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Abstract

Sound plays an important role in our day-to-day activities. We inherently use it
for interacting, listening to music, watching movies in home or cinemas, playing
video games, having video-conferencing, etc. The main purpose of 3D audio re-
production is to emulate a natural listening experience to the user via playback
devices. Sound can be reproduced at listeners’ ears over either headphones or loud-
speakers/loudspeaker array. However, the rendering of sound to be played back
over headphones and loudspeakers are very different. It is important for these two
playback methods to faithfully reproduce the sounds to provide listener a natural
listening experience. Headphones are mainly used for private listening, while loud-
speakers (or loudspeaker arrays) are meant for shared listening among a group of
listeners. This thesis focuses on both the headphones and loudspeakers based repro-
duction mechanisms with emphasis on augmented and virtual reality applications,
respectively.

The first part of the thesis investigates natural listening over headphones in
augmented reality using adaptive filtering techniques. We developed a natural aug-
mented reality (NAR) headset with two pairs of binaural microphones attached to
open headphones (one internal and one external microphone on each side). This
work focuses on enabling natural listening via adaptive equalization of headset to
ensure that the virtual sounds are reproduced perceptually as close to real sounds
as possible in any listener environment, while also being aware of the external sound

sources. The key objective is to minimize the large localization errors (front-back

XX1



ABSTRACT

confusions), in-head localization as well as the timbre differences between virtual
and real sounds. Modified adaptive filtering based on filtered-x normalized least
mean square (FxNLMS) algorithms is proposed in this work to adapt the head-
phone synthesized signals to sound exactly like physical sounds, while equalizing for
the individual headphone response. The adaptive equalization is further extended
for the case when external sounds also present. Results show that the proposed
adaptive algorithm approaches the desired response with minimum mean square er-
ror and converges faster than the conventional FxXNLMS algorithm. The proposed
method is found to be equally effective in the presence of external sounds. Subjec-
tive test using individualized binaural room-related impulse responses shows that
listeners could not distinguish between the real and virtual sounds most of the times.

Next, we emphasize on the spatial sound reproduction in a home entertainment
scenario using multi-channel loudspeaker setups. Spatial sound systems aim at
creating realistic sound experience to the listeners with uniform sound fields in the
entire listening area. Conventional surround sound systems, which are most widely
used as home theater systems, are based on multi-channel stereophony, like 5.1, 10.2
and higher surround channel system. These systems require multiple loudspeakers
to be placed in fixed configuration but often constrained by the room size and the
best impression only achieved at the sweet spot. Sound field reproduction systems
like wave field synthesis (WFS) is based on the principle of natural propagation
of sound waves, and hence can create replica of true sound field uniformly over
an extended listening area. WFS virtual sources are localized much accurately
as compared to the stereophonic phantom sources. However, WFS based systems
require hundreds of densely spaced loudspeakers enclosing the listener area and thus,
difficult to realize in homes. In addition, practical approximations of WES, such as
finite, discrete and line array of loudspeakers limit, the performance of WFS with
reduced listening area, sound coloration and horizontal plane only reproduction.

Therefore, a combination of WFS and binaural synthesis over the NAR headset
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ABSTRACT

is proposed to overcome the practical and physical limitations of the WFS. The
proposed hybrid system enables frontal loudspeaker array playback using WEF'S,
which provides strong frontal localization cues, while rear and side auditory scene is
played back via NAR headset using virtual WEFS to complete an entire 360° auditory
scene presentation. Furthermore, the use of virtual WFS over headphones helps in
minimizing sound coloration above spatial aliasing frequency of physical array with
the help of virtual densely spaced speaker array. Both objective and subjective
experiments are carried out to evaluate the performance of the proposed setup. In
particular, a detailed subjective study is carried out to investigate the performance of
the proposed hybrid system with regard to sound localization and sound coloration.

Finally, a fast and efficient real-time GPU based implementation of WFS is
presented to enhance the system throughput by exploiting the inherent massive
parallelism in WF'S based system comprising hundreds of densely spaced loudspeak-
ers. The main goal of this work is to develop a real-time high throughput scalable
platform for the hybrid WFS setup, which would need multiple driving signals, as
well as WF'S synthesized binaural signals using virtual WFS at the same time.

To summarize, in this thesis we aimed to reproduce natural listening over head-
phones for personal listening in augmented reality environment, as well as creating

an immersive listening experience for user using WFS in home scenarios.
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Chapter 1

Introduction

We are used to perceive sound in a three-dimensional (3D) world. In order to
reproduce real world sound in an enclosed room or theater, extensive study on how
spatial sound can be created, continued to be an active research topic for the past
decades. Spatial audio is an illusion of creating sound objects that can be spatially
positioned in a 3D space by passing original sound tracks through a sound rendering
system and reproduced through multiple transducers, which are either distributed
over the listening space or positioned very close to the listeners’ ears. The reproduced
sound field aims to achieve a perception of spaciousness and sense of directivity of
the sound objects. Ideally, such a sound reproduction system should give listeners

a sense of immersive 3D sound experience.

1.1 Spatial Audio Overview

Spatial audio can primarily be divided into three types of sound reproduction tech-
niques, namely, loudspeaker stereophony, binaural technology, and reconstruction
using synthesis of natural wave field (which includes Ambisonics and Wave Field
Synthesis), as shown in Figure 1.1(a).

The history of spatial audio dates back to late 1800, with the very first inventions

being the gramophone and phonograph [8] used in monophonic (only one channel)
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Figure 1.1: (a) Classification of Spatial audio and (b) Time-line of evolution of
spatial audio [1]
sound recording. As shown in the time-line in Figure 1.1(b), there have been major
advancements in terms of both technical and perceptual aspects in the last century.
Spatial sound systems have evolved over the years from a two-channel stereo system
to multichannel surround sound system. These surround systems are not only lim-
ited to cinemas and auditoriums, but are also being adapted in home entertainment
systems. Conventional headphones, which employ a pair of small emitters, aims
to produce high quality sound close to ears and they do not need to account for
inaccuracies due to surroundings in contrast to loudspeakers. Nowadays, multiple
emitters are embedded inside the ear cup to create a virtual surround sensation in
3D surround headphones. Modern electroacoustic systems [9, 10] have improved
significantly with new functionalities to adapt or correct the sound field in a given
room acoustic. Towards the end of the 19th century, new reproduction techniques
like Ambisonics [11, 12], and Wave Field Synthesis (WFS) [13] (Figure 1.1(b)), which
uses the principle behind physical sound wave propagation in air and provide true

sound experience in any environment, were introduced to overcome the limitations
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of stereo systems.

Two-channel stereophony is the oldest and simplest audio technology, first patented
by Blumlein [14], which has been progressively extended to multichannel stereophony
systems, through 5.1, 7.1, 10.2, and 22.1 surround sound systems (Note that in the
x.y surround sound format representation, x indicates the number of full bandwidth
channel and y indicates the number of low frequency channels, known as low fre-
quency effects (LFE) sub channel). These multichannel systems have been widely
used in cinema, home entertainment, and gaming to create an immersive surround
sound experience. Figure 1.2 shows a typical setup of a 5.1 stereo system with 3
front and 2 rear loudspeakers. It uses rear speakers to enhance the ambience sound
quality and center speaker to enhance the frontal perception. The disadvantages
of multichannel stereophony system are the localization of phantom sources and
sweet spot. In other words, a phantom source can only be located along the lines
connecting two loudspeakers and listeners will only be able to experience the best
surround sound effect at the sweet spot or focal point of all multichannel speakers.
Further advancement of the two channel stereophony was developed as Vector Base
Amplitude Panning (VBAP) by Pulkki [15] to spatial audio with multiple loud-
speakers in an arbitrary two or three dimensional placement. This enables virtual
sound source positioning anywhere in 3D space on the active triangle formed by
three loudspeakers.

Binaural technology is another approach to reproduce sound signals naturally,
also known as the Binaural Stereo [2, 16]. Binaural technology consists of recording,
as well as reproduction of natural sound scenes at the two ears. Sound signals are
recorded using a pair of microphones positioned inside the ears of dummy head or
inside the ear canal of the actual human listener. Several patents can be found in
the literature describing the binaural synthesis and methods to create 3D auditory
display [17-19]. Recorded sounds can be reproduced accurately at the ears by fil-

tering the source signals using acoustic transfer functions between source location
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Phantom
source

Figure 1.2: Typical 5.1 Stereo system

and both ears, which are popularly known as the head related transfer function
(HRTF) [20]. HRTF contains three important cues of interaural time differences
(ITD), interaural level differences (ILD), and spectral cues (SC). These cues are es-
sential for us to correctly localize and perceptually visualize the sound scenes. I'TD
and ILD cues are respectively, the time and level differences at the listeners’ ears
in accordance with Rayleigh’s duplex theory [21], which states that low frequency
sounds are localized using time cues, while high frequency sounds are localized us-
ing interaural level cues [22]. Spectral cues account for spectral modification due to
sound interaction of external ear parts like pinna, concha etc. As a result, binaural
reconstruction can produce excellent spatial awareness and sound color under given
circumstances. Binaural signals can be played back via loudspeaker or headphones.
Direct reproduction of binaural signals through loudspeakers suffers from the prob-
lem of cross-talk between the left and right ear signals. A cross-talk cancellation
system must be inserted between the loudspeakers and binaural processing in order
to achieve accurate 3D audio display. Binaural reproduction using headphones are

the most efficient way, as the signals are correctly reproduced at each ear and do not
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suffer from any distortion due to environments. But, there have been several inher-
ent limitations of binaural sound reproduction through headphones, which includes
front-back confusions, in head localization, and incorrect perception of the elevation
of virtual sound sources [16]. These limitations of binaural technology are due to
highly idiosyncratic ear features that results in confusion and human beings are un-
able to disambiguate between I'TD, ILD, and SC cues when listening to binaurally
synthesized signal derived from generic or non-individualized HRTF representations
[23-26] based on manikin recordings or anthropometric data.

Both multichannel stereophony and binaural technology are widely used in cin-
emas, auditoriums, home entertainments and headphones playback. However, their
inherent limitations, which rely mainly on psychoacoustic principles in creating a
fully immersive environment, have inspired researchers to look into a more natural
ways of reproducing 3D sounds. The two technologies, which use the concept of nat-
ural propagation of wave fields, are Ambisonics and WFS. In contrast to stereophony
and headphones playback, the wave-field based approach use holographic principles
to synthesize true sound field rather than relying on psychoacoustic principles for
recreating sound scenes. With the help of loudspeaker arrays, both Ambisonics and
WFEFS are able to synthesize natural sound environment in an enlarged listening area

with perfect sound source localization. Ambisonics was first proposed by Gerzon
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[12] in 1970, while Berkhout [13] invented WF'S in 1988. Although both approaches
follow the same basic principles but the difference lies in the detailed mathematical
derivations. Traditional Ambisonics approach, which is based on spherical harmonics
function and limited to four channels, has been extended to higher orders enabling
use of unlimited loudspeakers in an arbitrary placement providing high spatial res-
olution as well as increasing the size of sweep spot. There are different variants of
the higher order Ambisonics (HOA) [27-31] exist in the literature. There also have
been recent advancements in spherical harmonics based sound field for 2D and 3D
sound reproduction [32-39]. To practically realize the 3D sound field reproduction
in real rooms, theater and auditoriums, multiple circular loudspeaker arrays were
employed over limited region of interest providing a flexible loudspeaker array place-
ment [40, 41]. The main advantage of Ambisonics is that it can synthesize exact
sound field for any number of loudspeakers arranged in circular/spherical geome-
try. However, the computation of driving signals for loudspeakers in Ambisonics
is highly complex due to the spherical harmonics functions and also depending on
particular geometry, while driving functions for WFS can be realized very efficiently
as weight and delay[42, 43]. Detailed comparison between HOA and WFS can be
found in [42, 44]. According to Francis Rumsey [8], “ Ambisonics being mainly a col-
lection of elegant principles and signal representation forms rather than a particular
implementation.” Few works have been reported in the recent past to standardize
the HOA as sound field coding format for flexible speaker playback layouts and to
facilitate the exchange of HOA data [45-47]. Extensive research is being carried
out recently in developing a universal 3D audio standard MPEG-H, which supports
many types of speaker setups like stereo, 5.1, 22.1, binaural reproduction, reproduc-
tion setups using object based coding as well as HOA content. Broadcasters and
corporates like BBC and Dolby atmos have expressed interest in Ambisonics and
are actively doing research to bring this technology into market.

In WEFS, secondary sound sources (responsible for reproduction of sound field
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produced by real sources) create a replica of true sound field in an extended listening
area while retaining spatial as well as temporal aspects of physical sound field using
the acoustic holography approach [48]. WFS based reproduction system aims to
accurately synthesize the sound field within the entire listening space, i.e., sweet
spot is everywhere in the listening room (Figure 1.3). WFS duplicate the sound
field generated by primary sources (real sources which produce the sound) with the
help of loudspeaker arrays acting as secondary sources in an enlarged listening area.
Source localization is possible anywhere in the physical space, which is only limited
by the extent of visible area covered by configuration of loudspeaker arrays and
listener. Also unlike binaural listening, virtual source does not move with listener’s
movement. Listeners feel as if they are in a real environment and sounds appear to

come from where they are meant to be.

1.2 Enabling Natural Listening over Headphones
and Loudspeakers

As we discussed in Section 1.1, sound can be reconstructed at the listener’s ears either
via headphones or loudspeakers (or loudspeaker arrays). Headphones, with the help
of two emitters, directly reproduce 3D sound close to ears and are widely used in
personal audio applications. Loudspeakers ( or loudspeaker arrays), on the other
hand, reproduce immersive sound experience for several listeners and are widely
used in cinemas, theater or home entertainment systems. Both the playback devices
renders sound differently and their perceptual properties are also fundamentally
different.

The main objective of this research is: To enable natural listening experience to
the users over both headphones and loudspeakers via different reproduction mecha-
nisms. Natural listening can be realized in either an augmented reality environment

(ARE) or virtual reality environment (VRE). Both augmented and virtual reality
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aim to immerse listeners in the presented auditory environment, though they achieve
this via contrasting approaches. Augmented reality blend virtual sound objects into
the real world and allows interaction with them seamlessly, while being continuously
aware of the physical world. Virtual reality immerses the user in virtual auditory
environment, which is different from real world. Therefore, listeners feel as if they
were teleported to the virtual environment such that virtual objects are perceived
similar to how we hear sound in real world.

Augmented reality (AR), which composes of virtual and real world environments,
is becoming one of the major topics of research interest due to the advent of wearable
devices. Today, AR is commonly used as assistive display to enhance the perception
of reality in education, gaming, navigation, sports, entertainment, simulators, etc.
However, most of the past works have mainly concentrated on the visual aspects of
AR. Auditory events are one of the essential components in human perception in
daily life but the augmented reality solutions have been lacking in this regard till
now compared to visual aspects. Therefore, there is a need for natural listening in
AR systems to give a holistic experience to the user. For this reason, am important
objective of this thesis is on the natural listening in an ARE for headphones playback
as against virtual reality, where listeners are isolated from the real world. The main
challenges in headphones playback via binaural synthesis is due to the use of non-

individualized HRTFs resulting in:
« Front-back/Up-down confusion
o In-head localization
» Sonic difference between real and virtual sounds

In addition, headphone transfer function (HPTF), which is the electro-acoustical
transfer function from headphone emitter to listeners’ ears, modifies the intended
spectrum and may result in unnatural listening experience. Since HPTFs are also

unique to every individual, headphone equalization must be accustomed to every
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listener for accurate reproduction of virtual sounds. Furthermore, room reverbera-
tions and dynamic head movement cues are also very important for externalization
of virtual sources. In this work, a natural augmented reality (NAR) headset is de-
veloped using open headphones employing adaptive filtering techniques to achieve
natural listening. Open headphones are used to allow the external sounds to pass
through the headphones without much attenuation. Adaptive filtering with the help
of sensing microphones attached to the ear cup ensures that the virtual sound is re-
produced as close as possible to real sound, while equalizing for any change in the
individual HPTF due to the re-positioning of headphones. Adaptive equalization is
extended for the augmented reality mode, i.e. when virtual sounds are reproduced
in the presence of external sounds.

Loudspeakers based reproduction system aims at engrossing the listener into
virtual acoustic scene, especially for multimedia applications such as gaming, movies.
These systems are becoming more popular in domestic use with the advancement in
multichannel stereo setup, where a sense of virtual auditory environment is created
with the help of many loudspeakers encompassing the listening space. However,
these multichannel surround sound setup require loudspeakers to be arranged in
fixed configuration and is often constrained by the room size. Additionally, listener
movements are restricted to only the sweet spot, i.e., center of the listening area.
The second aim is to explore the use of WFES based setup in home entertainment
scenarios to realize natural listening experience for virtual reality applications. WFS
based on holographic sound reproduction recreates sound similar to natural sound
propagation and thus, can provide perfect sound field reproduction with the help of
densely spaced loudspeaker arrays. However, WFS based systems too have several

limitations in practical implementations:

o Reduction of listening area: Due to the finite length of the loudspeaker array,

listener area is reduced.

o Horizontal plane reproduction: Due to the impracticality of placing loudspeak-
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ers everywhere in the 3D plane, virtual sources can only be reproduced cor-

rectly in the horizontal plane.

e Sound coloration of sound field: Reconstructed sound field is only correct up
to aliasing frequency due to the spatial sampling of the loudspeaker array.

Thus, widely spaced loudspeaker arrays suffer from severe spatial aliasing of

the sound field.

e Too many loudspeakers: WFS requires many loudspeakers to entirely enclose
the listening area, which is difficult to realize in practice, especially in a big

living room or homes.

We also investigate the perceptual properties of headphones reproduction of virtual
WES and compare with the actual WFS based loudspeaker system. A virtual WFS
system with densely spaced loudspeaker array can achieve very high fidelity sound
reproduction with no spatial aliasing and is only limited by the computational ca-
pacity of the system. NAR headset is employed to emulate the virtual WES over
headphones. Finally, a hybrid speaker array-headphones system is proposed by com-
bining WFS using loudspeaker array and binaural synthesis using NAR headset to

overcome physical and practical limitations of the WF'S.

1.3 Contribution of the Thesis

The main contributions of this thesis are listed below:

1. A new headphones configuration (NAR headset) is presented with two pairs
of binaural microphones (one internal and one external) for natural listen-
ing. Subjective test based on individualized binaural room transfer functions
(BRTFs) reveals that the subjects cannot distinguish between real and virtual

sounds.

10
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. Adaptive headphone equalization is proposed for the NAR headset using the
two microphones. Modified versions of the filtered-x normalized least mean
square algorithm (FxNLMS) are proposed to achieve a faster convergence with
optimum mean square error (MSE) as compared to the conventional FxNLMS.
The main advantage of adaptive equalization is that it compensates for any
variations in individual headphone response as compared to generic and im-

perfect headphone equalization in conventional headphones.

. The main goal of the NAR headset is to interact with the virtual sound objects
in the presence of physical sound sources. Therefore, online adaptive estima-
tion of the external sounds is introduced to ensure optimum convergence of
the adaptive equalization and virtual sources are coherently blended with the

real world environments.

. Fast and continuous measurement of individualized BRTFs for human sub-
jects is developed based on normalized least mean square (NLMS) technique
using perfect sweep sequences [49, 50]. Head tracking is further employed to

incorporate dynamic head movement cues for NAR headset.

. We address some of the practical limitations of the NAR headset:

(a) Adaptive equalization for non-stationary virtual signals.

(b) Online detection and fast estimation of secondary path headphone re-

sponse.

(¢) Resolving causality issues in adaptive estimation of external signals.

. Next generation entertainment system is presented by combining WFS loud-
speaker array mounted on a television set for the frontal auditory scene, while
NAR headset using virtual WFS array reproduce the rear and side auditory
scenes. Measurement results show that temporal and spatial characteristics

of the pure WFS based system is retained in the reconstructed virtual sound

11
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field using NAR headset. Subjective study investigates the performance of the
hybrid system in comparison to pure loudspeaker based WFS system or pure
headphones based system with regards to sound localization, sound coloration,

and overall audio quality.

. Frontal auditory scene reproduction using WFS is enhanced by reproducing
the high frequency content of original sound tracks above aliasing frequency
over headphones, while low frequency contents are rendered using physical

frontal array.

. Multichannel version of the earlier proposed adaptive equalization is developed
for virtual WF'S reproduction over the NAR headset. The main purpose of the
multichannel adaptive equalization is adaptive equalization of all the virtual

WFEFS speakers in an enclosed WFES setup simultaneously.

. Finally, a fast and efficient real-time GPU based implementation of WFS is pre-
sented for rendering of multiple virtual sources in a multiple-speaker multiple-
listener set up. The main purpose of GPU implementation is to exploit the

massive inherent parallelism in WFS to enhance system throughput.

1.4 Structure of the Thesis

The thesis consists of eight chapters, and its organization is as follows:

Chapter 2: This chapter presents the comprehensive review of binaural technol-

ogy. In particular, spatial cues for sound source localization are discussed.
Furthermore, we present existing techniques to synthesize binaural signals at

listener’s eardrum over headphones.

Chapter 3: In this chapter, we give a detailed survey of WFS theory and the math-

ematical formulations derived in the literature. Practical constraints of the

12
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WF'S and their existing solutions are also discussed. We conclude the chap-
ter with future trends of WFS in commercial as well as home entertainment

systems.

