel et al., 2003; Kearney, 2010) for a good
explanation of the topic. This section provides only a brief review.

3.4.1 The Microphone Analogy

As Kearney (2010) explains, Ambisonics can be considered an extension of the widely
adopted recording technique, where a directional microphone signal can be obtained
through the superposition of signals from two coincident in-space microphones:
omnidirectional (pressure-sensitive) and bidirectional (velocity-sensitive, gure-8
pattern). Such avirtual microphone is oriented along a single axis, and its directivity
characteristic can be manipulated by adjusting the weights of the omnidirectional
and gure-8 microphone signals. In this scenario, the on-axis direction of the virtual
microphone coincides with the direction of the gure-8 microphone.

If we consider placing two additional gure-8 microphones at the same point in
space as the rst two discussed microphones, oriented orthogonally to each gure-8
microphone main axis, we can create a virtual microphone based on the superposition
of all four microphone signals. These signals are called Ambisonic components. They
represent speci c portions of a sound eld, as de ned by the microphone directivity
functions. A multichannel signal that carries Ambisonic components representing a
full sound eld is often called B-Format, a legacy term introduced in the 1970s. A
virtual microphone signal derived from Ambisonic components can be oriented in
any direction, and its directivity pattern can be modi ed.

3.4.2 Spherical Harmonics

The three-dimensional hierarchical basis functions used in Ambisonics are known
as spherical harmonics(Daniel et al., 2003). Following the naming convention used
by Armstrong and Kearney (2021) the spherical harmonics shown in Figure 3.4 can
be identi ed by their degreesand indices corresponding to the rows and columns
of the gure respectively. Ambisonicorder corresponds to the highest degree of
spherical harmonics used in a given set. Ambisonic sound eld representations
employing Oth and 1st-degree spherical harmonics exclusively are known as First
Order Ambisonics (FOA), whereas representations extended by using the higher
degrees of spherical harmonics are called Higher Order Ambisonics (HOA). Only a
limited number of Ambisonic components can be used in practical scenarios. The
required number of componentdN for a periphonic system with truncation orderM
equals:

N=(M+1)? (3.1)
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Figure 3.4: Oth- to 5th-degree spherical harmonics normalised using the Schmidt semi-
normalisation.

Spherical harmonic coe cients can be calculated as
cosfij ) ifi O

Yi(: = NI pli(gj
m(s ) m m (Sin) sin(jij ) ifi< 0O;

(3.2)
where(; ) is the direction of the arriving plane wave ( is the azimuth angle, is the
elevation angle);m = 0; 1; 2; ::: is the spherical harmonic degree;= m;:::;;m is the
index, N is normalisation term, P}/ (sin ) is the associated Legendre polynomial
with the Condon-Shortley phase undone. Common normalisation terms include
SN3D (Schmidt semi-normalisation), N3D (orthogonal normalisation) and O3D
(orthonormal normalisation). These terms can be computed as follows:

( .
SN 3D if mZO,
Ny = 2(mj i) - ) (3.3)
mey T mM>0;
( . _
NN = 4 S fm=0; (3.4)
(2m +1) 2L if m> 0,
8
NjijO3D_<ai: if m=0; 35
m - (2n;+1) 2((r|r"1n+jjiijj))!! itm> O (3.5)
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The use of SN3D normalisation is preferred for the production, exchange and
playback of Ambisonic content, as it attenuates higher-degree components and
prevents their amplitude from exceeding the amplitude of the Oth-degree signal.
SN3D normalisation and the ACN channel ordering scheme are speci ed by the
AmbiX format (Nachbar et al., 2011). The ACN ordering speci es 0-indexed channel
numbers corresponding to the Ambisonic components as follows:

ACN = m?+ m+ i: (3.6)

3.4.3 Encoding and Manipulation

A single-channel audio signal can be encoded to Ambisonics by matrix multiplication
with spherical harmonic coe cients representing the position of the source on the
surface of a sphere. Ambisonics has been widely adopted for immersive audio
applications since it can be easily manipulated and transformed (Kronlachner, 2014b).
For example, Ambisonic scene rotation is used to facilitate stable sound sources in
dynamic binaural rendering. Due to the wide variety of Ambisonic audio plugins,
performing these operations in real-time without any prior mathematical and coding
expertise is possible.

3.4.4 Microphone Capture

Although Ambisonic components of Oth- and 1st-order are related to the spheri-
cal representation of the sound eld by spatial characteristics that match typical
microphone directivity patterns (omnidirectional and gure-8), such an array can
only be approximated in reality, as it is impossible to place multiple electroacoustic
transducers at the same point in space. However, Ambisonic microphones created by
the combination of omnidirectional and gure-8 microphones can deliver considerably
good results. This microphone technique is calletative B-Format (Benjamin and
Chen, 2005).

The most popular group of Ambisonic microphones are tetrahedral arrays, rst
proposed by Craven and Gerzon (1977). Such microphones typically employ cardioid
or subcardioid capsules aligned with tetrahedron faces, as shown in Figure 3.5.
Raw signals from the capsules represent spatially sampled portions of the sound
eld (sometimes referred to as A-Format). Using a conversion matrix and a set of
correction lters, it is possible to derive Oth- and 1st-order Ambisonic components
from these signals.

Another group of Ambisonic microphones are higher-order spherical arrays. HOA
components are derived on the basis of the pressure distribution on the solid sphere.
An example of an HOA microphone is the Eigenmike EM32as shown in Figure 3.5,
which employs 32 pressure-sensitive (omnidirectional) capsules.

“https://mhacoustics.com/products
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(a) 1st-order tetrahedral micro- (b) 4th-order spherical microphone
phone (SoundField ST250). (Eigenmike EM32).

Figure 3.5: Ambisonic microphones.

3.4.5 Loudspeaker Rendering

In opposition to traditional channel-based surround sound techniques, the production
of Ambisonic audio content does not require detailed knowledge of the layout of the
loudspeaker reproduction system. Ambisonic recordings can be reproduced on any
multichannel loudspeaker con guration. However, the best performance is achieved
with regular loudspeaker arrays. Similarly to the encoding process, decoding the
Ambisonic stream to loudspeaker feeds can be done using matrix multiplication.
The decoding matrix can be calculated using a Mode-Matching method as a pseudo-
inverse of the encoding matrix for the known loudspeaker positions. The minimum
number of loudspeakers should be greater than the number of Ambisonic components.

A limited number of spherical harmonic components leads to a truncated sound
eld representation. Therefore, higher orders have to be used to achieve higher spatial
resolution. Increasing the truncation ordeM results in a higher spatial aliasing
frequencyf 4ias and a larger sweet spot (Daniel et al., 2003). Timbral distortions in
Ambisonics also depend on the sound- eld reconstruction accuracy, which improves
with increasing Ambisonic order. Abovd ,,s Ambisonic decoding introduces timbral
alterations in the encoded signals (McKenzie et al., 2018) degrading overall timbral
delity.

In simple terms, spatial aliasing is a direct consequence of the displacement of
human ears from the theoretical centre of the virtual loudspeaker array. Moreau
et al. (2006) de nef 45 as

cM
falias = (3.7)

4r(M + 1) sin

2(M+1)
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which can be approximated as
cM

falias = F; (3.8)
wherer is the head radius. Table 3.1 shows the spatial aliasing frequencies for
di erent Ambisonic orders and head radiusr = 8:5 cm. Some decoding schemes
involve frequency-dependent weighting of Ambisonic components for psychoacoustic
optimisation, as described by Daniel et al. (1998).

Table 3.1: Spatial aliasing frequencies.

Ambisonic order 1 2 3 4 5 6 7
faias (HZ) 642 1284 1927 2569 3211 3853 4496

Nonlinear optimisation methods can be used to optimise decoding matrices for
irregular arrays. Craven (2003) and Wiggins (2007) used heuristic methods to
generate Ambisonic decoding matrices. The main focus of their research was the
ve-speaker horizontal layout as de ned in (ITU-R, 2022b), although the methods
could be extended to other loudspeaker con gurations. Wiggins proposed the use of
the Tabu Search algorithm to nd the optimal solution based on the optimisation of
the velocity and energy vector criteria (Gerzon, 1992), while Benjamin et al. (2010)
proposed the use of the NLopt library (Johnson, 2014) for the same purpose.

A widely established method for decoding Ambisonics to irregular loudspeaker
arrays is the AIIRAD approach (Zotter and Frank, 2012). An explanation of this
and other decoding methods can be found in (Zotter and Frank, 2019).

3.4.6 Binaural Rendering

Although Ambisonics was initially proposed as a technique for multichannel loud-
speaker reproduction, using modern DSP processing, Ambisonics can be binaurally
rendered over headphones incorporating generic or individual HRTF sets (Jot et al.,
1998; Noisternig et al., 2003). Conventionally, the binaural signal is obtained through
the convolution of decoded virtual loudspeaker feeds and respective HRIRs of each
ear. Most binaural rendering systems supporting Ambisonics use computationally
e cient spherically decomposed HRTF sets, i.e., precomputed combinations of virtual
loudspeakers and HRTFs (Gorzel et al., 2019).

A benet of Ambisonic-based binaural rendering is the ease of 3DOF head-
tracking implementation. To create a static virtual environment around the listener,
head movements should be counteracted by controlled rotation of the Ambisonic
scene. This can be done by a simple matrix transformation of the Ambisonic signal.
In such a case, the directions of virtual loudspeakers, simulated by HRTFs, remain
unchanged, whereas the loudspeaker feeds to the virtual loudspeakers are updated in
real-time.

A traditional Ambisonics to binaural renderer can be considered as a set of time-
invariant Iters capable of reconstructing the perceptually relevant characteristics
of the HRTF set used for its design. A bank of these Iters can be described as a
three-dimensional matrixh3f consisting of time-domain Iters designated to process
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each Ambisonic component for each ear. These lters are called in this thesis SH-
HRIRs. Ambisonic signals convolved with these Iters result in a binaural mix that
can be delivered to a listener through headphones. Three-dimensional matritegs

can be easily saved as multichannel WAV les and used with multichannel convolver
plugins, e.g. mcfx_convolve?.

Some implementations of binaural Ambisonic renderers use two-dimensional
matrices hS" containing single ear data for symmetrical processing of ear signals
in order to reduce required computational resources. Such a matrix is used in
Resonance Audio renderer, which employs Iters derived from KU100 dummy-head
HRIRs obtained from the SADIE database (Kearney and Doyle, 2015). Similarly,
the IEM BinauralDecodef uses a matrix derived from a single ear of KU100 HRIR
set measured by Bernschuitz (2013).