Chapter 4: In this chapter, a natural augmented reality (NAR) headset is intro-
duced for AR applications using adaptive filtering techniques. Adaptive equal-
ization techniques based on FxNLMS are introduced in this chapter. Three
working modes of the NAR headset is discussed: 1) Only real sources present
2) Only virtual sources present, and 3) Both virtual and real sources present
(Augmented reality mode). Both objective and subjective experiments to eval-

uate the performance of NAR headset are discussed.

Chapter 5: Practical limitations, solutions and extensions of the NAR headset are
presented in this chapter. Fast continuous BRIRs acquisition for human sub-
jects in dynamic scenarios based on NLMS algorithm is presented. Further-
more, an extension of the adaptive equalization techniques for NAR headset

is presented with simulation results.

Chapter 6: A hybrid speaker array-headphone system for immersive audio repro-
duction in home scenarios is proposed in this chapter. Synthesis of virtual WFS
over headphones is carried out using a multichannel version of the adaptive
equalization of NAR headset. Hybrid WFS method is further introduced to
enhance frontal auditory scene perception. A detailed subjective investigation

for evaluation of the performance of the proposed methods is also presented.

Chapter 7: This chapter presents a fast and efficient real-time GPU implementa-
tion of a three-fold WFS framework. Different GPU-CPU optimization tech-

nique are presented to enhance the overall system throughput.

Chapter 8: Finally, the conclusions and future works of this thesis are described

in this chapter.

13



Chapter 2

Binaural Technology : A

Literature Review

With the help of just two ears, we are able to acquire all the auditory infor-
mation about incoming sounds, such as distance, direction based on the time and
level difference between the sounds received at the two ears. Thus, if the two ears’
recorded signals, referred as binaural signals, can be reproduced exactly the same
as in the direct listening case, a perfect replica of true auditory scene can be syn-
thesized and subsequently, natural listening is attained. Binaural Technology, is
more generally defined as “a body of methods that involve the acoustic input sig-
nals to both ears of the listener for achieving practical purposes, e.q., by recording,
analyzing, synthesizing, processing, presenting and evaluating such signals”[51]. In
this chapter, we present literature review of binaural technology and is organized as
follows. Section 2.1 give a brief overview on head-related transfer functions followed
by the sound localization cues in Section 2.2. Existing techniques on binaural syn-
thesis over headphones and headphone equalization is presented in Section 2.3 and

Section 2.4. Section 2.5 concludes the chapter.
2.1 Head-Related Transfer Functions

HRTF plays a significant role in localizing the sound image accurately. HRTF filters

the source signal to account for the propagation of sound from the source to the

14
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listeners’ ears in a free-field listening environment. HRTF or head-related impulse
response (HRIR), which is the time domain form of HRTF, is represented as pair
for left and right ear. They consist of all the spatial characteristics related to source
localization in 3D space and more importantly, reflections and refractions due to
head, torso and pinnae of the listener [2, 16]. Typically, HRTFs are measured at
the microphones positioned at ear drums of the acoustic simulator of dummy head
or using probe microphones placed in the ear canal for human subjects. However,
it is practically inconvenient to insert a miniature microphone near to the ear drum
of the human subject. Fortunately, it has been found that the acoustic transfer
function between a point at the entrance of the ear canal or inside the ear canal
is independent of the source position [3, 52]. Therefore, acoustic transfer function
measured from a point source to a point at entrance of blocked or open ear canal
are also considered as HRTFs. Therefore, three widely used definitions of the HRTF

can be written as:

P,
HRTFear drum(ea ¢7 du w, 6(17”) = Pdu (2]‘)
Pbec
HRTFblockedea'r canal(ea 9257 d, w, GCLT’) - p ; (22)
Poec
HRTFopenear canal(ea ¢7 d7 w, GCL’T’) = P 9 (23)

¢
with
P., = Sound pressure at ear drum,
Pyo. = Sound pressure at blocked ear canal;
P,.. = Sound pressure at open ear canal;
P. = Sound pressure at center of head without head,
where, 0, ¢, d and w denotes the azimuth, elevation, distance and angular frequency.

Sound transmission from point source to ear drum (2.1) can be split into direction

15
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Figure 2.1: Free-field sound transmission model - adapted from 2]

dependent parts (2.2 or 2.3) and direction independent parts as depicted in the

free-field model in Figure 2.1 as:

Ped_Pbec Poec Ped
Pc B Pc Pbec Poec'

(2.4)

Ped_Poec Ped
Pc B Pc Poec

. (2.5)

The ratios Ppe./Ppec and P.;/ Py, are direction independent and represent the
pressure division ratio of sound pressures at ear canal entrance and acoustic transfer
function along the ear canal, respectively. Although, neither of these ratios depend
on the source location but are highly idiosyncratic [3]. Hence, HRTFs can be also
be recorded either at blocked ear canal or open ear canal entrance. Blocked ear
canal measurements (2.2) are most widely used on subjects as it provides good
repeatability over open ear canal entrance measurements. However, in this thesis,
we use open ear canal HRTF measurements (2.3) for human subjects as P,. exists
physically in case of natural listening situation, while P, exists only at the time of
measurement when the ear canal is blocked. Moller [2] studied the transfer function
from different points in the ear canal to ear drum using probe microphones on

four subjects. The transfer function results for one typical subject is shown in
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Figure 2.2: Transfer function along the ear canal from different points for three
azimuths. Approximate measurement positions are shown in the ear
diagram. Extracted from [2] to better illustrate the transfer function.

Figure 2.2 for three azimuths (f = 0°, 90°and 180°). It is found that any point
from few millimeters outside of ear entrance to ear drum can be considered for
HRTF measurements as acoustical transfer function of these points along ear canal
were direction independent. Similar observations were reported by Middlebrooks et
al. [52] for a total 356 source directions corresponding to loudspeaker positions in
the median and azimuthal plane. Due to the practical in-feasibility of measuring
HRTFs on human subjects, there have been several works in the literature to model
the HRTFs from discrete finite set of measurements based on spherical harmonics
[23, 53, 54|, primary component analysis [25], and Fourier Spherical Bessel series

[24, 55] and represent them using reduced number of parameters.
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2.2 Sound Localization

HRTF comprises of three main binaural cues, namely, interaural time differences
(ITD), interaural level differences (ILD) and spectral cues (SC) [2, 16]. Localization
cues can mainly be divided into inter-aural cues, which depend on the difference
between the two ear signals, and mono-aural spectral cues, which are attributed to
the modification of source spectrum by the human body, torso, head and pinnae.
Besides these three primary cues, head movement and room reflections also aid in

localizing the sound sources in real life.

2.2.1 Inter-aural Cues (ITD and ILD)

According to Rayleigh duplex theory of directional sound localization, low frequen-
cies are localized by time differences, while high frequencies above 1.5 kHz are lo-
calized using level differences [21]. Sound from the source propagates through the
medium (air) and reaches the two ears at different time due to different acoustical
path. Sound coming from one side of the head also get attenuated after reaching
opposite ear as head acts as an acoustic obstacle. Thus, cues due to the difference
between arrival of sound at two ears is known as ITD cues, while level differences
between the sounds is called ILD cues.

ITD is the dominant cue in low frequency below 1.5 kHz, where head shadowing
is weak as sound wavelength is more than the distance between the two ears, while
from 1.5 kHz to 6 kHz, ILD prevails over I'TD and helps in localizing the sound
more accurately [56, 57]. Study by Wightman and Kistler [22] had shown that any
stimulus with low frequency contents, auditory position of source is determined by
ITD irrespective of the ILD. ITD is usually estimated by taking cross-correlation of
low-pass filtered HRIRs (cut-off frequency of 2 kHz) and taking maximum value of
the lags. ITD for a spherical head model is defined as [58]:
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D
ITD = % (arcsin (cos ¢ sin @) + cos ¢psin ), (2.6)

where D is the diameter of head (roughly taken as 17.5 c¢cm), and ¢ is the speed
of sound equal to 344 m/s. ITD can also be computed from the phase differences
between the two ears as a function of frequency. It has been found that sensitivity
of ITD is highest in low frequencies below 1.5 kHz and is 3/2 times more sensititve
compared to that of ILD above 1.5 kHz. ILD is defined as the spectral magnitude
difference between the left and right HRTFs. ILD is also defined as energy ratio of
HRTFs for a limited frequency range (generally chosen between 1 kHz and 5 kHz)
[59]:

12
[ [HRTF(f))*df

ILD = 10logy | 45 (2.7)

ff |HRTFr(f))? df
1

ILD is also estimated as a function of frequency using energy ratios of the left
and right auditory filters outputs h;,, and h,,, in each frequency band with center

frequency w and for each azimuth 6 as [60]:

[ |hiw(0, 1)) dt

o0

[ a0, 1) dt

Auditory filter outputs, h;,, and h,, in (2.8) are computed using the Auditory
Modelling Toolbox [61] with filter spacing in terms of equivalent rectangular band-
width. For wavelengths much less than the interaural distance (f > 3 kHz), head
acts as a reflecting surface for sound coming from the side resulting in pressure gain
as high as 6 dB than the pressure in absence of head. ILDs sensitivity is low when
sound wavelength is much greater than the interaural distance. ILDs can increase
from 0 dB to up to 20 dB for source in front to one side of the head [52]. It has

also been shown that ILD vary considerably for sound sources close to head (<0.5
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m) and frequencies less than 500 Hz [62, 63].

ITD and ILD together can not determine the source location if source is po-
sitioned on surface with equally possible ITD and ILD, popularly known as cone
of confusion. As a result, confusion error results mainly in front-back confusions
as well as incorrect elevation localization for fixed listening position [22]. Up-down
confusions were also observed, although much less frequent than than front-back
confusions [64]. Spectral cues in general are used for discrimination between front-

back and elevated sources.

2.2.2 Spectral Cues

Listeners use monoaural spectral cues (SC) to resolve the ambiguity of sound source
location on cone of confusion. Pinnae cues result in unique spectral peaks and
notches in HRTFs for different source direction and are therefore, the most studied
cues for localization. Several studies on sound localization reveal that the spectral
modifications contribute significantly for both elevation localization and front-back
confusions [65-67]. Additionally, SC cues are potentially useful for discriminating
the sources in the front and back in horizontal plane. Spectral content in the 10-16
kHz region for frontal sources are amplified at least 10-15 dB more than the sources
in the behind. This is mainly due to the pinnae being directed towards front,
resulting in frontal sources being more emphasized. Hebrank et al. [68] carried
out experiments to investigate the localization based on different frequency bands
of source spectra. It has been observed that frequency range of 4 to 16 kHz are
necessary of accurate source localization, which means that sound source should be
broadband. SC cues for frontal sources were accompanied by 1-octave bandwidth
notch with low cut-off frequency between 4 and 8 kHz. The exact location and depth
of notch depends on the pinnae shape, size and of course, source direction. Notch
for elevated sources were observed to be less emphasized than the frontal sources in

horizontal plane. It was observed that spectral peaks around 8 kHz is an important
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cue of elevated sources.

2.2.3 Individualized HRTFs

Cues due to the pinnae reflections are unique owing to the different pinnae struc-
tures in each individual and therefore, pose a special problem in binaural synthesis
using headphones. Hence, human auditory perception is strongly dependent on the
anthropometry of individual ear and head, especially on the unique pinnae shape of
every individual. Using non-individualized HRTFs may result in front-back confu-
sions, elevation localization errors and in-head localization, which are attributed to
the considerable variation of high frequency SC across human subjects. HRTFs can
also be individualized based on statistical methods using PCA analysis [69, 70], an-
thropometric data [71, 72], subjective tuning from a large existing HRTFs database
[73-75]. Due to the impracticality of measuring individual HRTFs in an anechoic
room on human subjects, generic HRTFs are widely used in binaural synthesis based
on recording from a manikin of average anthropometric data. However, it has been
found that use of generic HRTFs is fundamentally limited by the absence of indi-
vidual attributes and only partially improves the front-back confusions and in-head
localization [76]. Recently, there also have been several works on fast measure-
ment of individual HRTFs [50, 77-80], which can substantially improve the binaural

playback performance in terms of localization errors and front-back confusions.

2.2.4 Other Cues

In addition, dynamic cues due to the head motion and visual cues help in minimizing
the front-back confusions and large localization errors [81]. Since most of the HRTF
measurements are carried out in anechoic chamber as free-field, they are far from
natural when played back over the headphones. In this context, room reflections are
very important for source localization of distant sources in a reverberant room. Use

of artificial or real room reverberation can thus, help in synthesizing externalized
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sound image in headphone listening even with non-individualized HRTFs [82-84].
It has been observed in recent research that motion cues dominate pinnae cues in
resolving the front-back reversals as well as enhancing externalization [63, 85, 86].
Dynamic cues can be generated with the help of head-tracking device attached to a

headphone by continuously adapting to the head movements.

2.3 Binaural Synthesis over Headphones

As discussed above, listener makes use of following cues from the received binaural

signals in natural listening:

o Interaural and spectral cues contained in individualized HRTFs for accurate

sound source localization.

o Early room reflections and reverberations for out of head localization as well

as naturalness of the sound.

e Dynamic cues using head movement eliminates the ambiguity of source posi-

tions on cone of confusion, especially in the absence of individualized HRTFs.

The main purpose of binaural synthesis is to replicate natural listening experience
over headphones by reconstructing the binaural signals at listener’s ears. Therefore,
individualized BRTF must be recorded /synthesized before playing over headphones.
In addition, binaural synthesis should also incorporate the head movement effect for
natural synthesis of the virtual/augmented reality scene. One main advantage of
binaural reproduction over headphones is that each channel is separately sent to
each ear and it doesn’t interfere with the room reflections as against loudspeakers,
where cross-talk cancellation is needed.

However, headphones influence the intended desired spectrum at listener’s ear
and must be compensated. Headphones influence is described by the sound transmis-

sion from headphones transducer to a point in the ear canal and commonly known
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Figure 2.3: Headphone sound transmission model-adapted from [3]

as HPTF. Similar to the three definitions of HRTF, HPTF can also be measured

either at the ear drum or at entrance of the blocked or open ear canal as:

/

P

HPTFeardrum(w> 6(17") = 5517 (29)

PI;@C
HPTFblockedearcanal(wy €CLT’) = E (210)

P(:GC
HPTFopenearcanal<w> GCLT) = Fu (211>

where
P;d = Sound pressure at ear drum from headphones;

P,.. = Sound pressure at blocked ear canal entrance from headphones;

/

P

e = Sound pressure at open ear canal entrance from headphones;

E' = Transmitted signal at the headphone terminal;

Symbol (') represent the sound transmission due to headphones. Sound trans-
mission from headphone to ear drum can also be split similar to the transmission in
free-field in terms of HPTFs at blocked or open ear canal entrance (see Figure 2.3)

as:

P, PP, P,
€ — eC 0/€C € , 2 . 12
E/ El Pbec P(;ec ( )
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Figure 2.4: Binaural recording/synthesis and reproduction over headphones
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where P.,/P,.. is only dependent on the ear-canal transfer function and is equal to
the pressure ratio P.q/P,e. for the free-field radiation case. Thus, HPTFs can be
measured at either of the three points in external ear (ear drum, blocked or open ear
canal entrance). It should be noted that HPTF depends on subject and headphone as
the acoustic propagation includes the reflections due to the pinnae and headphones.
Unlike HRTFs, HPTFs doesn’t depend on distance or direction of the virtual source,
but it does correspond to a known position of the headphone transducer relative to
ear. Furthermore, HPTF also depends on the type of headphones and their fittings.
Therefore, it is important to apply a individual headphone equalization filter to

negate the effect of HPTF on binaural signals and ensure that headphone does not

degrade the spatial perception of the intended sound.
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2.4 Headphone Equalization

Binaural reproduction comprises of two steps: recording/synthesis of binaural sig-
nals and rendering of binaural signals over headphones, as shown in Figure 2.4.
Binaural signals are either recorded directly at listener’s ears or synthesized by
filtering the monoaural audio stream with the recorded HRTF/BRTF set. The bin-
aural signals are then rendered over headphones after headphone equalization. The
main goal of binaural reproduction is to ensure sound pressure at ear drum is same
as in case of free-field case i.e., P.4/P.. It is already discussed that measurement

can be done using the following three recording methods:
1. Ear drum,
2. Blocked ear canal entrance, and
3. Open ear-canal entrance

Free-field measurements using above three methods contain all the spatial informa-
tion and thus, any of the them can be appropriately used to render natural listening
over headphones. Based on the three recording methods, headphone equalization

filter is estimated for respective HPTFs as ( [87], (2.1-2.5), (2.9-2.13) ):

[P.q/P.] 1
Wear drum = = . 2.14
a [HRTF .HPTF),, ;... HPT Frapdrum (2.14)

W _ [P ed/ P C]
blocked ear canal [HRTF . HPTF]blocked o camal
_ 1 Zear canal Zheadphone (2 15)
HPTFblocked ear canal Zear canal Zradiation ' '
[P.q/P.] 1
Wo en ear canal — 2.16

P '~ [HRTF .HPTF] (2.16)

HPTFopen ear canal

open ear canal

It is assumed here that both HRTF and HPTF are recorded at the same position

in the external ear using microphones with flat frequency response. For recording
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method 1 and 3, headphone equalization is simply the inverse of HPTF. However,
headphone equalization becomes more complicated for recording method 2 due to
the presence of additional term in (2.15) depending on the acoustical impedance
Zradiation A Zpeadphone at the entrance of ear canal (Figure 2.1, Figure 2.3). In
practice, this term has to be unity for perfect compensation or can be measured
and equalized separately. For recording on human subjects, first recording method
may be inconvenient because of the practical problem of measuring at the ear drum
using probe microphones, while second recording method has the disadvantage that
it doesn’t allows listener to hear the sound and require additional compensation.
Second method is particularly useful for artificial or dummy head when no ear canal
is needed as this contain less individual information as against other two methods. In
this thesis, we consider the measurement at open ear canal entrance to be consistent

with the human subjects and dummy head recordings using miniature microphones.

2.5 Conclusions

In this chapter, an overview of binaural technology, which includes recording/synthesis
of binaural signals and rendering over headphones, was introduced. Based on the
past studies, it is observed that natural listening over headphones can be attained
when both individualized BRTFs and individualized headphone equalization are em-
ployed in rendering. Use of non-individualized HRTFs result in large localization
errors in frontal as well elevated sources and sound coloration even though inter-
aural cues are correct. HRTFs are highly idiosyncratic and possess spectral high
frequency notches due to pinnae reflections, which must be preserved in the bin-
aural reproduction. Furthermore, room reverberations also play an important role
in externalization of sound source. Interestingly, it has also been found that, when
room reflections are present in the simulated sound sources, individualized and non-

individualized recording doesn’t have any significant perceptual differences. HPTF
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also has spectral features similar to the HRTF depending on the pinnae as well as
headphone reflections. Inter-individual variations in HPTFs have found to be more
than 10 dB above 6 kHz. Therefore, non-individual headphone equalization can de-
grade the spatial perception resulting in sound coloration and localization errors. In
addition, conventional equalization methods, which uses regularization techniques
for inversion of HPTF may also result in pre-ringing or phasing artifacts resulting
in unnatural sound. In this thesis, we present adaptive equalization techniques for
individual compensation of HPTF so as to ensure virtual sounds are reproduced

alike real sounds, especially in an augmented reality environment.
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Chapter 3

Wave Field Synthesis using
Loudspeaker Arrays

In this chapter!, we give a detailed survey of WFS theory and the mathematical
formulations derived in the literature in Section 3.1 and Section 3.2. Artifacts due
to practical approximations and their solutions are also described with appropriate
sound field plots (Section 3.4 and Section 3.4). Section 3.5 presents various WFS
system developed in recent years. Section 3.6 concludes the chapter with future

trends of WF'S in commercial as well as home entertainment systems.

3.1 Wave Field Synthesis: An Overview

The main objective in developing a WFS reproduction system is to obtain driving
signals (loudspeaker signals), where the primary source signals are processed using
wave propagation theory [13, 88]. A typical WFS system can be divided into two
subsystems: a synthesis system function and an analysis system function, as shown

in Figure 3.1. Source signals are filtered, delayed, and weighted to compute all

I Part of this work is published in
R. Ranjan and W.S. Gan, "Wave Field Synthesis: The Future of Spatial Audio,"IEEE Potentials,
vol. 32, pp. 17-23, Mar 2013.
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Figure 3.1: Block Diagram of a WFS reproduction system

the driving signals. This process of computing driving signals from primary source
signals is termed as synthesis system function. These driving signals act as inputs
to the loudspeaker array. The subsequent process of the WFS system is termed
as analysis system function, which analyses the reproduced sound field at different
listening positions by computing the sound pressure signals due to contributions from
weighted and delayed driving signals. Detailed explanation of the two subsystems

is presented in the following sections.

3.2 Principle of Wave Field Synthesis

Fundamental theory of WES has been derived from the concept of Huygens principle
[89]. This principle states that a spherical wave front (radiated by a primary source)
is formed by continuous infinite secondary sources, the source strength of which
determines the successive wave front and so on, as shown in Figure 3.2(a). In
WEFS, these secondary sources are replaced by loudspeaker arrays, which eventually
reproduce the replica of the original sound field retaining the physical properties

(temporal and spatial) of sound waves as shown in Figure 3.2(b) [89-92].
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Figure 3.2: (a) Huygens Principle Realization (b) Rayleigh representation of Huy-
gens Principle

The Kirchhoff-Helmholtz (KIH) integral (3.1) forms the mathematical basis for
WFS, which applies the Huygens principle [93]. It states that sound field at a listener
point, L can be calculated if the pressure and pressure gradient (due to primary or
virtual sources) at boundary of the source free volume, V' enclosed by a surface,
S are known (Figure 3.3). In other words, a three dimensional enclosed volume
is surrounded by infinite number of monopole and dipole secondary sources on its

surface, which in turn reproduce the original sound field.

s, (3.1)

r —Ts

1 g (et AP (77, w) A
- _ — . S
p(r,w)—4ﬂ_¢ [P(rs,w) n (ﬁ‘ |

on |7 -7

where k is the wave number. As shown in (3.1), KIH integral consists of two
integrals, first term represents sound field due to dipole secondary sources, while
second term accounts for monopole secondary sources sound field. A monopole
sound source radiates sound equally in every direction with inversely proportional
to the distance and its source strength is given by the pressure gradient. A dipole
sound source comprises of two monopole source but in opposite phase and separated

by a very small distance as compared to sound wavelength and is represented by a
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Primary S
source

Figure 3.3: General Sound scene in an enclosed volume (Figure adapted from [4])

spherically divergent wave. Its source strength is given by net pressure at boundary
of the surface, S. KIH integral (3.1) is derived using Green’s theorem and then
solving the wave equation [93]. Two assumptions that have been made to arrive at
the KIH integral are in-homogeneous media (like air) and free field condition for
wave propagation. Rayleigh proposed two modifications to the KIH integral for it

to be applied in real scenarios:

o Practically, it is impossible to have an infinite continuous array of loudspeakers
on the surface of enclosed volume. It is shown by Rayleigh [21] that the surface
can be degenerated to a plane of loudspeakers (z = z1) separating the listening
area from the source area, as shown in Figure 3.4. Later, it was proposed that

it is also possible to move virtual sources in front of the loudspeaker array [94].

e In the KIH integral, the combined monopole and dipole secondary sources
cancel out the undesirable wave fields propagating outside the enclosed surface
but sums up inside the enclosed space. To correctly reproduce sound field
inside an enclosed volume V', either monopole or dipole can be eliminated
from the KIH integral. Above process results in non-zero sound field outside

the listening volume.
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Figure 3.4: General Sound scene in an enclosed volume with degenerated surface
to a plane (Figure adapted from [4])

The above propositions led to the introduction of two famous Rayleigh integrals
I & II, which state that sound pressure at any point on one side of the loudspeaker
plane can be synthesized from sources on the other side of the loudspeaker plane.
The KIH integral (3.1) is simplified to derive the two Rayleigh integrals [93], I for
monopoles (3.2) & II for dipoles (3.3) as

Rayleigh Integral I (Monopoles):

—]k|7 7‘5’
P( = pOC// n TS,UJ ﬁ dS (32)

Rayleigh Integral II (Dipoles):

// 1+jk|7— T4 L
s; COS
7w o |7 — 7| T 7

where pg is the air density, ¢ is the sound speed in air and V,, is the particle velocity

s,  (3.3)

in the direction of 77.

Rayleigh integral I use monopole loudspeakers as secondary sources with pressure
gradient as signal strength (of primary source) at surface of the plane. Similarly,
the Rayleigh II integral uses dipole loudspeakers as secondary source with pressure
as signal strength. Rayleigh integral I have been mainly used in the literature for
derivation of WF'S driving signals with monopole secondary sources and we will also

stick to the same definition in this thesis.

32



CHAPTER 3. WAVE FIELD SYNTHESIS USING LOUDSPEAKER ARRAYS

Listener
plane

{72

Figure 3.5: WFS in practical scenario
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3.3 Practical Approximations for Wave Field Syn-
thesis

Berkhout [13, 88, 95] introduced the concept of a virtual source, i.e., a source which
is perceived by a listener when the sound is reproduced. There are two real-life
scenarios where sound reproduction is employed: (a) real or primary sources exist,
for example, in live performances; and (b) primary sources signals are recorded
for reproduction in future, like in cinemas, TV or recorded events. In the former
scenario, virtual source coincides with the real source and in the latter, WFS aims
to reproduce virtual source as close as possible to real source. Furthermore, two
approximations have been proposed to practically realize the WFS reproduction

system:

1. Firstly, the loudspeaker plane is reduced to line array configuration on the
horizontal plane, which is due to the infeasibility of covering the entire vertical

plane with loudspeakers.

2. Secondly, since loudspeakers cannot be infinite in numbers and are always
discrete, continuous line array is reduced to finite discrete array with uniform

spacing between the loudspeakers.

Above approximations are shown in Figure 3.5 and Figure 3.6, which describes the

2D reproduction of sound field that can be perfectly reproduced on the listener

33



CHAPTER 3. WAVE FIELD SYNTHESIS USING LOUDSPEAKER ARRAYS

Loudspeaker, n

Listener, R

Figure 3.6: Geometry used in WFS formulations

plane.
Based on the above approximation i.e. discretization and reduction to a linear
array, one dimensional form of Rayleigh integral I (3.2) is derived [89, 94] as
1 N e~ Jklrn—rg|
P(R,w) = yy nz::l Dwrs(n,w) Tl Ax, (3.4)
where P(R,w) is the synthesized sound pressure at point R in the listening area
(Figure 3.6). 7, and rg are the position vectors of the n'® loudspeaker and the
listener position, R, respectively. The notation Dy rg represents the driving signal
pressures function for loudspeaker n and is the principal function of a WFS system.
N is the total number of loudspeakers for a given length of array. The geometry
for (3.4) is shown in Figure 3.6. Az is the loudspeaker spacing of the array. The
exponential part in (3.4) is the three dimensional Green’s function, which represents
the radiation of a secondary monopole point source [93]. In time domain, sound
pressure at any listener point, R can be simply calculated by summing the weighted
and delayed contribution from each of the loudspeakers as:
1

P(R,t) = L i ——dwrs(n,t — M) Az (3.5)
’ dm = |rn, —rg| ’ c

The sound field for a monopole point source, S in free-field at listener position, R
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is given by

e_.jkh‘R_TS‘

P(R,w) = S(w) (3.6)

rr —rs|
The solution for driving signal at n'* loudspeaker is obtained by solving (3.4) with
sound field of a monopole point source in free-field (3.6), using stationary phase

approximation [89] as

|ZR efjkh'nfrsl
D n,w) cos@ y——— . 3.7
wrs( VQW \ZR—ZS| s, E— (3.7)

The planar-to-linear array reduction introduces inaccuracies in the sound pres-

sure attenuation, which is compensated by a pre-filter with a 3 dB per octave at-

tenuation and a phase shift of 45° [96]. Third term \/|ZR — Znl/|Zr — Zs| in (3.7)
is the correction factor and also accounts for the 2D approximation. As evident,
it depends on the source-receiver distance and source-listener distance along the z-
plane. Thus, the driving signal is weakly dependent on receiver position (in fact on
the receiver line, Zr) and as a result, synthesized sound pressure field is correct only
on the reference receiver line (also called ‘sweet line’ by de Vries [48]), which is used
in the computation of driving signal. The second last term cosfg,, is a weighting
factor depending on the source incidence angle. The last term of (3.7) represents
the natural wave propagation and amplitude decay of source, S to loudspeaker, n.
The geometry for the equations is shown in Figure 3.6.

Spors [97, 98] further modified the equation for driving signal to introduce a win-
dow function to suppress the undesired reflections from those loudspeakers, whose
normal component does not match with local propagation direction of virtual wave
field so as to minimize the error in the reproduced wave field. The window func-
tion mutes these loudspeakers reproducing undesired reflections. In addition, Spors
derived separate driving signals for plane wave source and spherical point source.

Details can be found in his work [97].
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From (3.7) it is clear that driving signals can be calculated efficiently in time
domain by pre-filtering the source signal, follows by weighted and delayed sample

of the filtered source signal as:

dwrs(n,t) = s(t) x hyr(t) * 0 (t — T) Wger (3.8)

where,

s(t) = F[S(w)]

hpy(t) = P [\/g]

_ |lrn—rs]
c

|ZR7ZTL| 1

coslg,,————
|Zr=2s] S VIrn=rs]

Symbol * represents the convolution between two timain domain sequence.

Wsel =

Synthesis system function, implements driving signal using (3.8) requires source
parameters (source signals, positions, orientations etc.) and loudspeaker parame-
ters (loudspeaker positions, orientation, number of loudspeakers etc.) as inputs.
Equation (3.8) computes the driving signal rendered for a single source, S. To
compute driving signals for more than one source, (3.8) is repeated for each of the
sources and summed together for each of the loudspeakers as shown in Figure 3.1.
Similarly, analysis system function implements the synthesized sound signal at a
listener position, R and time, ¢ using (3.5) requires driving signals, listener position
and loudspeaker parameters as input for analyzing sound field in the listener space.
Analysis system function can be used to analyze the quality of the physical sound
field either by listening to the reproduced sound signals at different listener positions
or by visualizing the sound field in the entire listening area. Objectively, sound field
quality can be estimated using spectral distortion (SD) between frequency response
of WFS virtual source and an ideal point source for different listener postions. Spec-
tral distortions are mainly due to the spatial aliasing, resulting in spectral peaks and

dips.
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Figure 3.7: Example of a multiple line array in WFS (Figure extracted from [5])
3.4 Practical Constraints and Solutions

As discussed in the previous section, it is not practically realizable and cost effec-
tive to place loudspeakers everywhere in a closed space. Moreover, computational
power of a typical WFS processing engine is largely dependent upon the number of
loudspeakers and complexity of auditory scenes.

WEF'S formulations for driving signal equation work well only for the reproduction
on horizontal plane (listener plane) because of the approximation to line array. Since
the two ears are located on the horizontal plane, it would be sufficient to assume
that the sound perceived will be natural to us. Reproduced sound field is accurate
only at the sweet line and thus, resulting in amplitude error, which is measured
as deviation from sound pressure on sweet line (in dB) [91, 99]. Thus, we need to
choose a fixed reference line (Z = Zg) such as to minimize the overall amplitude
errors in the listening area. It is usually chosen in the center of the listening area,
but Sonke et al. [100] showed that a reference receiver contour can also be chosen
to minimize the overall amplitude errors, instead of using the conventional reference
line. Because of the 2D reproduction on the horizontal plane, virtual sources are

not correctly perceived in the vertical plane. But with the advent of 3D audio-
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Figure 3.8: Truncation Effects for WFS reproduction of finite array with Ax =
0.1 m (a) Monochromatic plane wave signal with frequency 800 Hz (b)
Low pass filtered pulse with cut-off frequency = 1,500 Hz
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visual contents, like gaming videos and 3D movies, where elevation perception is
of utmost importance, it is required to find a solution that emulates the 3D plane
reproduction. Recently, Montag [5] proposed a multiple array lines of loudspeakers
in vertical plane to extend the traditional WE'S to 3D reproduction (Figure 3.7).
Mathematically, we can derive driving signal for any arbitrary configuration of
closely spaced loudspeaker array, but in reality it is near to impossible to have a
inter-speaker spacing less than 1 cm meaning WFS reproduces true sound field only
up to a corner frequency. This is due to the reduction of an infinite continuous line
array to a finite discrete array and suffers perceptual quality degradation to some
extent. As a result of reduction to finite continuous line array, diffraction effects,
and additional trailing waves (also called ‘shadow signals [48]) are observed in the
sound field derived using analysis equation. Figure 3.8 shows the diffraction effects
for two test signals, monochromatic plane wave signal and a low pass filtered pulse.
Virtual source is located in far left corner behind the loudspeaker array. We can
clearly observe the shadow waves in left side of the Figure 3.8(a) as a result of

diffraction effects and in accordance with the diffraction ray theory. In addition,
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Figure 3.10: Tapering applied to N-shaped array and linear array

we can see the circular trailing waves due to edge loudspeakers ( Figure 3.8(b) ).
This effect is also known as truncation effect which originates from loudspeakers at
the extremes of array. Perceptually, this can cause slight coloration effect and echo
perception depending on the time difference between desired response and shadow
signals [48, 91]. In addition, visible source area for listener, which is defined by
extent of the loudspeaker array, reduces due to the finite length of the loudspeaker
array.

Tapering is a technique used to smoothen the truncation effects, where loud-

speakers positioned on the edges are given less weighting but at the cost of reduced
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Figure 3.11: Enlarged listening area using additional side array with linear array
for Monochromatic plane wave signal with frequency 800 Hz, Ax =
0.1 m (a) Linear array only in the front (b) Additional side array
with linear array in the front

effective array length. One-sided cosine window is used to apply the tapering as
shown in Figure 3.9. The effect of tapering can be observed from Figure 3.9 as
trailing waves are smoothened but at the cost of reduced reproduced area.
Effective array length can be increased by using N-shape arrays, with tapering
applied at the two extremes, like shown in Figure 3.10. Effect of side-arrays with
tapering applied as shown in Figure 3.10 is discussed in [91]. As shown in Figure 3.11,
we can observe the enlarged reproduction area using an additional side array.
Finite continuous array is reduced to finite discrete array by applying sampling
in spatial domain resulting in spatial aliasing, which is similar to aliasing in the
frequency domain. It is easier to analyze the aliasing artifacts in the wave number
domain [89, 99], which is obtained by taking Fourier transform of sound signals in
spatial domain. However, WFS is correctly achieved only up to a corner frequency
known as ‘spatial aliasing frequency’. In spite of the inaccurate synthesis of physical
sound field, it has been found that a reasonable amount of deviation from aliasing
criteria does not significantly degrade the perceptual quality [101]. This is mainly

due to the human auditory mechanism that allows some tolerable level of distortion
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Figure 3.12: Spatial sampling of the loudspeaker array for a source far away

due to spatial sampling. Most WFS systems use a loudspeaker spacing of 10 to
20 cm [48, 102, 103]. According to sampling theorem, in spatial sampling, spatial
aliasing does not occur if loudspeaker spacing is less than the minimum apparent

wavelength component along the loudspeaker array, i.e.

/\

1

where g is the source incidence angle located far away from the loudspeaker i.e.
acting like a plane wave source and A is the source wavelength, as shown in Fig-
ure 3.12. Thus, from (3.9) spatial aliasing will occur only above spatial aliasing

frequency f,; :

c

R 1
Ja 2 Ax sinfg (3.10)

Figure 3.13 shows the spatial aliasing effects for a loudspeaker spacing of 0.2m
with source situated 1m left of the array and 3 m behind the array. Spatial aliasing
frequency using (3.10) is 850 Hz. Thus, we can clearly observe aliasing artifacts
as destructive interference with plane wave coming symmetrical opposite direction.
Perceptually, spatial aliasing can result in timbre and sound colorations.

A number of methods have been proposed in literature to minimize the spa-

tial aliasing effects. Spatial bandwidth reduction uses the notion of directive sound
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Main Array

Figure 3.13: Plane wave reproduction with spatial aliasing, Ax = 0.2m (a)
Monochromatic plane wave f = 1,500 Hz (b) Low pass filtered pulse
with cut-off frequency = 2,200 HZ

sources to reduce the interference between loudspeakers [94, 99]. Another method is
to randomize the high-frequency content over the loudspeaker array and thus, reduce
the periodicity in spatial aliasing artifacts [101, 104]. In recent years, researchers
have analyzed the spatial aliasing artifacts by deriving several aliasing criterions,
which not only depend on spacing between loudspeakers but also on source direc-
tivity and listener positions. In one of the recent works by Corteel [105], spatial
aliasing frequency is increased with the help of dynamic selection of sub-part of the
loudspeaker array to target reproduction within a preferred listening area.

Another limitation of Rayleigh theory, which states that source (non-focused
source) can only exist behind the loudspeaker array, has been resolved by the intro-
duction of focused sources [106]. A focused source can be perceived in front of the
array, i.e., in the listener space [107, 108]. The only constraint with focused source
reproduction is that listener area is reduced and the listener is not permitted to sit
in between the array and the focused source [48]. Both focused and non-focused
sources are crucial in recreating the immersive sound field around the listener. Lis-

tener can feel the depth of the source, but it requires entire listener space to be
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surrounded by closed configuration of loudspeaker arrays.

All loudspeakers in practice possess some directivity pattern in contrast to the
ideal monopole secondary sources. This implies that conventional driving signal
equation holds only for the ideal monopole conditions. De Vries [48, 90, 109] derived
that driving signal for a linear array can be adapted to loudspeakers with arbitrary
directivity characteristics. It should also be noted that traditional equations for
WES assumes free-field conditions, and room reflections must be accounted while
dealing with real room simulations. Mirror image source model is commonly used

for the analysis of room reflections [48, 89].

3.5 Evolution of Wave Field Synthesis

Since the introduction of WFS by Berkhout [13] in 1988, WF'S has come a long way
over the last two decades and are now playing a vital role in spatial audio repro-
duction technology. Berkhout started the research on WFS based system at Delft
University and laid the foundation for further developments. He was supported by
fellow researchers in particularly, De Vries, Vogel, Start and others in the following
years [92, 110-112]. The first WFS based practical laboratory set up, which consists
of 48 channels with DSP processors, was developed at Delft University in 1993 and
later extended to the university’s auditorium [89].

Berkhout’s work was followed up by many other prominent research groups and
many WFS based set ups were installed in various places, including cinemas, lec-
ture halls and concert halls. Till late 1990s, most of the research was carried out
at universities, mainly focused on developing mathematical formulations of WFS
equations and also practical measurements based on various configurations (linear,
circular, rectangular etc.) of loudspeaker arrays [113]. As a result of the increased
interests and participations in WFS, several research groups and R&D labs collab-

orated to standardize a WFS format, which led to the start of European Union
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Figure 3.14: A look at various WFS developments

(EU) Information Society Technologies (IST) “CARROUSO” (“Creating, Assessing
and Rendering in Real Time of High Quality Audio-Visual Environment in MPEG-
4 Context”) [114] project in 2001 and completed by 2003. The main goal of the
CARROUSO project was to develop a new technology, which can record, encode,
transmit and reproduce the sound field recorded at virtual or remote place. This
project prompted researchers, as well as commercial market based on spatial audio
in different parts of the world to focus on WFS with the goal of creating poten-
tial applications in spatial audio systems, and can potentially replace multichannel
surround sound systems placed in cinemas, live events or home theater systems.
The successful completion of CARROUSO project led to the emergence of two new
companies, [IOSONO [115] and Sonic Emotion [116], which are aimed to provide ser-
vices and solutions for installations of 3D audio systems based on WFS. IOSONO is
spin-off from Fraunhofer Institute for Digital Media Technology in 2004 and bought
by Barco Audio Technologies in 2014, while Sonic Emotion is co-founded by Renato
Pellegrini. Both of these companies have played a significant role in the success of
CARROUSO project. They are now the major providers of WFES based products
for consumer market, as well as research applications in spatial audio systems.
Recently, IOSONO has launched a spatial audio processor to control any kind

of loudspeaker arrangement, room geometry and listener numbers. Sonic Emotion
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has manufactured 3D audio chips based on their own patented technology employ-
ing WFS, psychoacoustics and others. In 2011, Haier launched a 3D sound bar
using this chip, which claims to create the unique sound experience that can replace
the current home theatre systems. In 2008, Spors [97] and his team at Deutsche
Telekom in Berlin revisited the WFS theory and also proposed modified driving
equations addressing arbitrarily shaped loudspeaker arrays for three-dimensional
sound reproduction. They also installed practical WFS set up of 56 channels of cir-
cular loudspeaker array. Furthermore, they have developed a generic spatial audio
renderer framework for real time audio processing, which is very useful for sound
reproduction in real time [117]. This versatile software allows the rendering of sev-
eral rendering modules like WFS, binaural, Ambisonics, virtual amplitude based
panning, etc. Researchers at IRT, Germany developed a novel system known as the
‘Binaural sky’, which uses WFS technology for binaural sound reproduction [118].
The latter system consists of overhead circular array of loudspeakers and synthesizes
focused sources using head tracking system. Figure 3.14 shows various WFS set ups

installed at various universities and auditoriums.

3.6 Future Trends and Conclusions

In the last few years, WFS is increasingly becoming more popular in commercial
deployment. WEF'S based reproduction systems are now readily accepted as the most
optimal way of reproducing spatial sound. Several companies have already started
installation of WFS in public places. Recently, Game of life foundation developed
the world’s first transportable WFS setup and demonstrated at Amsterdam in 2011.
Similar set up was earlier demonstrated at the 124" AES convention on the eve of 20
years of WFS in 2008 [119]. Till now, we have mainly seen large scale installations of
WES in large public places. Everyone now appreciates the immersive environment

reproduced by WFS based system in such places. In recent years, researches have

45



CHAPTER 3. WAVE FIELD SYNTHESIS USING LOUDSPEAKER ARRAYS

started to look into scaled down version of WFS to target small group listening.
Some small-scale WF'S applications include virtual reality, 3D gaming environments,
and video-conferencing [102, 120]. With the capability of reproducing virtual content
very far (outside the room) as well as near to the listener, WFS overcomes the feeling
of being in a particular environment making it suitable for realizing WFS systems
in home entertainment systems in the future. However, a major hurdle for the use
of WF'S technology in such small-scale applications is that these systems are too
space-consuming for use in every place and require minimal number of loudspeakers
for enlarged sweet area. Since a typical WFS system requires large and costly set
up of loudspeaker arrays, it is still an open research problem to devise a trade-off
between number of loudspeakers and size of sweet spot area. Corteel [105] from Sonic
Emotion have recently proposed a new methodology to employ fewer loudspeakers
while increasing the spatial aliasing frequency using the focused sound reproduction
in a ‘preferred listening area’. Loudspeaker placement and room acoustics are the
two main problems for WFS to be adopted in small scale applications. For the
former, recently flat panel speakers were explored for WFS [121, 122] and might
be better suited for places with space constraint, especially in home reproduction.
Acoustics of the room can also affect the intended sound field in listening area and
may introduce coloration. Different equalization techniques have been applied to
control the sound field in listening area by compensating for the room reflections
[123-126]. Additionally, for WFS to enter into our homes, all the recording and
encoding should be carried out such that it can be mapped to any WFS speaker
layouts (as explained in CARROUSO project) before transmitting them. Only then,
we will be able to take full advantages of WFE'S in immersive 3D sound reproduction.