Besides the time-invariant linear lIters, another group of Ambisonic renderers
uses information derived from the sound eld to update decoding parameters in
short time windows. These renderers utilise parametric methods to divide the sound
scene into discrete sources and di use sound components, allowing for an up-scaled
spatial resolution of the original Ambisonic scene. Nevertheless, the processed scene
has to be decoded for the listener using either a set of discrete HRIRs or the SH-
HRIRs discussed in this chapter. For more information on parametric decoding of
Ambisonics, readers are referred to the work of Pulkki et al. (2017); Politis et al.
(2018).

The methods for designing Ambisonics to binaural Iters have been studied since
the late 1990s. Traditionally, Iter matrices are derived from HRIR sets using the
virtual loudspeaker approach (McKeag and McGrath, 1996; Jot et al., 1998; Noisternig
et al., 2003) or by spherical harmonic decomposition in frequency bands (Zotkin
et al., 2009). However, order truncation introduces signi cant HRTF reconstruction
errors at frequencies above the spatial aliasing limftyi,s . This results in inaccurate
ITD and ILD cues and a signi cant distortion of the spectral cues present in the
original HRTFs, as discussed in Section 3.4.5.

Several HRTF manipulation techniques have been proposed to optimise the
binaural rendering of Ambisonic signals at high frequencies. Possible methods aimed
at mitigating the reconstruction errors abovef 45 include sub-sampling of HRIR
measurement grid (Bernschiitz, 2014), spectral equalisation (Ben-Hur et al., 2017,
McKenzie et al., 2018), frequency-dependent time alignment of HRIRs (Zaunschirm
et al., 2018), SH-domain tapering (Daniel et al., 1998; Hold et al., 2019) or bilateral
Ambisonic rendering using ear-aligned HRTFs (Armstrong et al., 2018a; Ben-Hur
et al., 2021).

A comprehensive study by Engel et al. (2022) evaluated di erent methods of
improving binaural rendering accuracy at high frequencies using perceptual models.
Among the evaluated methods were spatial subsampling (Bernschiitz, 2014), equalisa-
tion (Ben-Hur et al., 2017), SH-domain tapering following Hold et al. (2019) and the
Magnitude Least Squares (MagLS) method proposed by Schorkhuber et al. (2018).
However, the study did not include the binaural Iter design method implemented

Shttps://github.com/kronihias/mcfx/blob/master/CONVOLVER_CONFIG_HOWTO.txt
Shttps://plugins.iem.at/docs/plugindescriptions/#binauraldecoder
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within Google Resonance, which is used as a baseline rendering scheme across this
dissertation. The method combines spatial subsampling with SH-domain tapering
via applying Max-Re weighting abovef 4i;s. The results of the study found the
MagLS method provided the most accurate rendering of conventional order-truncated
Ambisonic scenes.

There is a limited number of perceptual studies comparing the MagLS decoders
against other methods. A listening test study by Lee et al. (2019) evaluated the
MagLS decoders calculated at di erent Ambisonic orders against a standard 1st-order
least squares decoder calculated using a set of HRIRs in a cube layout without
any optimisation. The study looked at the timbral and spatial delity of Ambisonic
renders separately. All renders created using the MagLS decoders were rated higher
than the traditional decoder in both perceptual domains. A more recent study
by Lubeck et al. (2020) included the MagLS method among other optimisation
strategies to assess the perceived di erences in rendering of anechoic drum samples
encoded at 3rd-, 5th- and 7th-order Ambisonics using Ambisonic RIRs. The results
showed that the MagLS method provided a similar degree of improvement compared
to other optimisation strategies included in that study. Therefore, it is not clear which
method is superior to others for the most common scenarios, which is rendering of
1st-, 3rd- and 5th-order Ambisonic scenes using generic HRTF sets. Further research
focusing on the perceptual evaluation of MagLS and other methods is required to
con rm the ndings of the objective study by Engel et al. (2022).

3.4.7 Low-bitrate Coding

Due to the increasing popularity of immersive content streaming, there is a ris-
ing demand for e cient audio compression algorithms optimised for spatial audio
techniques, including Ambisonics. In some cases, the use of Ambisonics reduces
the bandwidth and computational requirements needed to deliver immersive audio
content compared to traditional multichannel surround formats and object-based ap-
proaches (Brettle and Skoglund, 2016). MPEG-H (Herre et al., 2015) and Opus (Valin
et al., 2013) are the only perceptual codecs that o cially support Ambisonics. The
Opus codec is employed by both YouTube VR and HOAST.

The recent versions of the Opus codéimplement two types of channel mappings
for encoding Ambisonics (Skoglund and Graczyk, 2018). Channel Mapping Family
2 (CMF2) codes each Ambisonic component as an independent Opus stream, i.e.
each channel is encoded separately. This direct uncoupled method does not take
advantage of codec features such as coupled stereo mode. Channel Mapping Family 3
(CMF3) utilises these features through projection-based signal decomposition, where
channels correspond to virtual loudspeakers and are e ectively coupled together
in pairs when coded, and then a demixing matrix is used to separate Ambisonic
components upon decoding. The publicly available version of Opus contains the
1st- and 3rd-order Ambisonics matrices for Channel Mapping Family 3. For this
research, a patch was added to the o cial Opus 1.3.1 code to support 5th-order
Ambisonics which can be provided upon request.

"https://opus-codec.org/
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(a) 10A (b) 30A (c) 50A

Figure 3.6: Maximum output value of the Channel Mapping Family 3 projection matrix
multiplied by spherical harmonics evaluated across the sphere.

(a) 10A (b) 30A (c) 50A

Figure 3.7: Virtual loudspeaker pairs used for coupled bitrate compression.

Further investigation of the Channel Mapping Family 3 can be done by analysing
the projection (mixing) matrices embedded into the Opus codec source code. Fig-
ure 3.6 shows the distribution of maximum values of the virtual loudspeaker feed
vector across all directions. This vector is obtained from the multiplication of the
vector of spherical harmonics evaluated at a single direction and the CMF3 projection
matrix. An increase in the maximum value for certain directions coincides with the
virtual loudspeaker coordinates. Figure 3.7 shows the colour-coded pairs of virtual
loudspeakers used for coupled bitrate compression (stereo mode). It can be seen
that both the virtual loudspeaker layouts and the neighbouring loudspeaker coupling
could be possibly improved for the 3rd- and 5th-order Ambisonic projection matrices,
however, this remains outside of the scope of this research.

Several studies have been conducted investigating the quality of low-bitrate
perceptual coding for surround systems. However, limited research has been published
on the quality of compressed 1st- and higher-order Ambisonics. Previous work in
this eld includes subjective evaluation of Ambisonic scenes compressed with the
Opus codec with Channel Mapping Family 2 implementation (Narbutt et al., 2017)
and developing a reference objective spatial audio quality metric (Narbutt et al.,
2018). No research prior to this work investigated di erences in the perceived quality
of Opus compressed audio under di erent reproduction conditions as well as between
the two channel mapping families.
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Figure 3.8: Multilevel Auditory Assessment Language proposed by S!towski (1989).

3.5 Perceptual Evaluation of Spatial Audio

Perceptual experiments play an important role in audio research and the development
of high-quality audio systems. While psychoacoustic research is based on listener-
oriented tests, the subjective evaluation of spatial audio looks at the evaluation
of external objects, e.g. audio hardware or rendering algorithms. Perceptual tests
should be carried out in a controlled way so that the results represent the perceived
characteristics of the system and can be used to support scienti c research or
engineering processes. For an in-depth review of established evaluation methods, the
reader is directed to the book by Zacharov (2018).

3.5.1 Perceptual Attributes

Early research on the perception of sound quality has been conducted by Helmholtz
(2009), who described holistic listening where the auditory image is perceived as a
whole without paying attention to its elements. Further research led to the develop-
ment of analytic approaches. According to S'towski (1989), auditory events can be
discriminated according to the following psychoacoustic attributes: loudness, pitch,
duration, spaciousness and timbre. The rst three sensations are usually excluded
from the auditory assessment of audio systems. Figure 3.8 shows the auditory assess-
ment framework based on the two remaining multidimensional attributes: timbre
and spaciousness.

Further research carried out by others led to the development of more sophisticated
attributes and de nitions focused on spatial audio (Zacharov and Koivuniemi, 2001;
Lindau et al., 2014). In 2017 ITU-R published a comprehensive report (ITU-R, 2017)
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on the selection and description of attributes for the preparation of subjective tests.

Such attributes should be characterised by good discrimination power among stimuli,
good agreement among assessors, relevance to the use cases of the assessed system,
low redundancy and low correlation with other attributes. The report contains a
psychoacoustic attribute classi cation proposed by Pedersen and Zacharov (2015).

3.5.2 Evaluation Methods

The two primary families of perceptual evaluation methods are discrimination and
integrative methods. Discrimination methods are used to establish with certain
con dence whether there is a perceived di erence between the conditions tested.
These methods include paired comparison, ABX, and 2-AFC. Integrative methods
establish information on perceived quality or impairment on a scale. An example of
such a method is the ITU-R BS.1534-3 (ITU-R, 2015b) recommendation, commonly
called MUSHRA, which stands for Multiple Stimuli with Hidden Reference and
Anchor. In a MUSHRA test, the assessor is asked to rate speci c audio attributes
on a Continuous Quality Scale compared to the reference audio condition. The
experimental conditions should include a hidden reference as well as low- and
intermediate-quality anchors. The ITU-R BS.1116-3 (ITU-R, 2015a) recommendation
Is designed to assess minor impairments in audio systems. These types of tests are
referred to as direct evaluations, as the participants are asked to provide their
judgments directly using a designated user interface.

Good auditory localisability is essential for immersion and authenticity. External
factors a ecting auditory localisation in immersive audio reproduction include audio
rendering schemes (Ben-Hur et al., 2020) and HRTFs (Wenzel et al., 1993). Another
factor which potentially a ects localisation is perceptual audio coding, which has
not been studied in this context.

Auditory localisation in spatial audio systems can be evaluated by measuring
the listener's performance in sound source localisation tasks. Such tests are also
known as indirect evaluations, as the results are inferred from the collected data.
Auditory localisation tests employ various response techniques, e.g. perceived direc-
tion reporting, visual mapping, physical pointing, and acoustic pointer adjustment.
Egocentric pointing methods employ localisation judgement reported in a coordinate
system centred on the listener's body. The position of the sound source is indicated
by the listener's hand or head pointed in the perceived direction (Majdak et al.,
2010). As the egocentric method seems more intuitive, it su ers from uncertainty
introduced by the displacement between the intuitive centre of the body and the
centre of the listener's head. This problem can be partially mitigated by using
the proximal pointing, where the listener points in the apparent direction of the
sound source in the proximal region of the head (Bahu et al., 2016). In exocentric
methods, the listener indicates the perceived direction of the sound source using an
external device, e.g. pointing with a stylus on a solid sphere placed in front of their
body (Gilkey et al., 1995). Another method of localisation performance evaluation
employs a real or virtual acoustic pointer. This method has previously been used to
evaluate Ambisonic systems (Bertet et al., 2013; Thresh et al., 2017).
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3.5.3 Listening Test Tools