In this chapter, we gave an overview of the principle of WFS, and presented some
of the key research work and commercial products over the past two decades. To-
day, WF'S has emerged as one of the key spatial audio technology in the professional

installations and is being widely adopted. We also highlighted some practical limita-
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tions and technical challenges of WFS-based sound reproduction systems. Approxi-
mations employed to KIH integral for practical realizations of WFS put constraints
on the synthesized sound field quality, visible area, number of loudspeakers, array
length, and array configuration. Various solutions have been proposed in the liter-
ature to compensate for the practical limitations of WFS reproduction systems. In
this thesis, we aim to develop a WF'S based setup to be used as home entertainment
system. A hybrid WFS setup is presented in Chapter 6 by combining WFS and
binaural synthesis over headphones for immersive audio reproduction. The main
aim of this hybrid setup is to create an immersive experience around the listener
using virtual WF'S over headphones for rear and side auditory scenes, while physical
WES array is used for frontal auditory scene reproduction. In the next chapter,
we introduce a natural augmented reality (NAR) headset and adaptive headphone

equalization techniques for natural listening in augmented reality scenarios.
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Chapter 4

Natural Listening Over
Headphones in Augmented Reality
using Adaptive Filtering

In this chapter!', we introduce a natural augmented reality (NAR) headset and
proposed adaptive equalization techniques for individual headphone compensation
for augmented reality headphones. This chapter is structured as follows: Section
4.1 gives a brief introduction and some of the related works on augmented reality
headphones. Section 4.2 evaluates the effects of different types of headphones on
the direct sound spectrum. Section 4.3 introduces natural listening techniques using
the proposed NAR headset. Adaptive equalization methods for reproducing virtual
sources, with and without the presence of external real signals are presented in
the subsection 4.3.4 and subsection 4.3.5, followed by the subjective test results in

Section 4.4. Finally, Section 4.5 concludes the chapter highlighting key results of

1 This work has been published in
1. R. Ranjan, W.S. Gan, and C. Yong-Kim, "Applying Active Noise Control Technique for
Augmented Reality Headphones," in Proceedings of Internoise, Melbourne, 2014.

2. R. Ranjan and W. S. Gan, "Natural Listening over Headphones in Augmented Reality Using
Adaptive Filtering Techniques," in IEEE/ACM Transactions on Audio, Speech, and Language
Processing, vol. 23, pp. 1988-2002, 2015.
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this work.

4.1 Introduction

Augmented reality (AR) is changing the way we live in real world by adding a vir-
tual layer to our sense of sight, smell, sound, taste, and touch along with real-world
senses to give us an enriched experience. With the advent of wearable devices, such
as VR Gear and Oculus Rift, sensors like microphones and cameras that capture
our surroundings with global positioning system, AR technology provides sensory
dimensions to the user to navigate more effectively in the real and virtual world. An
AR system is defined with three main characteristics, namely, superimposition of
virtual objects onto physical world, ability to interact in real-time, and projection in
three dimensional space [127]. AR devices are currently used in several application
areas like assistive navigation for the disabled [128], augmented reality gaming [129],
medical [130], audio-video conferencing [131, 132], binaural hearing aids, and audio
guides in museum or tourist places [133]. So far, visual information is predomi-
nantly used in AR-enabled devices to provide additional guidance or information
to the user. Spatial sound is also being incorporated into AR devices to provide
auditory cues of virtual and real objects in the listener’s space via headphones [131].
These spatial cues can be used to alert listener of imminent danger/obstacle in a
certain direction; add to the realism in gaming; and give a feeling of being there
in the augmented environment. The ultimate goal of deploying spatial sound via
headphones in AR devices is to create the impression that virtual sounds are coming
from the physical world. At the same time, virtual sources should merge with the
real sources in a transparent manner, enabling awareness to the real sources.
There have been several works in recent years in an attempt to playback spatial
audio in AR based headphones, as well as existing commercial headphones. Haptic
audio (sound that is felt rather than heard) is applied in headphones to enhance the

user experience [134]. Bone conduction headset enabling hear-through augmented
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reality gives comparable performance to speaker array based system [135]. An aug-
mented reality audio (ARA) headset has been introduced by Harma et al. [136]
using an in-ear headphones with binaural microphones to assist the listener with
pseudo-acoustic scenes. In another work, the same authors further developed an
ARA mixer [137, 138] to be used with headset for equalizing and mixing the virtual
objects with real environments. The main problem addressed in the ARA headset
is the blockage of natural sounds coming from outside and reaching ear drum due
to the in-earphone structure. Thus, their goal is to reproduce natural sounds un-
altered with the help of binaural microphones to capture, process, and playback so
as to make the ARA headset acoustically transparent. However, the direct sound
leakage cannot be completely avoided and earphone repositioning might also affect
the reproduced sound quality. Schobben and Aarts [139, 140] proposed a headphone
based 3-D sound reproduction system with binaural microphones positioned inside
the ear cup near ear opening using active noise control (ANC) based calibration
method. Filtered-x least mean square (FxLMS) adaptive filtering algorithm is used
to achieve sound reproduction close to the 5.1 multichannel loudspeaker setup. The
key problem being solved here is the large localization errors for most listeners due
to non-individualized equalization of headphones. ANC is used to calibrate the
system for every individual to identify loudspeakers’ transfer function at listeners’
ears before playing 5.1 multichannel virtual auditory scenes through headphones.
Therefore, the primary challenge in AR based headphones is to reproduce sound
as close to natural as possible so that augmented audio environment presented are
well externalized with no front-back confusions. Most importantly, virtual audio
objects/scenes are seamlessly augmented in the real environment.

In this chapter, we present a natural augmented reality (NAR) headset with two
pairs of binaural microphones to achieve natural listening experience using online
adaptive filtering. An open type headphone structure is chosen over closed in-ear

type headphones mainly because of two reasons: (1) its open-cup design allows ex-
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ternal sound to pass through without much attenuation, resulting in a more natural
listening experience; (2) open ear canal resonance, which is more natural compared
to the blocked ear canal resonance of the in-ear headphones. With the use of sensing
microphones installed in the headphone structure and by applying real-time adap-
tive training, virtual sources are reproduced as close as possible to real sources and
thus, adding realism to the augmented reality environment (ARE). Modified versions
of the filtered-x normalized least mean square (FxNLMS) algorithm are proposed
in order to improve the slower convergence rate and steady state performance of
the conventional FxXNLMS. One of the main objectives is to ensure virtual sound
objects become part of the real auditory space as augmented space. Therefore, the
proposed approach is extended for the case when both real and virtual sources are to
be mixed together, such that signal due to external sources does not interfere with
the convergence process of the FxXNLMS. The main advantage of applying FxXNLMS
technique here is that it adapts to the individualized head-related transfer func-
tions (HRTF), while compensating for the individual headphone transfer function
(HPTF), as it alters the desired spectrum at listeners’ ears. Thus, adaptive pro-
cess ensures the NAR headset is individualized to a listener and virtual sources are
reproduced alike real sources. Using dummy head measurements, it is found that
the proposed approach is able to closely match the natural sound reproduction with
faster convergence rate. The proposed method is also found to be equally effective
in the presence of external sounds. Subjective study based on individualized binau-
ral impulse responses (BRIRs) is conducted to validate the proposed approach and

assess whether listeners can distinguish between real and virtual sounds.

4.2 Headphones Effect on Direct Sound Spectrum

In an ARE, a user wearing a NAR headset must not feel isolated from the sur-

roundings. The choice of headphones is crucial in designing a NAR headset as it
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Figure 4.1: Bruel & Kjaer dummy head with different type of headphones used
for the HRTF measurements.

should allow external sounds to pass unblocked and reach listeners’ ear drum in a
natural manner. We have tested four different types of commercial headphones to
evaluate their effects on direct sound source spectrum. Figure 4.1 (b)-(e) show the
four types of headphones, namely, open circumaural (CA), open supra-aural (SA),
open personal field speaker (PFS) and closed circumaural (CA), which are worn on
the dummy head for measurement. The open PFS headphones are completely open
with external drivers facing towards the pinna from the frontal direction, as shown
in Figure 4.1 (c).

Effects of the aforementioned headphones on the direct sound source spectrum
for different azimuths are measured and shown in Figure 4.2 along with the direct
sound spectrum as reference (Ref) HRTF measured without the headphones. Mea-
surements were conducted in an anechoic chamber at NTU, Singapore using the
Bruel & Kjaer 4128D head and torso simulator. Exponential sine sweep signal with
sampling frequency of 44.1 kHz was played from sound source placed at 1.4 m away
from the center of dummy head and recorded at the binaural microphones located
at ear drum of the dummy head. All the HRTFs are one-third octave smoothed to
decrease perceptually redundant fluctuations, especially in high frequencies [141].
As shown in Figure 4.2, headphones act as passive low pass filters and that is why
the difference between the headphone modified spectrum and direct sound spectrum
is observed only in high frequencies above 1.5 kHz, except for the closed CA head-

phones, which attenuates up to 10-15 dB is observed below 1.5 kHz. One common
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Figure 4.2: Effects of four types of headphones on the direct sound source spectrum
at ear drum of the dummy head

observation from the HRTF plots in Figure 4.2 is that the closed CA headphones
attenuate direct sound the most as compared to other open headphones, while open
PFES headphones is the most acoustically transparent headphone for all azimuths.
For the closed CA headphones, attenuation up to approximately 30 dB is observed
for most of the azimuths. This leads to significant coloring of the direct sound
source spectrum. The open SA headphones and open CA headphones possess av-
erage headphone attenuation of roughly up to 10-15 dB in high frequencies. Other
important aspect that needs to be observed is the high frequency pinnae specific
notches, which is particularly essential for the frontal localization [68, 142] as well

as elevation [143]. These notches for the open CA and open PFS headphones are
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consistent with the reference HRTF, but mismatch/absence of the notch positions is
observed for the open SA and closed CA headphones. For the open SA headphones,
it might be due to the fact that headphones are resting on the ear, suppressing the
reflections due to pinna. For the closed CA headphones, strong passive isolation
by the headphones structure possibly leads to reduction/disappearance of notches.
To summarize, closed headphones are not suitable for AR based application due to
its strong isolation property and coloration of the sound spectrum when no signal
processing is allowed for natural listening of external sounds.

Similar observations were also reported in [60] on the influence of headphones to
localize loudspeaker source. In particular, it was found that the localization accu-
racy degraded only slightly due to wearing of headphones as compared to open-ear
listening. It was also found that listeners used head rotation more frequently as addi-
tional cue to assist in localization when headphones were worn. However, large ILD
errors due to high frequency loss will result in audible coloration, as well as dulling
of the sound. Spectral and ILD distortions were less pronounced for headphones
with “more” open design. Therefore, it is suggested that care must be taken while
selecting headphones for ARE. In practice, absolute acoustic transparency cannot
be achieved, but headphones characteristics can be modified through signal process-
ing techniques and/or passive techniques to achieve realistic impression of physical
sound sources and environments. The following sections outline the adaptive signal

processing techniques to achieve natural listening through headphones.

4.3 Natural Listening via Natural Augmented Re-
ality Headset based on Adaptive Filtering

Natural listening using headphones require sounds to be reproduced as natural as
possible. For AR based scenarios, we would need both real and virtual sounds

to be perceived in the same way such that one cannot distinguish between the
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two. In addition, a realistic fusion of virtual sound objects with the real auditory
environment is also desired for ARE. We thus, divide our analysis into three possible

practical scenarios, which will be presented in the subsequent sub-sections:

CaseI: Only real source present
CaseII: Only virtual source present

CaseIll: Virtual source in the presence of real source/surroundings

In the following sub-sections, we present the proposed NAR headset structure fol-
lowed by adaptive signal processing techniques to achieve natural listening in ARE.
Our main focus in this work is on the adaptive algorithms to create virtual auditory
events that are engrossed with the real environment, giving an immersive experience
to the listener. Case I scenario with only real external sources, may not need any
additional processing if using an open type headphones. Hence, the focus of this
chapter is mainly on Case II and Case III, where virtual sources are needed to be
reproduced naturally to the listener, without and with the presence of the real sound

sources, respectively.

4.3.1 Proposed headset Structure

The proposed NAR headset structure and the prototype constructed using AKG
K702 open CA studio headphones is shown in Figure 4.3 (a). The open CA head-
phones is preferred over the other two types of open headphones for ease of micro-
phones placement in our prototype. There are two microphones attached on each
side of the headphones ear cup. As shown in the figure, internal microphone, de-
noted by my,., is positioned very near to ear opening, whereas external microphone,
denoted by me., is positioned just outside the headphones ear cup. The main pur-
pose of internal microphone (also known as the error microphone) my,; is to adapt to
the desired virtual sound field measured at listeners’ ears. External microphone (or

reference microphone) me,; is used to capture the external sounds. Besides these,

95



CHAPTER 4. NATURAL LISTENING OVER HEADPHONES IN
AUGMENTED REALITY USING ADAPTIVE FILTERING

Internal External
microphone \// ‘ microphone
Myint ) j/ Meat
mint S / ﬂ m(gzt
(a)
Multichannel recording using Loudspeaker
oy AN
adobe audition generating sweep signal &
.-:H Mt TMint
firewire left qﬁ i p
left
right
MOTU ultralite sound card right

()

Figure 4.3: (a) Proposed NAR headset structure (top) and prototype using open
CA headphones with two microphones (below) (b) Headphone mod-
ified transfer functions (HMTF) (c) Transfer functions measurement
set up

both pairs of microphones are also used for off-line measurements of the transfer
functions modified due to the presence of headphones. These transfer functions are
used in the binaural reproduction of virtual sources and to be stored in our own
personalized HRTF database for different listening environments. In the next sub-
section, the characteristics of the headphone modified transfer functions (HMTFs)

measured at the two microphone positions are discussed.
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Figure 4.4: Measured modified transfer functions (H;(z)and He.(z) ) for two
azimuths (Top: Ipsilateral ear; Bottom: Contralateral ear)

4.3.2 HMTF measurements and observations

Figure 4.3 shows the measurement setup for HMTFs at the two microphone positions
using the NAR headset prototype. Four miniature AKG C417 microphones are
used in the measurements having mostly flat response in the frequency range 20-
20000Hz. The two HMTFs denoted as H;,;(z) and He.(2), (modified due to the
passive headphones structure) are measured on the dummy head using the two
pair of microphones (See Figure 4.3 (b)). H;,(z) represents the transfer function
similar to HRTF to account for the sound propagation from source to ear entrance
but modified by the presence of headphones, while H,,;(z) accounts for the sound
propagation from source to the just outside the ear cup.

It should be noted that since H,.(z) is measured just outside the ear cup (~2

cm away from the pinna), its spectrum/impulse response will contain all the indi-
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vidual related characteristics and environment without pinna and shell reflections.
Spectrums of the two HMTFs for two azimuths are shown in Figure 4.4. In ad-
dition, a reference HRTF measured without headphones at the ear canal entrance
is also shown for comparison with the two HMTFs. One noticeable observation is
that spectrum of H.,;(z) is closer to the direct sound spectrum than that of H;,.(z)
with little or no high frequency loss. It should also be noted that sound pressure
reaching at internal microphone is modified due to the presence of headphone shell
and thus, resulting in slightly lower energy as compared to that of external micro-
phone. Furthermore, there are no pinnae specific frontal notches (especially for the
frontal azimuths) observed in H,.(z) as compared to the reference HRTF as well
as Hin(z). Therefore, the spectrum of Hey(z) is much smoother with only smaller
peaks and notches due to the absence of reflections within the shell and the pinnae.
In contrast, H;,(z) have sharper peaks and notches compared to He,;(z). This prior
information in H.,(z) (environment, torso, head related characteristics) can help
in estimating the signal accurately at listeners’ ears. As will be shown later in the
Chapter, H..(2) is very useful in improving the performance of adaptive equalizer
methods presented. In addition, external signals received at m.,; are also used to
further estimate the real signals at m;,, adaptively. We now present the analysis for

three practical scenarios in the following three sub-sections.

4.3.3 Case I: Only real source present

In this scenario, only real sound sources are present, which is what we experience
in day-to-day listening. But in this case, it is required to hear the sounds coming
from the environment and external sources, while wearing the NAR headset. This
scenario is depicted in Figure 4.5 using an open ear cup headphone along with
its corresponding signal flow block diagram representation. Natural sound from
real source, r(n) propagates through air and reaches the listeners’ ear after passing

through the ear cup. Thus, h;(n) (corresponding impulse response of HMTF,
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Figure 4.5: Case I: Only real source present scenario and corresponding signal flow
block diagram

Hini(2) ) accounts for the natural sound propagation in air from source to the
listeners’ ear. Alternatively, external sound source propagation can also be seen as
real source signal, r.,;(n) just outside the ear cup (m.,;) passed through a passive
headphone-effect filter with impulse response hy.(n), accounting for the ear cup effect
and pinnae reflections, before reaching listeners’ ear. Hence, Hp.(2) is a transfer

function from m.,; tO Myn:

Hin(2)
He:z:t(z) .

Hhe(z) = (4'1)

For an acoustically transparent headphone, (4.1) does not contain the headphone-
effect but is just the free-field transfer function between the two microphone posi-
tions without headphones. Ideally, a completely open headphones is best suited for
AR based applications as there is no need for any additional processing for natural
listening of external sounds, as discussed in Section 4.2. On the other extreme,
completely closed headphones can also be used in the NAR headset by capturing
the external sounds, process and play back from emitter but at the cost of increased
computational load and modified natural sounds content. But this would also mean
giving more control to the listener and external sounds can be turned off if external
sounds are noisy or unwanted. However, almost all commercial headphones available

in the market are in between these two extremes and thus, may require some active
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and /or passive techniques to make it closer to perceptually acoustically transparent.
Schobben and Aarts showed in [139, 140] that high frequency attenuation in open
headphones can be partially compensated by replacing the headphone ear pads by
an acoustically transparent foam type material. Making closed headphones acousti-
cally transparent is not straightforward due to direct sound leakage of headphones
resulting in comb-filtering effect and very low latency requirement.Fortunately, di-
rect sound reaching eardrum itself is delayed slightly (especially for closed head-
phones) and it has been found experimentally that with delay of 0.5-3 msec and
average attenuation of 12-17 dB for speech, piano and drum signals can still result
in inaudible comb-filtering effects [144]. Héarma et. al. [136] developed a generic
equalization method to compensate for the closed in-ear type headphones isolation
by capturing the external sound using an external microphone and playing back
through earphone after filtering through an equalization filter. Similar to [136],
with the help of external microphone in our NAR headset, high frequencies can be
boosted to compensate for the headphones isolation. In our studies, it was found
that headphone attenuation depends on source content (i.e., frequency) as well as
azimuths (source incoming direction). Therefore, it needs to be investigated if a real-
time compensation based on the two microphones signals in NAR headset would be
more appropriate for headphone isolation compensation. Real-time compensation
for headphones (especially open headphones) would be really hard as direct sound
will reach ear drum faster as compared to closed headphones. With today’s ad-
vanced ADC/DAC conversion latency in the range of tens of microseconds, overall
latency with processing is still achievable within the inaudible range of 0.5-3 msec.
In addition, attenuation for open headphones mainly occur above 6 kHz with atten-
uation of 10-15 dB, compensation may only be applied in higher frequencies. It is
the subject of further research on perceptual comb-filtering effect only due to high
frequencies. Furthermore, detailed perceptual analysis of the headphones effect in

long-term listening needs to be studied and listeners can be expected to become
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Figure 4.6: Case II: Only Virtual source present scenario and corresponding signal
flow block diagram

accustomed to a somewhat modified direct sound spectrum based on past studies
[145]. In this work, we primarily focus on the adaptive equalization methods for
personalized virtual sound source reproduction over headphones presented in the

next two subsections.

4.3.4 Case 1I: Only virtual source present

To enable natural listening via headphones for virtual sounds, it is required to re-
produce exact replica of real signals at listener’s ears as in natural listening for
external sources. To achieve this, desired binaural room impulse response (BRIR),

hY

v +(n) (superscript v represents virtual sound reproduction), which must be mea-

sured for each and every individual in the same environment as listener’s, are re-
quired to create an illusion that virtual source is perceived similar to real sources.
In addition, A} ,(n) must be equalized to compensate for the individual HPTF, an
electroacoustical transfer function measured at the listeners’ ears as impulse re-
sponse hy,(n). HPTFs are also unique for every individual and modify the intended
sound to be reproduced in an undesired manner. In a recent study on the effects
of headphone compensation in binaural synthesis by Brinkman et al. in [146], it
has been found that only individualized headphone compensation is able to com-

pletely eliminate the audible high frequency ringing effects as against non-individual
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and generic headphone compensation. In short, both individualized desired transfer

function (H}

¥ .(2)) and individualized headphone equalization are necessary for the

NAR headset to accurately replicate the physical sound spectrum virtually.

Figure 4.6 shows the scenario with only virtual source present along with the
corresponding signal flow block diagram. A virtual source can be placed anywhere
in the virtual auditory environment by convolving monoaural virtual signal, x(n)

with the desired BRIR hY

v .(n) based on the intended position (direction, distance)

of virtual source resulting in desired signal d(n) at m;,,. With the NAR headset,
the virtual source signal, x(n) is first convolved with an equalization filter, w(n),
to compute secondary source signal, u(n) and subsequently, passed through the
inherent HPTF filter,hs,(n), before reaching listeners’ ear. w(n) is estimated as

convolution of A} ,

(n) and inverse filter of hy,(n) such that the virtually synthesized
signal, x;,;(n) at m;,; approaches the desired signal, d(n). In this sub-section, we
are mainly focusing on the individual binaural headphone compensation assuming
that individualized set of BRTFs measured in the listener environment are avail-
able in the database. The proposed NAR headset has an advantage over most of
the current headphones in the market. This is due to individualized headphone
equalization, which is possible because of the two internal microphones attached as
hpp(n) can be measured and compensated for every individual. Usually, the head-
phone equalization requires inversion of the HPTF, which need not necessarily exist
and regularization techniques are used to avoid large boosts [147]. But regularization
can also convert a causal minimum-phase inverse filter into one with non-minimum
phase characteristics, which can create audible distortions like pre-ringing effects
[148]. Another widely used alternative and generally the most effective approach
is to use adaptive algorithm like, filtered-x least mean square algorithm (FxLMS),
where an estimate of hp,(n) is placed in reference signal path for weight update to
ensure convergence and stability [149]. This type of adaptive process is termed as

adaptive equalization, since equalization filter, w(n) is adapted to any time-varying
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Figure 4.7: Conventional FxXNLMS Block Diagram for virtual source reproduction
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changes in the individual HPTF due to headphone repositioning or even change of
listener. Therefore, fast convergence and minimum steady state mean square er-
ror (SS-MSE) of the adaptive process is very crucial for the performance of NAR
headset. In addition, minimum spectral distortion (SD) is required to ensure sim-
ilar spectral variation between the desired and estimated secondary path transfer
function, while preserving the pinnae cues crucial for localization. Fast convergence
will also ensure that virtual signal captured by the error microphone (m;,;) con-
verges to the desired signal as quickly as possible. FXLMS usually suffers from slow
convergence and can be improved by its normalized version (FxNLMS). Figure 4.7
shows the block diagram of conventional FxNLMS for virtual source reproduction.
In the case of adaptive equalization presented in this chapter, signals are electrically
subtracted unlike the FxNLMS algorithm used in conventional ANC applications
of acoustic duct and ANC headset, where primary signal is acoustically summed at

the error microphone. The FxNLMS algorithm is expressed below:

x'(n)

M P

e(n) (4.2)

where w(n) is the coefficient vector of w(n) with length L, and x'(n) = ['(n) 2/'(n —
1)...2'(n—L+1)]" is the set of current and past (L—1) samples of filtered reference
signal #'(n) at time n.|| . |* represents the norm-2 of the vector. Optimum value of

the equalization filter w(n) is achieved when the expectation of the squared error,
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e(n) approaches zero and can be found as:

We(z) = Z,Z((j)) | (4.3)

It should be noted that the required number of filter taps for the equalization filter
can be large because of the fact that desired signal, d(n), may contain the additional
delay due to the distance and room acoustics stored in the desired impulse response,

By

v.(n). As larger filter taps will improve the accuracy of the adaptive process by

closely following the desired signal, it also slows down the convergence rate at the
same time. Since fast convergence being one of the stringent requirements for our
system performance with the SS-MSE, we propose a modified version of FxXNLMS,

as shown in Figure 4.8. The secondary path of the adaptive process is modified by

v

v.e(n), and a forward delay (A) is also introduced

including an additional filter, h
in the primary path to take into account for the overall delay (A/D, D/A, process-
ing) of the secondary path. As discussed in the subsection 4.3.2; transfer function

measured just outside the ear cup, H

v . (z), contains all the spatial information of

the human torso, head, as well as environments without the pinnae and headphone
shell reflections. By using this prior-information in estimating the desired signal, the
adaptive process is simplified with shorter adaptive filter length and subsequently,

faster convergence. As compared to the conventional FxNLMS approach, virtual

v

v +(n) before passing to the equalization filter w(n).

signal is first pre-filtered with h
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Using this approach, we are trying to emulate the natural listening process by using
an estimate of virtual signal at mey, i.e.2(n), to reproduce the replica of real
sound alike at listeners’ ear, as shown in Figure 4.8. Equalization filter weights will

be optimum when square of the residual error is minimized:

E[e*(n)] =0 = d(n) — zim(n) =0, (4.4)

where d(n) is defined as:

d(n) = h;

int

(n) *z(n — A). (4.5)

Substituting (4.5) into (4.4) and transforming into Z domain:

X(2)H;

int

(2)272 = X (2)H?

ext

(2)W?°(2z)Hpp(z) = 0. (4.6)
By simplifying (4.6), the optimum equalization filter can be expressed as:

Hzpnt(z>ziA . H}lz)e(z)ziA

He(2) Hip(2) — Hip(2)

Weo(z) = (4.7)

where H},(z) is the headphone effect transfer function for virtual sound reproduction
denoted by the superscript, v. Therefore, the difference between the optimal solution
of conventional FxNLMS in (4.3) and (4.7) is due to the filter h?,,(n) and the forward
delay in primary path. Delay in the primary path must be at least equal to the
secondary path delay for a feed-forward adaptive filter to converge [149]. Weight
update equation for the modified FxXNLMS approach is expressed similarly as in

(4.2), except that the filtered reference signal is now defined as follows:

A~

z'(n) = hpp(n) * Tege(n), (4.8)

where hy,(n) is an estimate of the secondary path transfer function (HPTF), which

is estimated offline by playing a test sequence through the headset and recording the
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Figure 4.9: Comparison between Conventional FxXNLMS and Modified FxNLMS
for 40° azimuth (Top: Ipsilateral ear; Bottom: Contralateral ear)

response at internal microphone. As in ANC, FxNLMS algorithm converges with

the limit of 90° phase error between hy,(n) and hy,(n) [149)].

4.3.4.1 Case II results: Conventional FxNLMS Vs Modified FxNLMS

In this sub-section, we compare the performance of the modified FxNLMS with
the conventional FxXNLMS method. A white noise sequence of 1 second duration is
used to estimate the adaptive filter in both methods. Length of impulse responses,

By

wnt

(n) and h?

ext

(n), are set at 1024 taps, and 256 taps are used for hp,(n). Longer
filter length for the desired responses is required to account for the distance and
reverberations. The equalization filter lengths are set at 1024 taps and 256 taps for
the conventional FxXNLMS and the modified FxNLMS, respectively. A step size of
0.1 is chosen for both the algorithms.

Figure 4.9 compares the performance of the two approaches. Three main per-

formance criteria used in this chapter are the faster convergence rate, minimum
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SS-MSE, and minimum SD. As shown in Figure 4.9, conventional FxNLMS suffers
from slow convergence rate as expected. SS-MSE for both the approaches do not
differ much from each other, as can be seen in Figure 4.9 (a) and (b). Besides, we can
also objectively quantify the spectral error between reference and estimated trans-

fer functions using a widely used objective metric [150, 151] i.e., spectral distortion

(SD) score:

1 & HI
SD = E,; (2010g 'H\ i ) [dB], (4.9)

)
where H(f) is the magnitude response of reference primary path transfer function,
H(f) is the secondary path estimated transfer function, and K is the total number
of frequency samples in the observed range (100 Hz — 16 kHz). Secondary path
transfer functions for conventional FxNLMS and modified FxNLMS are expressed,

respectively as:

Seonv(2) = Weono(2)Hpp(2),  and (4.10)

Smod(2) = Hpi(2)Winod(2) Hip(2)- (4.11)

Figure 4.10 shows the spectral distortion scores for low frequency (below 1.5 kHz)
and high frequency (above 1.5 kHz). To clearly demonstrate the difference between
the two approaches, simulation is stopped after 0.2 second and SD scores using (4.9)
are computed at this instance. It is clearly observed that mean spectral distortion for
the conventional FxXNLMS is much higher than the modified FxNLMS, especially at
low frequencies. Even at higher frequencies, modified FxNLMS has higher accuracy
than the conventional FxXNLMS for most of the azimuths except for some source
positions. It should also be noted that spectral distortion is considerably greater for
ipsilateral ear than the contralateral ear for both approaches. This might be due

to the pinna effects being more pronounced at the ipsilateral ear. Although, the
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Figure 4.10: Spectral distortion comparisons for both the approaches over 0 to
180° azimuths (Top: Ipsilateral ear; Bottom: Contralateral ear)

modified FxNLMS has faster convergence rate as well as better accuracy for most
azimuths, larger spectral deviations in higher frequencies can significantly affect
the NAR headset performance and may result in higher SS-MSE for some of the
azimuths. Based on above observations, a hybrid adaptive equalizer (HAE) is also
proposed by combining both the above approaches to obtain an optimum steady

state performance of the adaptive algorithm for all azimuths.

4.3.4.2 Hybrid Adaptive Equalizer (Hybrid FxXNLMS)

The conventional FxNLMS suffers from slow convergence and generally requires
large filter order for equalization filter to converge to the optimum solution. The
modified FxXNLMS uses an additional pre-filter in secondary path, which contains
most of the spatial information of the primary path. This ensures faster convergence
of the adaptive process. High spectral distortions have been observed for the con-
ventional FxXNLMS in low frequency, while modified FxXNLMS has relatively larger

errors in high frequency regions for some source positions. The proposed hybrid
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Figure 4.11: Block diagram of hybrid FxNLMS using conventional FxXNLMS and
modified FxXNLMS algorithm

FxNLMS uses simple combination of both the conventional and modified FxNLMS
structures discussed above, which can result in significant steady state performance
improvements as well as fast convergence most of the times [152]. The block diagram
for the hybrid FxNLMS is shown in Figure 4.11. The secondary source signal u(n) is
generated using outputs of both the conventional FxNLMS equalization filter wy(n)
and the modified FxNLMS equalization filter ws(n). As shown in Figure 4.11, the
equivalent equalization filter w(n) has two reference inputs: x(n) as the virtual sig-
nal, and z..(n) is the virtual signal estimated at the reference microphone (mey;).

Filtered versions of the two reference signals 2’(n) and z.,,(n) are used to adapt the

ext
filter coefficients w;(n) and we(n), respectively.
The secondary signal u(n) is computed by the equivalent equalization filter w(n),

which consists of the two adaptive filters’ length of Ly and L, respectively, for w;(n)

and wq(n) as:

u(n) = wl (m)a(n) + Wh (n)zeae(n), (4.12)
where
x(n) =[z(n)z(n—1)........... z(n— Ly + 1)|", (4.13)
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and

Xext (1) = [Text(N) Tege(n — 1), Tegr(n — Ly + 1)]7. (4.14)

The hybrid FxNLMS algorithm for the weight update of the two filters is expressed

N X(n)
(04 1) = walo) + () (1.15)
and
W2<n+1>=w2<n>+u”f’“((”>)” e(n) . (4.16)

Weight update equation (4.15) corresponds to the conventional FxNLMS with only
difference in the calculation of residual error signal (delayed version) as defined by
(4.4) and (4.5), while weight update for wy(n) is same as the modified FxNLMS.
The main purpose of the hybrid approach is to take advantage of both the adaptive
processes so as to minimize the residual error. Ideal solution for w(n) is derived

using (4.4) and (4.5) as

X(2)Hy(2)27% = U(2)Hiy(2) = 0. (4.17)

Taking Z transform of (4.12) and substituting into (4.17) results in

X(2)H;

int

(2)27% — X(2)W°(2) Hpp(2) = 0. (4.18)

W (z) is an equivalent equalization filter representation for the HAE and expressed

as:

W(z) = Wi(2) + HZpy(2)Wa(2). (4.19)
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Thus from (4.18), the optimal solution of equivalent adaptive filter, W°(z) is similar

to that of conventional FxNLMS with an additional delay term:

H? (2)z=5

Wie) = Z;}hp(z)

(4.20)
Therefore, the optimal solution of the hybrid FxNLMS can be written as linear
combination of optimal solutions WY (z) and W5 (z) for the conventional and modified

FxNLMS approach, respectively:

W?(z) = aW7(z) + BHE, (2)W5(2). (4.21)

such that,

a+ =1, 0<a, p<1 (4.22)

The values of o and 3 are inherently determined by the adaptive algorithm such
that the residual error is minimized. Next, we will discuss the performance of
the presented HAE and compare the results with the conventional FxNLMS and
modified FxNLMS.

4.3.4.3 Case II Results: Hybrid FxXNLMS Vs Others

In this subsection, we compare the performance of the proposed hybrid FxNLMS
with the conventional and modified FxNLMS algorithms. Same number of taps
for the two filters, W?(z) and Wg(z) are used, as in subsubsection 4.3.4.1. Fig-
ure 4.12(a) shows the residual error for the hybrid FxNLMS. Comparing the results
with that of Figure 4.9, the hybrid FxNLMS performs much better as compared to
conventional and modified FxNLMS with optimum MS-SSE. Moreover, its conver-
gence rate is also much faster than the conventional FxXNLMS but slightly slower
than the modified FxXNLMS. Spectral distortion scores versus time plots for three

headphone placements (HP1-3) are shown in Figure 4.12(b). For the first two head-
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Figure 4.12: Hybrid adaptive equalizer performance for 40° azimuth
(Top: Ipsilateral ear; Bottom: Contralateral ear)

phone placements, headphone was slightly adjusted, while in the third placement
headphone was lifted and placed back on the ears. Clearly, the proposed hybrid
approach is also robust to headphone placements while its SD converges to the op-
timal solution in all cases. It was also found that adaptive equalization performs
better than fixed headphone equalization with 7-8 dB higher error reduction. Spec-
tral distortion scores for the three approaches are shown in Figure 4.13 computed
at two time instants of 0.2 second and 1 second. Since conventional FxNLMS has
the slowest convergence rate, the residual error cannot be completely converged af-
ter 0.2 second and results in larger spectral distortion. On the other hand, hybrid
approach has the least spectral distortion, as shown in the Figure 4.13. For longer
noise sequence of 1 second, when steady state performance is reached, relatively
larger spectral differences is observed between conventional and modified FxNLMS
approach, whereas the hybrid FxXNLMS has the best overall performance, as shown

in the right side plots of Figure 4.13. Mean steady state error attenuation for the
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Figure 4.13: Spectral distortion score comparisons: Hybrid FxNLMS versus oth-
ers (Top: Ipsilateral ear; Bottom: Contralateral ear)

hybrid FxNLMS across all azimuths was found to be around 25 dB and 28 dB for the
ipsilateral and contralateral ears, respectively. Finally, we show the SD scores for
elevated sources in Figure 4.14. Target impulse responses for the adaptive equaliza-
tion were measured at 0°,15%,30° and 45%levated positions for 4 different azimuth
positions (0°,40°,80° and 120°). As shown, mean SD score for the ipsilateral ear
for all the angles is within 5 dB, while it is less than 2 dB for the contralateral
ear. Spectral distortion is clearly more pronounced for the ipsilateral ear, especially
when source is one side of the dummy head and directly facing the ipsilateral ear
(See Figure 4.14 (b) for 80° azimuth). Due to the fast converging speed of the hybrid
FxNLMS, estimated responses are closely tallied to the desired response for most
of the source positions with optimum SS-MSE and SD. The high frequency pinnae
cues, which are primary cues for the sources in the front as well as elevation, have

also been preserved in the virtually synthesized responses.
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Figure 4.14: Spectral distortion score for Hybrid FxXNLMS for elevated sources

4.3.5 Case III: Both virtual and real source present (Aug-

mented reality): HAE with online adaptive estimation

In this section, we present the most general case for augmented reality with virtual
and real sounds being intermixed. As explained earlier, augmented reality requires
virtual sources to be coherently fused with the real source and surroundings such
as to create an illusion of virtual sources being perceived as one of the real sound
sources. Figure 4.15 shows this scenario along with the corresponding signal flow
block diagram. In an ideal case with virtually no headphones present, virtual source
after passing through the target response is acoustically added with real signals
reaching the listeners’ ear, as shown in Figure 4.15. But the HPTF colors the in-
tended sound spectrum and thus, virtual signal must be equalized before playing
back through the headphones. We presented the HAE for virtual source reproduc-
tion in the previous section, ensuring that there is no difference between the real
and virtual source signals. In this scenario with NAR headset, real signal is also
captured by the internal error microphone (m;,;) simultaneously with the synthe-
sized virtual signal, as shown in the block diagram of Figure 4.15. In addition to
the external sounds, leakage signal, [(n) from inside of headset is also captured by

the external microphone, with hj.(n) as the headphone leakage impulse response
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measured at m.,;. Leakage signal is assumed to be negligible with more than 20
dB attenuation to playback level at ear opening. However, the real signal 7;,,(n)
can hamper the adaptive equalization for w(n) by acting as interference to the sys-
tem. Figure 4.16 shows the plots for residual error of the hybrid FxNLMS with
and without real source present. Two uncorrelated random noise sequences are used
in simulation for the virtual and real source. Clearly, due to the presence of real
signals, the hybrid FxNLMS cannot reach the optimum solution and subsequently,
resulting in roughly 14 dB lesser reduction in steady state than the case with no
real source. Therefore, the effect of real signal must be removed from the adaptive
process; otherwise it might result in large steady state error depending on the energy
and nature of external signals.

In augmented reality, both real and virtual sounds are equally crucial for an
immersive experience and therefore, either of them must not interfere with each
other to reproduce a natural superposition. In this respect, the acquired real signal
Tint(n) must be removed from the adaptive process of w(n). There are two ways to

compute an estimate of the signal 7;,,(n) using the real signal received at m., i.e.

Text(M):

1. With the help of pre-computed hy.(n): As explained in subsection 4.3.3, hp.(n)

represents the headphone-effect transfer function from me,; to m;,;, an exact
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Figure 4.16: Residual error plots for hybrid FxNLMS with and without real
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is coming from 40° azimuth and added to virtually reproduced signal
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estimate of 7,,(n) is computed from 7..4(n) as:

Tint (1) = Tezt (1) * hpe(n). (4.23)

But in practice, the precise location of external sound is not known and hence,
a filter averaged over entire azimuths has to be used instead of the exact hj.(n)

as:

Tint(N) = Tegt(N) * Ppe gug(N). (4.24)

The headphone-effect transfer function hj(n) is computed as off-line adaptive

estimation using the FxNLMS algorithm.

2. Using an online adaptive process to estimate 7,,(n) from r..(n): It has been
observed that hp.(n) varies considerably with head movements. Therefore,
online adaptive estimation of hs.(n) can give better estimate of r;,;(n) instead

of using an average filter hpe 04(n).
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Figure 4.17: Block diagram of hybrid adaptive equalizer with online adaptive
estimation of 7,,(n)

We further, extend the hybrid FxXNLMS with online adaptive estimation of real sig-
nal, as shown in Figure 4.17. The adaptive equalization filter w(n) is the equivalent
representation of the HAE given by (4.19). As discussed in the previous section,
equalization filter w(n) comprises of two adaptive filters wi(n) and wq(n) corre-
sponding to the conventional FxXNLMS and modified FxXNLMS algorithms, respec-
tively. As shown in Figure 4.17, w,(n) is adapted to generate an estimate of r;,:(n),
Tine(n) and added to d(n) from which the acoustically superimposed signal y;,:(n)

is subtracted. After 7;,,(n) has converged, we obtain the residual error signal as:

where y;n¢(n) is defined as

Yint(n) = Tint(N) + Tine(n). (4.26)

Substituting (4.26) into (4.25) and re-arranging,

¢'(n) = {d(n) = zin(n)} + {=rine(n) + Fine(n)} - (4.27)

Hence, the residual error signal consists of two separate error signals. The first
term in RHS of (4.27) is the error signal for hybrid adaptive process defined by

e(n) in (4.4), while the second term is the negative error signal due to the online
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adaptive estimation of 7;,,(n). The optimum solution of adaptive estimation process
is derived when 7y, (n) = r(n), or
Text(N) * W (M) = Tine(n). (4.28)

Taking the z-transform of (4.28) , the optimum control filter w,(n) is expressed as

Rini(2) _ Hin(2)
Rezt(z) Hext<z)

W?(z) = = Hp(2). (4.29)

Thus, optimum control filter is simply the headphone-effect impulse response. Weight
update equation for the two control filters in HAE is defined as in (4.15) and (4.16),
whereas weight update equation for the control filter w,.(n) is defined using the LMS

algorithm as

We(n+ 1) = We(n) — pir Text(n)e' (n). (4.30)

Note that negative sign in the weight update equation (4.30) is due to the way
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error signal is defined in (4.27). Figure 4.18 shows the performance comparison
of the HAE with and without adaptive estimation. Clearly, with the proposed
adaptive estimation, the performance of the hybrid FxXNLMS is very close to the one
without any real source present, as observed in Figure 4.16(a) and Figure 4.18(a).
With off-line estimation i.e., using an average filter, the steady state error increases
especially for the ipsilateral ear. However, the approach with offline estimation still
performs much better than the one without any estimation (See Figure 4.16(b) and
Figure 4.18(b)). A perceptual validation of the hybrid FxXNLMS is carried out via

subjective study, which is explained next in the next section.