The popular listening test tools are web-based (Schoe er et al., 2018), created using
graphical audio programming environments like Mak(Gribben and Lee, 2015), or
created using MATLAB (Vazquez, 2015; Ciba et al., 2009). The established tools
allow listening tests to be performed according to the methods discussed in the
context of stereo or static binaural reproduction. However, spatial audio evaluations
often require the playback of multichannel audio simultaneously alongside additional
processing in the signal chain. This requires building custom listening test software
or introducing software modi cations.

Another challenge is to provide participants with an optimal physical test interface,
as traditional desktop and laptop computers can introduce acoustic shadowing and
re ections while using loudspeaker playback systems. Using compact and wireless
interfaces, like tablets, can minimise the interface's in uence and make the test more
convenient for the assessor. Therefore, it is sometimes necessary to consider the
development of a custom listening test interface based on the planned experiment.

3.6 Conclusion

This chapter discussed audio techniques used for creating and delivering spatial audio,
focusing on critical concepts on which the research presented in this thesis is based,
i.e., Ambisonics, HRTFs and perceptual evaluation of audio systems. A limited
amount of research on the problems of the perceived audio quality of low-bitrate
compressed Ambisonic scenes has been identi ed. Another area of research which has
not been thoroughly investigated using perceptual methods is the binaural rendering
of Ambisonic signals using state-of-the-art methods.

8https://cycling74.com/products/max

43



Chapter 4

Evaluation of Timbral Distortion in
Bitrate-Compressed Ambisonic
Scenes Using Loudspeaker and
Headphone-Based Reproduction

The increasing popularity of Ambisonics as a spatial audio format for streaming
services poses new challenges to established audio coding techniques. Immersive
audio delivered to mobile devices requires e cient bitrate compression that does
not a ect content quality. The most widely used audio codec for Ambisonics is
Opus (Valin et al., 2013), employed by the YouTube VR platform for delivering
spatial audio along with 360 videos.

A limited amount of research has been published on the quality of compressed
1st-and higher-order Ambisonics. Researching the degree of audio quality degradation
introduced by compression at di erent Ambisonic orders is pertinent. This chapter,
along with Chapter 5 and Chapter 6, presents a group of experiments aimed at
investigating the di erences in perceived audio quality of signals encoded with the
Opus codec at di erent settings and audio contexts.

Typically, the quality of multichannel perceptual coding systems is evaluated
using a single attribute, Basic Audio Quality (BAQ). BAQ is used to judge any and all
detected di erences between an unimpaired reference and compressed stimuli (ITU-R,
2015b). BAQ in the context of home cinema surround sound reproduction is a ected
mainly by the timbral delity of the assessed audio, and the spatial delity accounts
for as low as 30% of BAQ rating (Rumsey et al., 2005; Marins et al., 2008). Although
using a single measure to quantify perceptual di erences between particular systems
is convenient, the complex nature of perceptual coding distortions requires a broader
set of attributes to provide a meaningful comparison. The experiment presented in
this chapter focuses on the perceived level of timbral distortion compared to the
reference uncompressed audio. The spatial quality aspect of Ambisonic coding is
investigated in Chapter 5.

Another factor after bitrate compression that a ects the quality of Ambisonics
is the sound eld reconstruction accuracy, which degrades with the truncation of
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the Ambisonic representation order. As a decrease in order results in a lower spatial
aliasing frequencyf 4ias , Ambisonic decoding introduces timbral alterations to the
encoded signals abové,i,s, degrading overall timbral delity (McKenzie et al.,
2018).

Using a multichannel loudspeaker array allows for the playback of Ambisonic
audio without the need to use headphones and HRIR lters. Such a reproduction is
technically closer to natural listening, provided that the listener's head is in the centre
of the array. However, listening to Ambisonic content on headphones is much more
widespread due to the hardware simplicity and the availability of audio streaming
services supporting binaurally rendered Ambisonics. This work seeks to evaluate
the impact of the rendering method on the perceived level of signal degradation
introduced by Ambisonic order truncation and low-bitrate coding. The codec used
in this study is Opus with Channel Mapping Family 3, which has been discussed in
Section 3.4.7.

4.1 Methods

Listening tests were carried out based on the ITU-R BS.1534 (MUSHRA) (ITU-R,
2015b) recommendation to assess the degree of timbral distortion introduced by
compression at di erent Ambisonic orders. Due to the large number of experimental
conditions in this test, the mid-quality anchor speci ed in the MUSHRA guidelines
was not included in the assessment. The test participants were asked to rate the
level of timbral similarity on a continuous quality scale in relation to the reference
audio sample, disregarding the spatial delity of the scenes.

4.1.1 Participants

All participants were masters and PhD students in audio engineering with experience
in critical listening, although some participated in the sound quality assessment
tests for the rst time. Participants were instructed on how to perform the test by
reading the information sheets and receiving individual demonstrations. They were
instructed to keep their heads in the centre of the loudspeaker rig and limit head
rotations throughout the test. All participants gave their informed consent to be
included in the study. The protocol was approved by the Physical Sciences Ethics
Committee of the University of York (approval code: Rudzki021018). Table 4.1
shows the number of participants who took part in each phase of the experiment.

4.1.2 Test Stimuli

The test material consisted of eight sound scenes (see Table 4.2) divided equally into
simple and complex groups. The simple scene Ambisonic stimuli were created by
encoding a single monophonic audio le to a location straight in front of the listener.

The following samples were used: pink noise, a vocal sample, and two instrument

45



4.1. METHODS

Table 4.1: Number of participants who completed the tests grouped by the rendering
method and audio content type used. Values in brackets indicate the number of participants
who passed the post-screening (described further in Section 4.1.6).

Reproduction Method Content Type Number of Participants
Loudspeakers CSoimg::x ié gg;
Binaural (Individual HRTFs) ngmgllgx » 83
Binaural (Generic HRTFs) CSJ;EE::X ig gg;

Table 4.2: Audio material used for the timbral distortion assessment.

Symbol Scene type Description
A Simple Vocals (Suzanne Vega - Tom's Diner)
B Simple Castanets (EBU)
C Simple Glockenspiel (EBU)
D Simple Pink Noise
E Complex Electronic Music 1
F Complex Electronic Music 2
G Complex Acoustic Music 1
H Complex Acoustic Music 2

samples from the EBU SQAM datasét Castanets and Glockenspiel. The vocal
sample was an excerpt from the song Tom's Diner by Suzanne Vega, which has been
previously used in audio codec research (Brandenburg and Henke, 1993). Complex
Ambisonic scenes were music compositions consisting of multiple monophonic audio
les encoded at di erent locations on the sphere. The rst two scenes consisted

of sampled and synthesised sounds. The second two were based on anechoic male
vocal and instrumental recordings with simulated room re ections and reverberation
added using the IEM RoomEncoder and IEM FdnReverb plugins respectively. The
complete set of experimental stimuli can be obtained upon request.

4.1.3 Test Conditions

Each trial consisted of 11 conditions: nine compressed stimuli at di erent bitrates
and orders, a hidden reference and a hidden anchor. Table 4.3 shows the bitrates
of the codec under investigation. The 5th-order Ambisonics (50A) uncompressed
signal was used as the hidden reference. The anchor was created by low-pass ltering
at 3.5 kHz the 1st-order Ambisonics (10A) signal compressed at 16 kbps per channel
(kbps/ch).

Ihttps://itech.ebu.ch/publications/sgamcd/
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Table 4.3: Investigated bitrates (kbps) at di erent Ambisonic orders.

Bitrate per channel Total bitrate
10A 30A 50A
Compressed 16 64 256 576
Compressed 32 128 512 1152
Compressed 64 256 1024 2304
Uncompressed 768 27648

Figure 4.1: 50-channel spherical loudspeaker array at the AudioLab, University of York.

4.1.4 Spatial Audio Rendering

The evaluation was performed using multi-loudspeaker and dynamic binaural render-
ing methods inside an acoustically treated room. Loudspeaker reproduction used
a 50-channel full-sphere array based on the Lebedev quadrature (see Figure 4.1).
The rendering of the 5th-order Ambisonic scenes was done using all 50 loudspeak-
ers (Lecomte et al., 2016). As shown in Figure 4.2, 1st- and 3rd-order scenes were
rendered using subsets of loudspeakers based on the octahedron and the 26-point
Lebedev grid, respectively. Dual-band decoding was implemented by pre Itering the
Ambisonic input with a set of shelf Iters? to apply Max-Re correction weightings
abovef 4.5 before feeding the decoder. AmbiXAmbisonic decoder con guration
les were obtained from the SADIE Il databasé.

To create binaural signals, loudspeaker feeds were convolved in real-time with
di use- eld equalised HRTF sets obtained from the SADIE |l database (Armstrong
et al., 2018b). Individual and generic HRTF sets were used. The individual HRTF-

2https : // github . com / resonance - audio / resonance - audio / tree / master / matlab /
ambisonics/shelf _filters/

3https://matthiaskronlachner.com/?p=2015

“https://york.ac.uk/sadie-project/ambidec.html
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Figure 4.2: Loudspeaker con gurations for decoding Ambisonics. 50-point Lebedev con gu-
ration (black), 26-point Lebedev subset (yellow) and octahedron subset (red) used for the
rendering of 5th-, 3rd- and 1st-order Ambisonic scenes respectively.

Figure 4.3: Block diagram illustrating the audio signal chain used for Ambisonic rendering
over loudspeakers and headphones.

based evaluation required the participation of subjects who were included in the
database. The generic HRTF evaluation was done using a Neumann KU100 binaural
microphone HRTFs. Sennheiser HD 650 headphones were used for the binaural
tests. This headphones model provides a consistent frequency response between
the coupling and decoupling of headphones with ears (Adams and Boland, 2010).
The frequency response of the headphones was equalised using inverse Iters derived
from measurements performed using the KU100 dummy head. Dynamic binaural
rendering was done using an Optitrack optical motion tracking systetrconsisting
of six Flex-3 infrared cameras and re ective markers attached to the headphone
headband. Figure 4.3 shows the audio signal chain for the Ambisonic rendering used
in this study.