4.4 Listening Test

The goal of the NAR headset is to reproduce augmented reality contents such that
users cannot distinguish whether the sounds are coming from physical sources/environments
or from the NAR headset. A listening test was conducted to subjectively validate the
proposed HAE approach using individualized BRIRs. Three main research questions

were asked in following listening tests:
e Naturalness: Does virtual sound perceive natural?

e Sound similarity: Does virtual sound perceive similar to the real source i.e.,

sound coming from physical speakers?

e Source position similarity: How close is the virtual source position in 3D

space as compared to real source?

The setup used for the listening test is shown in Figure 4.19. Listener wearing the
NAR headset prototype is surrounded by 7 Genelec 1030A loudspeakers. Five of the
speakers are in azimuth plane (3 in the front and 2 in the rear), while two speakers
are elevated at 30° in the front hemisphere. All the loudspeakers were positioned at

a distance of 1.2 m away from the center of listener’s head. Two MOTU Ultralite
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u(n)
C- 4D

Figure 4.19: Listening test setup ( % . Elevated speaker; 2 ;. Azimuth speaker)

soundcards were used to interface with the 7 loudspeakers, 2 channels of AKG
K702 headphones and 4 AKG C417 microphones. Three different listening sets were

carried out as follows:

e SET 1: Perceptual similarity test between speaker and headphone playback

of a male speech signal.

o SET 2: Perceptual similarity test between real and virtual mixing of two

male speech signals.

o SET 3: Perceptual similarity test between real and virtual superposition of

a speech signal with ambient sound.

Individualized BRIRs were measured for each of the seven speakers at both the
binaural microphones’ positions (m;,; and m.,;) attached through the NAR headset,
as shown in Figure 4.19. Head tracker was mounted on the NAR headset to help
subjects to maintain still head position during measurement process. Subjects were
asked to repeat the measurement if they moved their head more than 5° in any
of the three degrees of freedom. Individual HPTFs were compensated for with

the measured individualized BRIRs. White noise sequence was used to train the
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adaptive filters offline using the proposed hybrid FxNLMS presented in this work.
In each of the sets, listeners were presented with a pair of stimuli, one of them is
played over physical speakers, while other can be either played over headphone as
virtual source or physical speaker serving as hidden anchor.

In SET 1, a 4 second male speech signal was used to evaluate the similarity
between real and virtual playback. Speech signal is played through all the seven
loudspeakers for real playback, while same speech signal is convolved with the head-
phone equalized filters for virtual playback for the left and right ears using (4.12).
Hybrid FxNLMS for Case II presented in subsection 4.3.4 was used to obtain the
equalized filters. The virtually synthesized secondary source signal, u(n) for both
the ears was subsequently played back over headphones, as shown in Figure 4.19.
Two additional pairs were included in this set as hidden anchors with both the
stimuli played over speakers, resulting in a total of 9 test pairs.

In SET 2, a scenario is created, where two persons are having a conversation.
Thus, two male speech signals (each around 3.5 seconds long) were played back
from two different directions one after another, thereby merging the two signals.
Three pairs of loudspeaker configurations were chosen for the playback, namely,
front left-front right (A-B), rear left-rear right (C-D), and elevated left-elevated
right (E1-E2). For real playback, the two speech signals are played through each
of the 3 loudspeaker pairs. For virtual playback, first speech was played through
speaker, while second speech was played over headphones, and vice-versa. Thus, two
virtually synthesized tracks were computed for each set of three pairs, in which one
of them is played over speaker and the other is rendered virtually over headphones,
while keeping the order of speech signals fixed. Thus, a total of 8 virtual signals
were used in SET 2 including two hidden anchor pairs of both real sounds.

In SET 3, a male speech signal is superimposed onto ambient sounds of length
around 6 seconds. In this scenario, two configurations are chosen for the superpo-

sition of speech signal. In the first configuration, ambient signal is played over two
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Figure 4.20: Source confusion % for the three listening sets

frontal loudspeakers A and B, while all four surrounding loudspeakers in horizon-
tal plane (A, B, C and D) were chosen for the ambient signal playback in second
configuration. Speech signal was played from front loudspeaker position, F for both
real and virtual playback. For real playback, both the speech and ambient sound
track is played through the loudspeakers. For virtual playback, the proposed hybrid
FxNLMS with adaptive estimation of real ambient signals presented for Case III
in subsection 4.3.5, was used to obtain the headphone equalized filters. The pre-
recorded ambient signals (7;,¢(n) and 7., (n)) were used to remove the effect of real
signals from the hybrid adaptive equalizer. The speech signal was then convolved
with the equalized filter, and played back over the headphones simultaneously with
the real ambient signals playing from the surrounding loudspeakers. An additional
pair was constructed for each configuration with equalized filters computed using
the hybrid FxXNLMS in Case II with no real source present. The main objective here
is to evaluate whether the adaptive equalization in the presence of external sounds
(i.e., Case III) performs as good as with no external source present (i.e., Case II).
Thus, there were total of 5 pairs used in this listening set including one hidden

anchor.
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4.4.1 Listening test results

The listening test was conducted in a small quiet room with reverberation time
of around 80 milliseconds. In all the listening sets, BRIRs were truncated to 50
milliseconds so as to include all the early reflections and most part of the late
reverberations of the listening room. Order of the pairs in each listening set was
randomized. Listeners were asked three questions for each randomly assigned pair.
First question asked to subjects was to identify which of the two sounds are real,
d.e. coming from physical speaker. They were given the option of either choosing
one of the two sounds or “both” if they perceive both sounds as natural. Similar
subjective rating was used in [153] to do the pairwise comparison of two audio
samples. Secondly, they were asked to rate the similarity of the two sounds on
a scale of 0-10 from “completely different” to “same”. The main purpose here is
to quantify the difference between real and virtual sounds, if any. Finally, they
were also specifically asked to rate the proximity of the two sounds in 3D space
on a scale of 0-10 from “very different” to “same”. The subjective ratings of the
last two questions were decided based on some of the past works on A/B pairwise
test to study the perceptual similarity of audio signals [154, 155]. These tests were
mainly conducted for evaluation of blind source separation or different audio coding
algorithms. There were a total of 22 pairs of audio tracks used in the listening test
(9 pairs in SET 1, 8 pairs in SET 2 and 5 pairs in SET ). All the participants
in the listening test were given training prior to the actual listening test to learn
what is real source and what is virtual source. During the training, they listened to
both the real (i.e., sound coming from physical speaker) and virtual (sound coming
from headphones emulating the real source) source for different stimuli used in the
three listening sets. Listener’s head movements were also restricted during the entire
duration of the listening test. A total of 18 subjects participated in the listening test
comprising of 3 females and 15 male subjects. Two subjects were discarded as the

similarity ratings for the hidden anchors with identical stimuli were given score less
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than 8. We will now discuss the listening test results based on the three research

questions we want to answer in this study.

Naturalness: Naturalness of the virtual source is evaluated based on response of

the first question, where subjects were asked to select the real source among
the two sounds or both if they perceived both sounds to be natural. Here,
the term ‘natural’ refers to the case when subject is listening to the physical
objects existing in the real world. Source confusion (i.e., virtual source is being
confused with real source) is used as a measure of naturalness of the virtual
source compared to sound coming from speakers. Source confusion can occur
in two of the three possible scenarios: (1) subjects chose virtual source as
real instead of real source, and (2) subjects perceived both virtual and real
sounds as natural and marked “both” as the response. Thus, if virtual sound
was reproduced very close to real sound, it was expected to have a very high
percentage of responses for the “both” option. Figure 4.20 shows the source
confusion for the three listening sets estimated in percentage as sum of the

two scenarios. As shown, for all the three listening sets, in more than 75% of
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cases, subjects identified both sounds as real implying virtual sound perceived
natural. On the other hand percentage responses for the first scenario was
very low, where subjects might have found real source colored and they chose
virtual sound as real instead. Overall, very high source confusion of around 90
% is observed for all the listening sets, where subjects marked virtual sound
as real. It was also interesting to note that source confusion increases further
with increased number of external sources as for SET 2 and SET 3. One way
ANOVA test was conducted to test the significance of reference-test pairs in
each set across subjects. It was found that there were no significant variations
among loudspeaker positions in SET 1 [F(6,105) = 0.68,p = 0.67], speaker
pairs in SET 2 [F(5,90) = 1.27,p = 0.29] and different configurations in SET
3 [F(3,60) = 0.69,p = 0.56].

Sound similarity: Figure 4.21(a) shows boxplots for subjective ratings of the
perceptual similarity between real and virtual sounds for all the three sets.
Center line in the box represents the median value, while edges of the box
are 25 and 75 percentiles responses. Top and bottom lines represent the ex-
treme subject responses, while outliers are shown in red. In SET 1, most of
the subjects found virtual sound highly similar to the real sound source with
median of subjective ratings lying in the range 8-10 for all the loudspeaker po-
sitions. However, fewer subjects could easily perceive difference between the
two sounds. Using the one way ANOVA test, differences in mean scores for
different loudspeaker positions across all subjects were found to be insignif-
icant [F(6,105) = 0.98,p = 0.44]. Similar to the source confusion, sound
similarity further increased with increased number of sources and even in the
presence of ambient sounds. Almost all the subjects rated the two sounds as
highly similar with mean subjective ratings of 9.19 and 9.13 for SET 2 and
SET &, respectively. Different loudspeaker pairs in SET 2 were also found to

have insignificant variations in their mean scores [F(5,90) = 0.82,p = 0.54].
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In addition, no significant differences were found between the two adaptive
equalization methods used in SET & with [F(1,30) = 0.05,p = 0.83] and

[F(1,30) = 0.21,p = 0.65] for the 2 and 4 ambient channels, respectively.

Source position similarity: Subjects were asked to compare the position of the
two sounds and rate them based on their proximity in 3D space in terms of
direction, distance and height. Figure 4.21(b) shows the boxplot for the sub-
jective ratings of source position similarity. Rating of “very close” indicates
that the two sounds presented are very close to each other in 3D space, while
rating of “very different” meant one of the sources may be located in com-
pletely different position possibly due to front-back confusions or even in-head
localizations. This can be observed for SET 1 in Figure 4.21(b) with couple
of subjects giving “different” score. In general, source position similarities
were observed very high with mean rating of 8.26, i.e. the two sounds are
perceived very close to each other in 3D space. Similar to the previous two
attributes, source position similarity increases further with increased number
of sources and mean subjective ratings were found to be 9.1 and 9.3 for SET 2
and SET 3, respectively, implying close proximity of the two sounds. However,
few outliers were also observed with rating of “different” for SET 2. One way
ANOVA results for the effect of reference-test pairs in each set across sub-
jects showed that no significant variations were observed among loudspeaker
positions in SET 1 [F(6,105) = 0.89,p = 0.51] and speaker pairs in SET 2
[F(5,90) = 1.46, p = 0.21]. Furthermore, adaptive equalization for Case II and
[T have no significant differences in their ratings with [F'(1,30) = 0.4, p = 0.53]
and [F'(1,30) = 0.85,p = 0.36], respectively for 2 and 4 ambient channels,
which indicates that proposed adaptive equalizer performs equally well, even

in the presence of external sounds.

Table 4.1 summarizes the mean subjective ratings with their 99 % confidence interval

for sound similarity and source position similarity. Clearly, virtual sources were
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Table 4.1: Mean subjective scores along with their 99 percentile intervals for the
three listening sets

Attribute SET1 SET 2 SET 3
Sound similarity 8.44 9.19 9.13
(7.89 - 9.02) (8.59-9.79) (8.61-9.65)
Source position 8.26 9.09 9.28
similarity (7.33-9.19) (8.32-9.87) (8.77-9.78)

found to be highly similar (barely distinguishable), as well as very close to the
real sources in 3D space using the NAR headset. It was also interesting to find
correlation among the three sound source attributes studied above. High similarity
between the two sounds also meant that they are very close to each other in 3D space
and vice-versa for most subjects, but very close proximity in space doesn’t always
mean they are highly similar as reported by few subjects. In addition, naturalness of
the virtual sound does not necessarily imply that the two sounds are highly similar
or are very close to each other in 3D space. Nevertheless, high sound similarity and

source position similarity indeed resulted in virtual source being identified as real.

4.5 Conclusion

In this chapter, we presented a new approach in reproducing natural listening in
augmented reality headsets based on adaptive filtering techniques. The proposed
NAR headset structure consists of an open ear cup with pairs of internal and external
microphones. Based on the study of different headphones isolation characteristics,
it was found that headphones with open design are more suitable for AR related ap-
plications, as they allow direct external sound to reach listeners’ ear without much
attenuation. However, for closed-end headphones or less open headphones, addi-
tional processing should be applied to compensate for the headphone isolation using
the same sensing units. Based on the amplitude/spectral difference between the
two microphone signals, a pair of compensation filters can be applied to make the

headsets acoustically transparent. This has been identified as an extension of the
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current prototype. For virtual source reproduction via binaural synthesis, individual
headphone equalization is applied using adaptive algorithms to compensate for the
HPTFs. Modified FxNLMS is proposed with additional spatial filter introduced in
the secondary path to improve the convergence rate. However, it is observed that
the modified FxXNLMS is not able to entirely adapt to the desired response in high
frequencies for some of the source positions, whereas conventional FxNLMS suffers
from spectral distortion in low frequencies. Hence, we proposed a hybrid FxNLMS
to combine the two approaches for optimal performance. Using simulation results,
it was found that the hybrid FxNLMS is superior to both approaches with mean
square steady state error reduction of more than 25 dB for most of the source po-
sitions tested. This implies that virtual sound is reproduced perceptually similar
as in direct natural listening. Hybrid FxNLMS is further extended with adaptive
estimation of external sounds, as they might interfere with the convergence process.
Therefore, with the help of hybrid adaptive equalizer, NAR headset can be indi-
vidually equalized even in the presence of noisy environments. Listening test was
conducted to evaluate perceptual similarities between physical speaker playback and
virtual headphone playback. Very high source confusion % was observed, which in-
dicates that virtual source sounds quite natural. Subjects could not differentiate
between real and virtual sounds and their positions in 3D space were also in very
close vicinity. Moreover, perceptual similarity between real and virtual sounds fur-
ther increased in an augmented scenario with both real and virtual sources present.
In the next chapter, we address some of the practical limitations of the NAR headset
and proposed extensions of the adaptive equalization techniques presented in this

chapter.
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Chapter 5

Practical Limitations, Solutions
and Extensions of Natural

Augmented Reality Headset

In the previous chapter, we presented NAR headset for augmented reality appli-
cations using adaptive filtering techniques. With the help of adaptive headphone
equalization techniques, NAR headset can be used to create a sense of natural lis-
tening experience in an ARE, where listener can interact with virtual objects while
being continuously aware of the real acoustic environment. In this chapter, we
address issues related to practical limitations of the NAR headset. Furthermore,
we present extensions of the NAR headset for some of the limitations of proposed
adaptive equalization techniques presented in the previous chapter.

This chapter is organized as follows: Section 5.1 gives an brief overview of the
practical limitations of the NAR headset and the proposed adaptive equalization
techniques. Section 5.2 presents fast BRIR acquisition in both static and dynamic
scenarios. In Section 5.3, we extend the adaptive equalization technique used in NAR
headset for any non-stationary virtual signals. Section 5.4 presents fast detection and
estimation HPTF. In Section 5.5, we address the causality issue in online adaptive
estimation of external signals and Section 5.6 concludes the chapter with key results

from the proposed extensions of the headset.
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5.1 Current Practical Limitations Overview

Below is the list of assumptions and limitations of the NAR headset, which are

critical for its practical implementations:

L1.

L2.

L3.

L4.

L5.

It was assumed in subsection 4.3.4 that desired transfer functions (hf,,(n) and

h!.,(n)) are measured in the same environment as listeners’ external environ-

ment (R (n) and heg(n)) to ensure that virtual sources are perceived similar
to real sources. This assumption is particularly important for an ARE, where
both virtual and real sources are present and reproduced virtual source must

contain the temporal and spatial characteristics similar to that of real source.

Individualized desired transfer functions measurements must be used in vir-
tual sound synthesis to ensure presented augmented auditory environment are
well externalized with no front-back confusions. The proposed algorithm in
Chapter 4 only compensates for the individual HPTF such that reproduced

ear spectrum matches the desired individual sound spectrum.

It has been shown that proposed hybrid adaptive equalizer performs well when
adaptive process is trained with stationary broadband white noise source signal
x(n). However, there is no such restriction on signals in real life and adaptive

equalization should work for any type of source signals.

Accurate estimation of secondary path HPTF model Bhp(n) is critical for per-
formance of adaptive equalization in NAR headset, especially for significant
changes in HPTF when headset is refitted or even when different listener uses

the headset.

The proposed HAE with adaptive estimation of real signals does not guar-
antee causality for all source directions and may result in incorrect adaptive

equalization of NAR headset.
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In this chapter, we will address the above five limitations and introduce measures
to overcome the practical limitations. In the next section, we address the first two

issues (L1 and L2) regarding acquisition of BRIRs using NAR headset.

5.2 BRIRs acquisition using NAR headset

One of the primary challenge of the NAR headset is to create a seamless integration
of virtual and real sources in an ARE. For this to happen, virtual source must be
reproduced such that it becomes part of the listener’s environment. The two most

essential attributes required for natural listening in an ARE are:

o Listener’s environment characteristics especially, the early reflections and late
room reverberations: This information is obtained via measurement of room
impulse responses (RIR). It has been widely studied that room reflections and
reverberations play an important role in externalization and naturalness of the

source.

o Individual related spectral cues due to the head, torso, and most importantly,
pinnae: HRIRs contain these spectral cues along with ITD and ILD cues,
which are essential for accurate localization and reduction of front-back/up-

down reversals.

(n) and h?

v.+(n)) used to synthesize virtual

In other words, desired responses (hY,,
source over headphones must emulate the characteristics possessed by the listener
environment, as well as preserve the spectral cues, which are highly idiosyncratic.
The above two attributes can also be measured together for every individual as
BRIRs in the listener environment and subsequently, used in binaural synthesis for
adaptive equalization via NAR headset. It should also be noted that virtual sound

reproduction becomes more critical in the case of ARE, where virtual source is

reproduced alongside the real source. Therefore, there is a natural comparison with
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the real source and any deviation from the real auditory environment can be easily
detected by the listener, which can be unnatural to the listener. Thus, the main
goal here is to obtain BRIRs, which are personalized to each individual, as well as
the inclusion of essential listener environment characteristics.

Acoustical measurements of individualized BRIRs or HRIRs are usually car-
ried out using binaural microphones placed at ear canal entrance with loudspeakers
positioned at different azimuths and elevations. However, these acoustical measure-
ments are a tedious and time consuming process, which makes it difficult to use in
practical scenarios with human subjects. Several other techniques have been pre-
sented in literature for customization of HRTFs to individual without measuring
the acoustical transfer functions. A few statistical methods based on characteriza-
tion of HRTF database using principal component analysis (PCA) were presented
in [69, 70]. PCA analysis of HRTF database reveals that the individual HRTFs can
be sufficiently expressed as linear combination of few orthonormal basis functions.
But the parameters for PCA analysis have to be calculated for each source direction
and listener. Another method of individualization is based on anthropomorphic
geometric model of individual head, but is subjected to errors in head modelling
and measurements [71, 72]. Among existing individualization methods, subjective
tuning of parameterized or generic HRTFs is the simplest way for individualization
with reasonable localization performance [73-75], but it is also a time consuming
process.

With the help of our proposed NAR headset and attached binaural microphones,
we can readily measure the personalized BRIRs in a given listener environment.
However, to overcome the fundamental limitation of conventional method of dis-
crete stop-and-go acoustical measurement, continuous acquisition of HRIRs using
adaptive algorithm normalized least mean square (NLMS) [49, 50] is used in this
work for rapid acquisition of individualized BRIRs. It can be further extended to

recursive least square algorithm (RLS) [156] and other variants of NLMS like propor-
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i) | (k)

Play and Record

Figure 5.1: Measurement set up for single channel continuous BRIR acquisition
with head-tracking

tionate normalized least mean square (PNLMS) [157], variable step-size normalized
least mean square algorithm (VSS-NLMS) [158-160] and affine projection algorithm
(APA) [161] for better performance but at the cost of increased computational com-

plexity.

5.2.1 Continuous BRIR acquisition using NLMS

Typically, HRIRs are measured in an anechoic chamber on a dummy head or human
subject using the binaural microphones placed at eardrum. Excitation signals are
played from the loudspeaker and recorded at the ear opening. It is then repeated
for multiple loudspeaker positions and/or head orientations. Impulse response is
computed using linear deconvolution in frequency domain using spectral division.
Depending on the resolution of desired HRIRs in different directions, measurement
time of this discrete stop-and-go method is reported in order of hours. Sine sweep
signals are most commonly used for estimating the HRIRs in static scenarios and
have clear advantage over other excitation signals in terms of noise, time variance
and non-linear distortions [162]. Since NAR headset is meant to be used for human
subject in real-life scenarios, our goal is to obtain a quick, comprehensive and con-

sistent acoustical measurements via NAR headset for dynamic scenarios. There has
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Figure 5.2: System identification using NLMS [6]

been few works in the recent past to achieve dynamic measurements using moving
microphones or continuously rotating dummy heads or human subjects [78, 163, 164].