The sound pressure level in the centre of the loudspeaker array was calibrated

Shttps://optitrack.com
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for each loudspeaker using an automated SPL calibration script. Based on the pink
noise scene stimulus, the SPL for reproduction in the centre of the array was set to
65 dBA. The di erences in loudness between the test samples were compensated
using an ITU-R BS.1770-3 (ITU-R, 2012) compliant analysis prior to encoding into
Ambisonics. The binaural reproduction level was adjusted to match the loudspeaker
reproduction level through calibration with a KU100 binaural microphone.

4.1.5 Data Collection

Listening test software for loudspeaker presentation was created using the visual,
audio programming environment Ma&. Headphone-based tests were conducted using
dedicated listening test software (see Appendix A) and the DAW Reaper as an audio
engine. In both cases, a tablet-based MUSHRA user interface was used.

4.1.6 Post-Screening of Participants

The MUSHRA guidelines specify criteria for post hoc exclusion of participants. This
experiment adopted a similar procedure. Participants who rated the hidden reference
condition below the score of 80 in more than one trial within each test group were
excluded. Table 4.1 shows the number of participants who passed the post-screening.

4.2 Results

This section presents the results of the listening tests. The nonparametric 95%
con dence intervals are denoted in the gures by whiskers. The intervals have been
computed based on the interquartile rangelQR ) using the following equations:

IQR = Qs Qy; (4.1)
Q> 1:57@%;Q2+1:57187R X (4.2)

whereQ; and Qs are the rst and third quartiles of the data, Q; is the median (second
quartile), n is the sample size, and:57 is a constant multiplier corresponding to the
95% con dence level. This method, which is used to calculate the size of a notch in
a boxplot (McGill et al., 1978), is recommended by the MUSHRA recommendation
for visualisation and exploratory data analysis.

4.2.1 General Comparison

Figure 4.4 shows the median scores aggregated across all audio scenes and reproduc-
tion methods. This comparison reveals the general relationship between low-bitrate
coding, Ambisonic order truncation, and timbral impairments. The anchor conditions
were rated as the lowest delity (highest timbral distortion), and the hidden reference

Shttps://cycling74.com/products/max/
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Figure 4.4: Median scores aggregated over all audio scenes and reproduction methods. The
whiskers indicate nhonparametric 95% con dence intervals.

conditions as the highest delity (lowest timbral distortion). It can be seen that the
perceived timbral distortion increases with decreasing codec bitrates and Ambisonic
orders.

The di erences between the median scores of 16, 32 and 64 kbps/ch conditions
are similar for the 1st and 3rd-Ambisonic orders. However, the 5th-order scores
exhibit higher spread, where the 16 kbps per channel bitrate is rated low, and the
scenes encoded using 64 kbps/ch bitrate score very high, close to the uncompressed
reference signal. This might be explained by the fact that the 5th-order conditions
were not a ected by the Ambisonic order truncation, as the reference condition was
also a 5th-order scene. At the remaining 1st and 3rd-order conditions, the audio
scenes were a ected by both low-bitrate coding and truncation.

4.2.2 Audio Scenes

Figure 4.5 shows the median scores for both types of audio scenes aggregated over all
reproduction methods. Simple scenes were rated higher than complex ones for the
1st-order Ambisonics conditions. The opposite is observed at the 3rd and 5th-order
conditions. This suggests that the ratings were a ected by the combined e ects of
order truncation and low-bitrate coding. As complex scenes consisted of sounds
located in multiple directions, the ratings were a ected by order truncation more,
which caused inaccuracy in rendering binaural cues. Therefore, the low-order complex
scenes are rated lower than the simple ones consisting of a single source in front of
the listener.

Any impaired condition with a similar distribution of ratings as the hidden refer-
ence can be considered perceptually transparent. Only the highest bitrate conditions
at 5th Ambisonic order are rated similarly to the hidden reference, suggesting that
the codec is perceptually transparent at this bitrate for complex scenes and close to
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Figure 4.5: Median scores for each audio scene type aggregated over all reproduction
methods. The whiskers indicate nonparametric 95% con dence intervals.

transparent for simple scenes.

Relatively small di erences in ratings can be observed within each group of audio
content, as shown in Figure 4.6. Although there are some exceptions, e.g. the
Castanets scene was rated higher than the Vocals scene.

4.2.3 Rendering Methods

Figure 4.7 shows the median scores for each reproduction method aggregated across
all audio scenes. Dierences in scores obtained using di erent methods can be
observed under speci c experimental conditions. In such cases, the scores obtained
using binaural reproduction with individual HRTFs are lower than those obtained
using loudspeakers or generic HRTFs. This might suggest that the impairment
introduced by order truncation and low-bitrate coding is more pronounced when
individual HRTFs are used for binaural reproduction compared to the other methods.

Further statistical analysis was conducted using a Wilcoxon rank-sum test to test
the hypothesis of equal medians for two independent unequal-sized samples. In this
case, the test is used to identify signi cant di erences in the median scores obtained
using di erent reproduction methods in each experimental condition. Table 4.4 shows
the p-values obtained for all audio scene ratings, respectively. It can be observed
that the median scores obtained using generic and individual HRTFs di er for almost
all conditions.
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(a) Simple Scenes

(b) Complex Scenes

Figure 4.6: Median timbral delity scores for evaluated test conditions grouped by audio
scene type. The whiskers indicate nonparametric 95% con dence intervals.
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Figure 4.7: Median scores for each reproduction method aggregated over all audio scenes.
The whiskers indicate honparametric 95% con dence intervals.