We consider here the continuous BRIR acquisition for fast measurements on
human head. Figure 5.1 shows the measurement set up for single channel continuous
acquisition of BRIRs. Binaural signals (y;(k) and y,.(k)) at listener’s ear canal
entrance are captured as the subject continuously rotates in the azimuth plane and
fixed loudspeaker continuously plays the excitation signal, z(k). Using method of
continuous acquisition, one complete rotation of 360° azimuth measurements can
be completed swiftly. NLMS, which is the normalized version of least mean square
algorithm (LMS), is widely used nowadays because of its simplicity and ease of
implementation. It is the most commonly used in acoustic echo cancellation [165]
and identification of the unknown response of time-varying system proposed by
Enzer [49, 50, 163]. Block diagram of the system identification using NLMS is

shown in Figure 5.2 and adaptive filter h(k) is updated iteratively as:

h(k + 1) = h(k) + ———p(k)e(k) . (5.1)

with
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e(k) = y(k) = §(k) +n(k) = (g — h(k)) (k) +n(k), (5:2)

where g is the unknown system impulse response which is estimated by h(k) of
length NV at any time instant k& and p(k) represents the input vector of length same
adaptive filter length. e(k)is the residual error signal used to estimate the system
response (5.1) with n(k) is the undesired environmental and measurement noise.
NLMS uses the normalized step size which is independent of the signal characteristics
and should satisfy the criterion 0 < p < 2 for stability. The optimal step size of
NLMS algorithm is found to be unity in the case of noiseless condition (n(k)=0)
[166]. However, in practice, it is usually recommended to choose smaller step-size
to ensure the stability in presence of environmental noise. Antweiler [6] studied the
stability of NLMS algorithm using the mismatch between system response g and

estimated response h(k) as stability measure, known as distance vector d(k):

d(k) = g — h(k). (5.3)

Under noiseless condition, using (5.2) and (5.3), weight update equation can be

rewritten as:

(d(k)" p(k)
lp(k)1”

The second term in (5.4) can be interpreted as orthogonal projection of distance

d(k +1) = d(k) — p(k) . (5.4)

vector d(k) on to the input signal p(k). It further implies that, distance vec-
tor can be completely eliminated if N successive vectors of input sequence, i.e.
p(k),p(k—1),...,p(k— N + 1) are orthogonal in N-dimension vector space [6, 167].
In other words, if these N input vectors are independent over time, distance vector
will be independent of input vector and adaptive process will optimally converge
after NV iterations in a noiseless environment with g = 1. Therefore, choice of input

excitation signal is also crucial for the convergence and optimal performance of the
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NLMS algorithm. White noise sequence are usually used in acoustic echo cancella-
tion but due to its finite length it does not guarantee orthogonality and results in
non-optimal convergence speed. Perfect sequences (PSEQs) are another class of ex-
citation signals, which are periodic repeated signals, such that their auto-correlation
function becomes zero for its N shifted sequences, i.e., PSEQs with period N are
orthogonal. Thus, PSEQ satisfies the requirement of optimal excitation of NLMS.
Telle et al. [168] proposed a new type of PSEQ, known as perfect sweep signal.
They are preferred for acoustical measurements because of the distortion free mea-
surements even at higher amplitudes as compared to other perfect noise sequences.
Perfect sweep signal is a linear sweep signal with perfectly constant amplitude spec-
trum such that it satisfies the orthogonality requirement of NLMS. The perfect
sweep signal is continuously played over loudspeaker and its period must match the
adaptive filter length N. It is constructed in the frequency domain by keeping the
spectral amplitude constant and designing a linearly increasing group delay, before
taking its inverse Fourier transform. One important characteristic of the perfect
sweep signal is that for periodically repeated sweep signal, highest most frequency
fold back to lower most frequency, which implies continuous transition between two
periods, as shown in Figure 5.3.

With the assumption of linear and broadband transducers, sound propagation
between loudspeaker are continuously rotating subject can be described as a slow
time-varying system with impulse response, hy,.(6;) [50] for azimuth ) at time in-
stant k. Using NLMS, the weight update equation for estimating hy /r(0r) is expressed

as:

Bl/r(ek—i-l) = ﬁl/r(0k> + Hp(,l;)HQp(k)el/T(k> ) (55)

where ¢;/,(k) is residual error signals for left and right ears defined as:

ey (k) = yuye (k) — P (k) by (01) (5.6)
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Figure 5.3: Perfect sweep signal showing continuous transition from 1 period to
another. N = 2048 samples

and binaural signals captured by the two microphones are denoted as:

yir(k) = T (k)bhy s (0r) + nuyr (K). (5.7)

The unknown state for estimated impulse response at time k& = 0 is taken as vector
of N zeros. Thus, for a 360° rotation time of 20 sec and at sampling frequency
of 44.1 kHz, azimuth resolution of around 10~* degrees can be obtained using the
above method, which implies that estimated impulse response can be considered a
very good approximation of continuous HRIRs. Due to the large data to be stored
in memory, care must be taken to selectively choose the desired data. It should also
be noted that in estimating continuous HRIRs using (5.5), (5.6) and (5.7), it was
assumed that system impulse response changes slowly with time, such that adaptive
filter can converge to the desired response. In the next sub-section, we show the
results for single channel BRIR acquisition for static scenario, i.e., without head

rotation and follows by the dynamic scenario with head rotation.
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Figure 5.4: Residual errors (in green) for BRIR acquisition using NLMS for (a)
Noisy captured signal (b) Noiseless signal with 10 repetitions of actual
recorded signal
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Figure 5.5: Environment noise of the measurement room recorded at subject’s ear

5.2.2 Continuous BRIRs acquisition results - Without Head

Rotation

Continuous BRIRs measurements using perfect sweep were carried out in same room
used for subjective study for NAR headset with reverberation time of around 80
milliseconds. Length of the NLMS adaptive filters were set at 2048 samples (50
msec) assuming that it is sufficiently long to include all room reverberation and
torso, head, ear reflections. Thus, a perfect sweep signal of period of 2048 samples,
as shown in Figure 5.3, is repeatedly played 10 times from the loudspeaker located
at 0 azimuth. First, we validate the static scenario, where head movements were
restricted. Binaural signals were captured at subject’s ears for fixed head position
using the binaural microphones attached with the NAR headset.

We compute the residual error for two cases namely, (a) with NLMS applied on
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Figure 5.6: Magnitude frequency responses of estimated BRIRs compared with
exponential sine sweep method (a) Left ear (b) Right ear

noisy recorded signal for 10 periods of perfect sweep signal, and (b) with NLMS ap-
plied on 10 repetitions of one period of noisy recorded signal, considered as noiseless
case. Residual errors for the two cases are shown in Figure 5.4 (a) and (b). For the
noisy case, it is observed that although adaptive filter converges after N iteration
(plus N iterations for initialization) but residual error is not completely eliminated
with gradient noise in steady state. This is due to the environment noise present in
the measurement room probably generating from air-con vent, analog amplifiers and
computer fan. The environment noise, which is measured at subject’s ear, is shown
in Figure 5.5. Clearly, noise floor is noticeable as compared to the magnitude of
binaural recorded response of sweep signal with signal to noise ratio (SNR) of 28 dB
and for that reason NLMS algorithm is not able to optimally converge, as shown in
Figure 5.4(a). Noiseless case, shown in Figure 5.4(b), optimally converges after 2N
iterations. Frequency response of estimated BRIRs for both the cases is shown in
Figure 5.6 along with the binaural room transfer function (BRTF) computed using
exponential sine sweep method as reference. Clearly, both the estimated BRTFs
closely match with the reference response above 100 Hz, while in low frequencies, a
boost of 10-20 dB is observed for the NLMS estimated response. In addition, noise-
less case shows a boost of 2-3 dB in low frequency below 70 Hz as compared to noisy

NLMS case. This low frequency boost may be due to the fact that noiseless esti-
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Figure 5.7: Continuous BRIR estimation results with head rotation in clockwise
direction (Top: Head orientation in clockwise direction; Middle: Resid-
ual error for left ear; Bottom: Residual error for right ear)

mation is based on single shot measurement, i.e., one period of perfect sweep, while
noisy case adapts with time for the varying system impulse response. Nevertheless,
BRIRs estimated using NLMS method can be considered as a good approximation
of the unknown system response. As shown in the results, measurement for static
source position can be performed promptly in less than half a second as compared to

discrete stop-and-go exponential sine sweep method, which also require repetitions.

5.2.3 Continuous BRIRs acquisition results - With Head
Rotation

For continuous BRIR acquisition with head rotation, a head tracker is mounted
on the NAR headset to track the head orientation. YEI 3-Space Sensor™ Micro
USB is used as head tracker in the measurement process. One main advantage of
using head tracker with NAR headset is that subject can measure the BRIRs for
different directions themselves conveniently in a room environment, without any

external aid. However, one important assumption of continuous acquisition using
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Figure 5.8: Estimated BRTFs with continuous head rotation for 3 head azimuths
(Left: 0% Middle: 14° ; Right: 27°)
NLMS that subject should rotate slowly and at constant angular speed for adaptive
filter to adjust to the changes, can only be met using machine controlled rotation.
When asking subjects to rotate their head in either direction, it is imperative that
the rotation speed may not be constant and slow enough for NLMS algorithm to
optimally converge. In our measurement process, subjects were asked to rotate
slowly in either direction and stop regularly for a moment during the measurement
process. In this way, we can at least expect to obtain a reliable BRIRs for those head
orientations where subject stopped. Figure 5.7 shows a sample head orientation data
recorded for a subject along with the residual errors obtained using NLMS adaptive
algorithm. As shown in top of Figure 5.7, subject stopped at least 6 times during
the entire measurement duration of 7.5 seconds. Since at these 6 positions, subjects
can be assumed to be static, we can estimate BRIRs similar to the static case by
taking 5-6 periods of the recorded signal (shown as yellow rectangular window in
Figure 5.7). Figure 5.8 shows the estimated frequency response for 3 of the static
head positions. For other intermediate head orientations, system response may not
be assumed as slowly time-varying and thus, is excluded in the estimation process.
However, it needs to be studied further subjectively if the intermediate BRIRs can

actually be used in binaural synthesis for dynamic head movements.
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5.3 Adaptive Equalization for Non-stationary Vir-
tual Signals

In Chapter 4, we presented adaptive equalization techniques based on the FxNLMS
algorithm to compensate for any change in individual HPTF over time such that
natural listening can be enabled over the NAR headset. We showed that broadband
stationary white noise signal performs well with the adaptive equalization of NAR
headset for training of equalization filters (w;(n) and wy(n)). However, in real-
life virtual signals are mainly non-stationary and transient in nature, and adaptive
equalization must work for all kind of signals. One of the main problems with
FxNLMS is that it may become unstable due to the transients in virtual signals,
which is mainly due to the normalization term used in the weight-update equation
(see (4.15) and (4.16)). Alternatively, we can use FxLMS algorithm without any
normalization but with slower convergence rate and higher SS-MSE, as compared
to the FxNLMS algorithm.

We extend the proposed adaptive equalizer in Chapter 4 by including an online
adaptive training phase using white noise signal and a playback phase of virtual
signals using FxLMS, as shown in Figure 5.9. The training adaptive phase is mainly
to ensure that adaptive filter is converged before starting the real-time playback of
virtual signals. As shown, the training adaptive phase is same as the HAE presented
for Case II in subsubsection 4.3.4.2; except for secondary path response is replaced
by an estimate of it. It should be noted that training is excluded from the playback
and ensures optimal convergence and MSE for virtual signals. The playback phase
of virtual signal uses a copy of equalized filters from training phase and an additional
adaptive filter, w,(n) for compensation of individual HPTF, as shown in Figure 5.9.

w,(n) is updated based on the FxLMS algorithm as:

wy(n+1) = wy(n) + u, v'(n) ey (n) (5.8)
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Figure 5.9: Proposed adaptive equalizer for NAR headset extended for non-
stationary virtual signals

where v/(n) is the filtered reference signal, p, is the step-size different from training
phase and e,(n) is the residual error signal during the playback phase. Step-size
f, for FXLMS is decided based on the power of filtered reference signal as well as

length of adaptive filter, L and secondary path delay, A [169]:

2
Ela?(n)|(L+A)

0 < py < (5.9)

However, if the input signal is non-stationary, it was suggested by Elliott [170]
that the maximum value of step size is proportional to the ﬁ instead of % It was
explained that this is mainly due to the poor conditioning of the co-variance matrix
for filtered reference signal.

Results for the proposed adaptive equalization with training period of 1 sec and
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Figure 5.10: Results for the proposed adaptive equalizer with training period of
1 second using white noise signal (Top: hpy(n) = hpy(n) ; Bottom:

inp(n) # hyp(n) )

playback of a speech signal is shown in Figure 5.10.

Step size p and p, for training and playback phases are set as as 0.1 and 0.4,
respectively. During the training phase, both both the adaptive process is on to
ensure fast convergence and optimum MSE. The training using white noise is stopped
after 1 second once the adaptive filter w(n) is sufficiently converged and stabilized.
For the ideal case, where both secondary path and its estimate are taken same
shows an improvement of approximately 12 dB error reduction due to the playback
phase adaptive filter w,(n) (See top Figure 5.10(b) and (c)). For a practical case,
when physical secondary path is different from its estimate due to re-positioning of
headset, we observe that performance of adaptive filter degrades by 10 dB when no
adaptive compensation is applied, i.e. w, = 0 (See Figure 5.10(b)). After applying
the adaptive compensation, an improvement of 10 dB in MSE is observed, as shown
in the bottom Figure 5.10(b) and (c¢). The main advantage of adaptive compensation
in playback phase is that it adapts according to the virtual signal characteristics,

as well as robust to the error between hyy(n) and hy,(n). However, due to the
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large difference in secondary path and its model, adaptive filter w,(n) is not able to
completely compensate for the new HPTF, as increase of 11 dB in MSE is observed
when HPTF changes abruptly after 1 second (See Figure 5.10(c)). In the next
chapter, we present a way to detect large changes in secondary path response and

propose a method to compensate for it using a fast HPTF estimation method.

5.4 Detection and Fast Estimation of Headphone
Transfer Function in Natural Augmented Re-

ality Headset

As concluded in the preceding Section 5.3, the FXLMS algorithm in adaptive equal-
ization is robust for changes in the HPTF, although it may not be able to completely
compensate for large changes in HPTF. This is mainly due to the fact that both
adaptive headphone compensation (i.e. playback phase) and training phase uses an
estimate of HPTF, which may deviate largely from its physical model in the event
of any large changes. Therefore, it is essential to detect any large changes in HPTF
(either due to re-positioning of headset or even change of the listener) and quickly
find an accurate estimate of it to correct the individual headphone compensation.
First, we show online detection of change in physical secondary path, as shown in
Figure 5.11. The virtually synthesized secondary source signal u(n) is filtered with
with the HPTF estimate ?th(n) and subtracted with the signal received at error

microphone:

enp(n) = Vint(n) = Tine(n) = u(n) x (hap(n) = hap(n)) (5.10)

As can be seen in (5.10), we can estimate the difference in actual secondary path
and its current estimate using the residual error signal between v;,;(n) and ;. (n).

It should be noted that error signal ep,(n) also depends on the characteristics of
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Figure 5.11: Modified block diagram of adaptive equalizer with online detection
of change in HPTF (highlighted in grey box)

virtual source signal u(n). We define the running average power estimate (PE) in

dB of the residual error signal ep,(n) as:

1 w
PE(n) [dB] = W > 10logy, (5.11)

=1

Ehp(n =W +1)
[v-z (n—W+l)1 ’

int
where W is the window size over which average power of the error signal is computed
at time instant n. Ideally, if both the physical model and its estimate are same or
in close agreement with each other (i.e., hpy(n) ~ }Azhp(n)) , power estimate of the
error signal will be very low. On the other hand, if the two deviates from each other
significantly, power estimate increases and change in HPTF can be detected as soon
as PE(n) crosses a threshold.

Result of the HPTF detection for the two measured model of HPTFs (hp2 and

hp3) with respect to a given HPTF model (hpl) is shown in Figure 5.12. Headphone
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Figure 5.12: Results of HPTF detection for two measured physical model of
HPTFs using (5.11). (Window size of W = 4096 samples i.e., around
100 msec is used)

model Ap2 was measured by slightly adjusting the NAR headset without lifting it
completely, while for model hp3 headset was completely lifted and placed back on
the dummy head. Thus, large deviation is expected for transition hpl to hp3 as
against transition to hp2. For the results shown, during the first second, HPTF
model hy,(n), which is equal to the physical model (hy,(n) = hpl), is adaptively
compensated simultaneously with the white noise training process and very low value
of the power estimate is observed. After one second, training is stopped and hyp,(n)
is replaced by physical headphone model hp2 or hp3. Clearly, after one second,
power estimate of the error signal increases with average PE of around -23 dB and
-38 dB for hp3 and hp2, respectively as shown in Figure 5.12. We set the threshold
for change in HPTF detection as -30 dB. With power estimate of ej,(n) for hp3
around 15 dB more than that of hp2 and substantially greater than the threshold,
large change in HPTF is detected for hp3 as soon as the training phase ends after
one second.

Once the change in HPTFis detected, we must update the estimate of secondary
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Figure 5.13: Modified block diagram of adaptive equalization of NAR headset with
HPTF estimation. Training and playback phase is shown in grey
colors indicating that virtual signal playback is stopped, while HPTF
estimation is going on.

path with the new estimate of changed secondary path. There have been some works

[171-174] in the past for online estimation of secondary path model for FxLMS

algorithm by injecting a random noise to the headphones in addition to the virtual

signals and computing the secondary path estimate using LMS algorithm. However,
these methods were mainly applied in case of active noise control applications, where
primary source of interference is also a noise signal. In contrast, NAR headset aims
to adaptively compensate for any large change in HPTF and for any type of virtual
source signals. In addition, playing noise signals for online adaptive estimation of

HPTF may not be practical for NAR headset as it will be interfere the real-time

playback of virtual sounds. Furthermore, online estimation method also slows down
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the convergence process, which is very critical for the optimal performance of NAR
headset. Therefore, we need a quick way of estimating HPTFs and updation of
secondary path models in the adaptive equalization of the NAR headset. It was
shown in Section 5.2 that unknown system response can be very quickly measured
and estimated with the help of the NLMS algorithm using perfect sweep signal. In
addition, NLMS using perfect sweep signal is converged just after N iterations in
a noiseless case, where N is the adaptive filter length. We can thus, measure and
estimate the HPTF model using NLMS in a short duration because of the following

reasons:

1. Secondary path response, i.e., length of hy,(n) is very short due to the fact
that headphone emitter and internal microphone (m;,;) are closely placed to

each other. (See Figure 4.3).

2. Because of the closed structure of NAR headset, there will be fewer reflections

in the headphone impulse response.

Block diagram for the estimation of headphone response is shown in Figure 5.13.
As shown, during the estimation process, the playback of virtual signal is stopped
and restarted as soon as the estimation is over. Taking N = 256 samples as the
headphone impulse response length and a perfect sweep signal comprising of 4 rep-
etitions, we can easily estimate Tlhp(n) in less than 50 milliseconds at sampling
frequency of 44.1 kHz (N x 4 = 1024 samples). Results for the modified adaptive
equalizer with HPTF estimation is shown in Figure 5.14. Headphone model Ap3 is
used in the simulations as large change in HPTF was detected using power estimate
of residual error signal ep,(n). We consider three cases for comparisons here namely,
(a) Adaptive equalization without any HPTF estimation, (b) Reference case, i.e.,
it is assumed that headphone model of the new secondary path is already available
once change in HPTF is detected and thus, there is no need of any HPTF estima-

tion, and (c) Adaptive equalization with HPTF estimation using NLMS after HPTF
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Figure 5.14: Results for the adaptive equalization of NAR headset with HPTF
estimation and compared with the reference case as well as adaptive
equalization without HPTF estimation (Top: Residual error plots
for training phase white noise ; Bottom: Residual error plots for a
virtual speech signal) Simulation is performed for azimuth: 40° and
ipsilateral ear.

detection with secondary path estimate is replaced by new HPTF estimate. Below

are the different simulation settings used in Figure 5.14 at different time instants:

e 0 <t < 1 second: Training phase using white noise signals with ?th(n) =

hpp(n) = hpl.
e 1 second: Physical secondary path headphone model is changed to hp3, i.e.,

Rip(n) = hpl # hpp(n) = hp3.

e 1 <t< 2 second:

— Case (a): White noise training is stopped and playback of virtual contin-
ues with incorrect estimate of secondary path without HPTF estimation

for the changed secondary path response hy,(n) = hp3

— Case (b): White noise training is continued with secondary path estimate

is replaced by the exact changed physical model i.e., hyy(n) = hpy(n) =
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hp3

— Case (c): White noise training as well as playback of virtual signals is
stopped. HPTF estimation process is started and run for 1024 samples.
Since, NLMS converges after N iterations, previous secondary path esti-
mates are replaced by new estimate of the changed physical model, i.e.,
p(n) = hyp(n) = hp3 and training phase is restarted. Once the estima-
tion process is completed after 1024 samples, playback of virtual signal

begin.

e t > 2 second: White noise training is stopped and playback of virtual signal

begin.