Table 4.4. p-values obtained using a Wilcoxon rank-sum test for score distributions obtained
using di erent reproduction methods. LSPK, BINGEN, and BININD denote loudspeaker
reproduction, binaural reproduction using generic HRTFs and binaural reproduction using
individual HRTFs, respectively.

LSPK / BININD LSPK /BINGEN BININD / BINGEN

Anchor 0.5407 0.0000 0.0000
10A 16kbps/ch 0.1752 0.0011 0.0000
10A 32kbps/ch 0.2067 0.1727 0.0049
10A 64kbps/ch 0.6667 0.0130 0.0003
30A 16kbps/ch 0.0532 0.7646 0.0307
30A 32kbps/ch 0.0001 0.1651 0.0141
30A 64kbps/ch 0.0082 0.1457 0.2029
50A 16kbps/ch 0.2098 0.0000 0.0049
50A 32kbps/ch 0.0179 0.1374 0.0002
50A 64kbps/ch 0.5496 0.9367 0.6343
Hidden Reference 0.0536 0.6013 0.0155

53



4.3. DISCUSSION

4.3 Discussion

The results obtained in this study clearly show the relationship between timbral
distortion, order truncation and codec bitrate. A signi cant di erence was observed
between the rating scores for simple and complex scenes, suggesting that Ambisonic
order does not a ect the timbral delity of simple scenes as much. A likely explanation
for this is that the single sound source in the simple scene tests was always panned at
a location straight in front of the listener as opposed to multiple sources panned at
various locations in the complex scenes. Therefore, the rendering of that source was
not a ected by the binaural cue distortions introduced by order truncation. Future
revisions to the test procedure could avoid this by panning the source to directions
distributed across the sphere.

For complex scenes, reducing both Ambisonic order and bitrate increases timbral
distortions. However, the 1st-order condition at the highest bitrate per channel and
the 3rd-order condition at the lowest bitrate per channel received similar ratings,
although they share the same total bitrate of 256 kbps. As a typical Ambisonic
recording would be a complex scene, this study suggests that it is possible to
implement streaming of 3rd-order Ambisonics using a lower bitrate in place of 1st-
order Ambisonics at a higher bitrate, preserving the same total bitrate and perceived
level of timbral impairment.

Signi cant di erences in median scores have been identi ed between di erent
reproduction methods for all conditions except the one with the highest bitrate at the
5th-order. Scores obtained using binaural reproduction with individual HRTFs exhibit
the highest spread between conditions, suggesting that this type of reproduction
results in the best discrimination of timbral distortion. Possible explanations for
this include the following: generic HRTF rendering reduces the ability to perceive
timbral distortion di erences, and rendering using loudspeakers is a ected by the
acoustics of the listening environment reducing the clarity of sound.

Further studies should include uncompressed reference conditions at respective
orders to disentangle the e ects of order truncation and low-bitrate coding.

4.4 Conclusion

This study evaluated the perceived timbral distortion in Ambisonic audio compressed
with the Opus codec using the Channel Mapping Family 3. A strong relationship has
been found between the codec bitrate, order truncation, and timbral delity. The
results suggest that the user experience would signi cantly improve with spatial audio
streaming services implementing at least 3rd-order Ambisonics over 1st-order. The
Opus codec with Channel Mapping Family 3 enabled allows streaming of complex
Ambisonic content with fair quality using a reasonable 256 kbps total bitrate.

The results suggest that using binaural reproduction with individual HRTFs
leads to better discrimination of the perceived timbral distortions than the other two
methods used. By focusing on timbral delity, this work provides a basis for further
research on other aspects of the spatial audio quality of low-bitrate compressed
Ambisonic scenes.

54



Chapter 5

Auditory Localisation In
Bitrate-Compressed Ambisonic
Scenes

The previous chapter evaluated the perceived timbral distortion in Ambisonic audio
compressed with the Opus codec. However, perceptual audio coding can also
introduce spatial distortion leading to the degradation of localisation cues. This
chapter's primary focus is the evaluation of auditory localisation within Ambisonic
scenes with respect to perceptual low-bitrate coding and di erent reproduction
methods. Speci cally, subjective di erences between Ambisonic scenes encoded with
the Opus codec at di erent bitrates and Ambisonic orders are investigated regarding
the localisation precision of virtual sound sources presented over loudspeakers and
headphones.

5.1 Auditory Localisation in Ambisonics

The relation between Ambisonic order and auditory localisation error has been
researched in several experiments. Previous studies used synthesised Ambisonic
scenes as well as scenes recorded with Ambisonic microphones (Braun and Frank,
2011; Bertet et al., 2013) reproduced using loudspeaker arrays (Power et al., 2012)
and binaural rendering (Thresh et al., 2017). It has been shown that localisation
error depends on the Ambisonic order as well as the incidence of the virtual sound
source. Furthermore, binaural reproduction produces more front-back confusion
errors than loudspeaker-based reproduction (Thresh et al., 2017). Both loudspeaker
and headphone reproduction methods have not been directly compared using Higher
Order Ambisonics and individual HRTF-based rendering.

There is currently a limited amount of research published on the quality of
compressed spatial audio, particularly on the compression of rst- and higher-order
Ambisonics. The recent version of the Opus codec (Valin et al., 2013) implements
Channel Mapping Family 3, which allows for Ambisonic signal coupling (Skoglund
and Graczyk, 2018). A brief characterisation of Opus channel mapping families is
provided in Section 3.4.7. Previous work by Narbutt et al. (2017, 2018) includes
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