Clearly, when no HPTF estimation is applied adaptive equalization suffers from
higher MSE because of the incorrect estimate of hp,(n). When HPTF estimation is
applied and used in the playback of virtual signals as well as training phase, MSE
of the residual error is found be very close to the reference case with difference of
around 1-2 dB, implying that secondary path has been accurately estimated. During
the 2" training phase, as adaptive filter compensates for new ﬁhp(n), MSE starts
with high value and reduces to its optimum value for both the reference case, as
well as adaptive equalization with HPTF estimation (See Figure 5.14(b) and (c)).
For the third case, since HPTF estimation takes around 1024 samples to complete,
a peak is observed in the residual error around ¢ = 1 second during the this period,
but quickly converges to the optimum value once an accurate estimate of hyy(n) is
found, as shown in top Figure 5.14(c). However, this is not the case for reference
case as there is no HPTF estimation involved, and training process continues to
compensate for the change in HPTF. In summary, any large change in HPTF can
be immediately detected using power estimate method and subsequently, can be
used to trigger the HPTF estimation process, which can also be completed in a very

quick time. In the next section, we further extend the above proposed adaptive
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equalization for any virtual signals with adaptive estimation of external signals and

also address the causality issue.

5.5 Adaptive Equalization for Non-stationary Vir-
tual signals with Adaptive Estimation of Ex-
ternal signals

Similar to the previous section, we further extend the adaptive equalizer for aug-
mented reality mode presented for Case I1I in subsection 4.3.5 for any type of virtual
signal, as shown in Figure 5.15. As compared to Figure 5.9, there is difference only
in the playback phase with inclusion of adaptive estimation process of external sig-
nals. The main purpose of adaptive estimation here is to remove the interference
of external signals in the adaptive compensation of playback phase. Therefore, it
is very important for adaptive estimation of external signals during real-time play-
back of virtual signal in order to ensure its stability and convergence. However,
the external sounds coming from different directions may not guarantee optimum
convergence because of the causality issue between the reference signal (r..(n)) and
error microphone signal (r;,:(n)). Since in NAR headset, both the microphones
are closely placed, the adaptive filter w,(n) must be of very short length to avoid
stability of adaptive process. Also, in practice, real signals captured at external
microphone may reach later than at internal microphone causing causality problem
for the adaptive estimation process. Causality can be avoided by adding a forward
delay (A,) to the incoming real signal at internal microphone position in the pri-
mary path of adaptive estimation, as shown in Figure 5.15. Weight update equation
for the adaptive filter w, (n) remains the same as in (5.8), except for the error signal,

e(n) obtained due to the error difference for both virtual and real signal:
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Figure 5.15: Proposed adaptive equalizer with adaptive estimation of real signals
for NAR headset extended for non-stationary virtual signals

e(n) = dy(n) = Yint(n) + Tine(n)
= [dy(n) = Vine(n)] + [=Tint(n — L) + Fine(n)] (5.12)

= ey(n) +e-(n).

Weight update equation for the adaptive estimation filter w,(n) is computed similar
to (4.30), but with error signal defined as (5.12).

Figure 5.16 shows the residual error plots for adaptive equalizer in the presence
of external signals with no adaptive estimation compared with the case when there
is no external signal present. Speech signal is used for the virtual signal, while
Gaussian white noise signal is used for the simulated external signal. Clearly in the
presence of external signal, performance of adaptive equalizer degrades substantially
when no adaptive estimation is applied as real signal interferes with the adaptive
compensation of HPTF. Similar results were obtained in subsection 4.3.5, when
white noise was used as virtual signal for the adaptive headphone compensation.

Figure 5.17 shows the results for the proposed adaptive equalizer with adaptive
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Figure 5.16: Results for the proposed adaptive equalizer without and with pres-
ence of external signals: Virtual source is positioned at 0° azimuth,
while external sound is coming from 40° azimuth and added to vir-
tually reproduced signal at m;,,

(Top: Ipsilateral ear ; Bottom: Contralateral ear)

estimation of external signals for two delay values: A, = 0 and A, = 40 samples.
As shown, when there is no delay applied to input signals, adaptive filter w,.(n) is not
able to completely converge for the contralateral ear, resulting in higher MSE. This
is due to the fact that for contralateral ear, external signal reaches error microphone
position earlier than the external microphone position for 40° azimuth, while it is
opposite for the ipsilateral ear resulting in much higher error reduction. On the other
hand when the external signal reaching at m;,, is delayed by 40 samples, causality

issue is resolved and MSE for both the ears are in close agreement with the case
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Figure 5.17: Results for the proposed adaptive equalizer with adaptive estimation
of external signals. Simulation set up is kept same as of Figure 5.16
and step-size (u,) for adaptive estimation is taken as 0.4.
(Top: Ipsilateral ear ; Bottom: Contralateral ear)

when there is no external source present (See Figure 5.16(a) and Figure 5.17(b)).
Therefore, it is necessary to avoid the causality issue to ensure stability of the
proposed adaptive equalization. However, it is not practically feasible to delay only
the real signal 7;,;(n) shown in Figure 5.15, as the error microphone also captures
the synthesized virtual signal v,;(n).

This issue is resolved by forwarding the delay A\, to the error path as well as
weight update path of the adaptive compensation filter w,(n), as shown in Fig-
ure 5.18. Hence, this situation is akin to the delayed LMS (DLMS) algorithm with

delayed coefficient update mechanism to account for the inherent computational
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Figure 5.18: Modified adaptive equalizer with adaptive estimation for non-
stationary virtual signals resolving causality issue between 7¢.(n)
and 7 (n)

delay of the system especially in applications involving parallel architecture [175].
It has been shown that DLMS can converge in mean square sense, but there is
stringent stability constraint in case of DLMS as compared to the LMS algorithm
[175]. The only difference here is that non-stationary virtual signal is used in the
adaptive process and thus, stability and convergence is the major issue here but
not the steady-state error. In the case of non-stationary signal, trade-off between
residual error and convergence speed makes the choice of step-size p,, more critical
to ensure stability [176]. Since the playback uses FxLLMS for adaptive compensa-
tion, the modified block diagram in Figure 5.18, is now referred as delayed FxLMS

(FxDLMS) algorithm and its weight update equation is now expressed as:

w,(n+1) =w,(n) + u, v(n — A) [es(n — A) +e.(n)] . (5.13)

In other words, adaptive filter weights are updated using the delayed versions of
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Figure 5.19: Trade-off between MSE and step size for different delay values (A,).
Simulation is performed for azimuth: 40° and contralateral ear.

error signal e,(n — A,) and filtered reference signal v'(n — A,). Weight update

equation for adaptive estimation filter remains same with error signal is modified

as:

e(n) =ey(n —A) +e.(n). (5.14)

where e,(n) and e,(n) are defined in (5.12). Next, we study the effect of different
delay values of A, on the performance of residual error versus different step size for
FxLMS algorithm of w, (n). We consider five delay values of 0, 10, 20, 30, 40 samples
for 44.1 kHz, which corresponds to delay up to 1 millisecond, and is sufficient for

adaptive estimation filter to avoid causality as shown above. Delay of 0 sample
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is the reference case, i.e., adaptive compensation works as FxLMS algorithm. In
addition, different step sizes from 0.1 to 0.4 are considered to study their effect on the
MSE. Two male speech signals were used in the simulations with different transient
characteristics. Results are shown in Figure 5.19. As shown, we are easily able to
avoid the causality issue in adaptive estimation and achieve the same performance
for adaptive compensation filter w,(n), as indicated by the low values of MSE.
Higher value of step-size is favorable to ensure fast convergence and high MSE but
it should be chosen slightly lower. This is observed in the top of Figure 5.19 for delay
of 10 to 30 samples, where higher step size results in high MSE implying adaptive
filter is not able to converge possibly because of sharper transients in the speech
signal. Furthermore, delay size does not have much influence on the performance
of FxDLMS, although higher delay value will ensure stability and convergence of
adaptive estimation process. Interestingly, in our results, we observed that MSE

decreases as delay is increased from 30 to 40 samples.

5.6 Conclusions and Further Improvements

5.6.1 Conclusions

In this chapter, we discussed some of the practical limitations of the NAR headset
and presented techniques to address them. One of the important assumption for
natural listening using NAR headset is that, it must use individualized BRIRs in the
adaptive equalization process. Typically, acoustical measurement of individualized
BRIRs is a tedious and cumbersome process to carry out, especially in a room
environment. Another requirement with NAR headset is that, any one should be
able to use it in a real environment and thus, a quick and convenient way measuring
desired responses is needed. Using the NLMS technique with perfect sweep signal,
individualized BRIRs can be measured readily using the NAR headset microphones.

Head tracking can be mounted on the NAR headset to measure the BRIRs for lateral
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azimuths.

One important limitation of FxNLMS algorithm for adaptive equalization of
headset is that it does not always converge well for non-stationary virtual signals
(such as speech) and instead FxLMS is preferred for stability at the cost of slow
convergence speed. To ensure both stability and optimum convergence rate for any
type of virtual signals, we included a proposed hybrid FxNLMS algorithm using
white noise as training phase, while FxLMS is used for the real-time adaption dur-
ing playback of virtual signal. A practical scenario was emulated in simulation by
changing the physical secondary path over time. Online HPTF detection mecha-
nism can be used to detect any large change in the secondary path model using
running power estimate and consequently, its accurate estimate can be computed
using NLMS technique promptly. It was observed that using HPTF estimation
method, adaptive equalization works well similar to the reference case using the
exact model of physical secondary path HPTF.

Furthermore, we extended the adaptive equation for non-stationary virtual sig-
nals with online adaptive estimation of real signals. However, since in practical
scenario real signals can come from any direction and adaptive estimation does not
guarantee the causality between reference and error microphone signals. This is re-
solved by adding a forward delay in error signal path and feedback path of the adap-
tive compensation of HPTF, which is now referred as delayed FxLMS (FxDLMS).
Using simulation results, it was found that an appropriate step-size can be chosen

with trade-off between convergence and MSE.

5.6.2 Further Improvements

Below are the two further possible improvements of the NAR headset especially for

use in practical scenarios:

1. The main objective of the NAR headset is to reproduce the virtual sources

while listener being aware of the surroundings. However, when surroundings
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noise are too loud, we must try to control external noise either by amplifying
the virtual sounds within permissible limits or generating an anti-noise signal

to minimize the external sounds.

2. Head movement in real-life adds to our ability to perceive sound location in a
natural manner. Head tracking is a must in AR related applications so that
virtual auditory scene can be adapted according to the head movement as
well as translation movement. In this context, computation complexity of the
proposed algorithm is very crucial and the proposed algorithm should adjust

to the dynamically changing head movements in real-time.
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Chapter 6

A Hybrid Speaker
Array-Headphone System for

Immersive Audio Reproduction

In this chapter!, we present a next generation home entertainment system for
home scenario using a simple combination of loudspeaker array based reproduction
using WFS and binaural synthesis over headphones. More specifically, physical
array is used for the frontal auditory scene playback using WE'S, while rear and side
auditory scene is reproduced over the NAR headset using virtual WFS. For virtual
WEFS over NAR headset, we use multichannel version of the adaptive equalization
presented earlier. For frontal auditory scene processing, Hybrid WFS methods are
introduced in order to further improve the frontal perception. A detailed subjective
study is conducted to investigate the performance of the proposed hybrid WFS set
up.

This chapter is organized as follows. After a brief introduction of this work in

Section 6.1, some of the related works are mentioned in Section 6.2. Section 6.3

I Part of this work is published in

R. Ranjan and W.S. Gan, "A hybrid speaker array-headphone system for immersive 3D audio
reproduction," in Proceedings of International Conference on Acoustics, Speech and Signal Pro-
cessing (ICASSP), 2015, pp. 1836-1840.
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gives an brief overview of the proposed hybrid WFS system followed by the WFS
renderer and sound field analysis of the proposed enclosed structure in Section 6.4.
Virtual WFS over headphones is presented in Section 6.5. In Section 6.6, we present
the frontal auditory scene processing for physical array and detailed subjective study
result is presented in Section 6.7. Section 6.8lists practical limitations of the cur-
rent proposed system and possible improvements followed by the concluding section

Section 6.9 highlighting key results of the objective and subjective experiments.
6.1 Introduction

Audio rendering systems have evolved significantly over the last couple of decades.
Different sound technologies have been developed and being commercialized in the
consumer market. Two channel stereophony based systems have advanced into mul-
tichannel setups creating an immersive experience for the listeners. However, such
systems require complex loudspeaker placements, constrained by the room size. Lis-
teners’ movements are constrained as the best impression is only achieved in narrow
sweet spot of the listening area. Binaural technology, which is also widely used
for private listening over headphones, suffers from the problem of in-head localiza-
tion and front-back confusions if non-individualized HRIRs and headphone equal-
ization is used for the auralization. There are three main multichannel loudspeak-
ers based sound field techniques, namely, vector base amplitude panning (VBAP)
[15], higher order ambisonics (HOA) [27-31, 106], and wave field synthesis (WFS)
[88, 97]. VBAP is a means for virtual source positioning in any direction using mul-
tiple loudspeakers in 3D plane. However, the basic underlying concept is same as in
conventional stereo panning extended to a multichannel loudspeaker placement in
arbitrary configuration. HOA and WFS are based on sound field synthesis principle
to physically reconstruct the true spatial sound field in large sweet area as against
narrow sweet spot in conventional multichannel stereo systems. They exhibit homo-

geneous sound field over extended listening area, while sounds can be perceived to
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come from anywhere in the virtual space around you. Both HOA and WFS possess
similar physical properties in theory if the listening area is surround by loudspeakers
everywhere and is superior to VBAP in terms of stable virtual source position with
listener movements and true spatial impression in the entire listening area. In ad-
dition, focused sound sources can be reproduced inside the listening area. A recent
study by Lopez et al. in [177] to compare the sound distance perception between
WEFS and VBAP reveals that WES turns out to have better distance perception
cues than VBAP especially for frontal sources. Distance perception and capability
to reproduce far and near-field sources is very important for immersive 3D audio
systems. Spors [42, 43] compared the HOA and WFS with respect to physical prop-
erties, spatial sampling artifacts, perceptual attributes and practical aspects. It was
highlighted that without spatial sampling there are only minor differences in the
reproduced sound field but spatial aliasing results in coloration of sound field differ-
ently. HOA results in regular structures in spatial aliasing artifacts as compared to
quite irregular spatial artifacts in WFS. However, both of them rely on perceptual
insignificance of the aliasing artifacts. In terms of practical aspects, WFS requires
convex shape loudspeaker arrays (linear/planar arrays for exact reproduction), while
HOA requires strictly circular/spherical shape arrays, which is difficult to realize,
especially in home scenarios. In addition, WFS complexity is fairly low and easy to
implement as compared to HOA because of the use of spherical harmonics function
and are ill-conditioned. Furthermore, we have seen several professional installations
of WFS systems in entertainment venues, as well as research and development setups
as discussed in 3. In recent years, there have been theoretical advancements as well
as corporates increased interests in HOA for its application in practical scenarios,
as discussed in 1. However, ambisonics still has not been a commercial success,
and mostly used in research centres. With all these practical issues in mind, WFS
is chosen in this work for its ease of implementation and can be easily realized in

practice.
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Figure 6.1: Proposed hybrid system in a home scenario

In this chapter, a new hybrid system is presented to overcome the practical
and physical limitations of the conventional reproduction techniques. The proposed
system combines WFS and binaural synthesis over headphones playback to reduce
the need of installing many loudspeakers in a home entertainment setups and provide
an immersive sound experience close to a full-fledged WFS setup. WEFS is used
to drive a frontal loudspeaker array, which is positioned on the top of the TV
screen, to provide strong frontal localization cues. The rear and side auditory cues
are presented over open headphones via a virtual WFES technique to complete the
entire 360 degree auditory scene presentation. Figure 6.1 shows the proposed hybrid
system model and a prototype of the WFS speaker array system built at the DSP
laboratory in NTU, Singapore. One of the main challenges in such a hybrid system
is the seamless integration of the two reproduction techniques: WFS and binaural
technology over headphones. In other words, headphones should complement the
WES playback from the frontal array so as to provide listener an immersive feeling.
In other words, listeners should not be able to distinguish between headphones
and loudspeaker array playback. This would require headphones playback to be
equalized so as to emulate speakers’ playback (for rear and side auditory scenes)
and at the same time one technique should not interfere with the other as both

of them co-exist. Since, this is a multi-channel array system, headphones need
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to be equalized for each of the individual speaker’s response to listener position.
Multichannel version of the adaptive equalization for the NAR headset is introduced
in this Chapter to ensure that virtual WFS rendering over headphones perform as
close to the physical speaker (sides and rear) arrays that would be required in a full-
fledged WF'S with 360° speaker array system. Measurement results on dummy head
showed that the virtual WFS performs very close to an enclosed array setup driven
by WFS. We further present hybrid WFS method to enhance sound coloration of
the physical frontal array by reproducing aliasing free high frequency components
over open headphones, while physical array renders the low frequency components.
In this way, strong frontal localization cues are preserved and there is no sound
coloration in the synthesized sound signals at listeners’ ears. Detailed subjective
study was conducted, which confirmed our assumption and it was found that hybrid
WEFS method have better localization accuracy as well as overall audio quality than
pure headphones playback method using virtual WFS. Rear and side virtual sources

were also perceived to be highly externalized with good localization accuracy.

6.2 Related Works

There have been some works in recent years to combine WFS and other reproduc-
tion techniques. Menzel et. al. [118, 178] presented a novel system called “Binaural
Sky” to reproduce a virtual headphone using binaural room synthesis. They used
a pair of focused sources reproduction, using overhead WF'S circular array, in front
and close to the listener. These focused sources act as the trans-aural loudspeakers
and they can be easily moved around by adjusting the driving signals. In [179],
a simulation of wave field synthesis is presented for perceptual quality analysis of
different complex setups using virtual WFS with the help of headphone playback.
The main objective of the above work was to analyze the WFS through binaural

playback. Through subjective tests, it was shown that azimuths were accurately
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estimated by the subjects. In [180], Jose et al. proposed a method to combine WFS
with HRTF processing for mitigating the absence of elevation cues in conventional
horizontal planar loudspeaker array based systems. It is noted that loudspeaker
array in azimuthal plane were used to generate the elevation cues. They used the
HRTF based elevation cues as pre-processing stage to improve the height perception
in median plane without the need of additional loudspeakers. Straufl et. al. [181]
combined WFS with vector base amplitude panning (VBAP) techniques to create
an audio interface for desktop applications. The main aim of this work is to immerse
user in the visuals shown on screen and sources can be perceived behind or front
of the screen with the help of array of transducers installed on the edges of a desk-
top. Another hybrid system was introduced by Wittek [101, 104], where phantom
source reproduction using stereophony technique is used in conjunction with WFS
to improve the sound coloration of the WFS loudspeaker array system. Since WFES
reproduce correct sound field below the aliasing frequency and colors the sound
spectrum above, WF'S is used below aliasing frequency, while selected loudspeakers
as phantom sources reproduced high frequencies to improve overall performance of
the system.

In this chapter, we introduce a hybrid system combining loudspeaker array us-
ing WFS with binaural technology over open headphones. The main purpose of
incorporating headphones is to complement the frontal auditory scene reproduc-
tion using WFS array with rear and side auditory scene reproduction using virtual
WEFS without the need of additional loudspeakers to be installed in a home scenario.
Furthermore, we aim to improve the spatial aliasing performance of frontal WFS
array by reproducing high frequency over headphones. Subjective study is carried
out to investigate the performance of physical WFS array playyback, virtual WFS

rendering and different combination of hybrid WFS systems.
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6.3 Proposed Hybrid System

The proposed hybrid system consists of a frontal loudspeaker array mounted on
a visual display along with an open headphones worn by the listener to perceive
both physical frontal sound and virtual side and rear sound image. Figure 6.2
shows the structure of the proposed hybrid system. An open and inverted U-shaped
loudspeaker array is considered for the frontal projection, while symmetric virtual
WES array for side and rear is used for binaural reproduction over open headphones.
The main objective here is to retain the spatial and temporal characteristics of WFS
at the listener position by using a combination of two reproduction techniques.
WFEF'S renderer is being used in the back-end to compute all the loudspeaker signals
(including physical as well as virtual ones) at the same time. The overall system

block diagram is shown in Figure 6.3 and can be divided into three processing stages:

1) WEFS renderer
2) Frontal auditory scene processing

3) Rear and side auditory scene processing using virtual WFS over open head-

phones
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Figure 6.3: Overall hybrid system block diagram

In the next section, we briefly present the WFS renderer and sound field analysis

for the proposed structure of the WF'S array setup.

6.4 Wave Field Synthesis Renderer

WES renderer is the processing core of the proposed hybrid system, which computes
the driving signals of all the loudspeakers comprising the WF'S enclosed setup shown
in Figure 6.2. WFS is fundamentally based on the Huygens’ principle, which states
that secondary sources can be used to synthesize the natural wave fronts of the pri-
mary sources [89]. WFS driving signals (loudspeaker signals) are derived by solving
the discretized Rayleigh Integral with sound field of a monopole point source and
applying stationary phase approximation [48, 88, 97]. WF'S driving signal equations
are governed by (3.7 and 3.8 ) as explained in Chapter 3. Driving signal for each
loudspeakers can be calculated efficiently by summing the delayed and weighted
contribution from filtered source(s) signal(s). An important property of WES is
that it can synthesize virtual source even in front of the loudspeaker array (focused
source), creating an illusion of source around the listener. The only restriction is

that listener cannot be positioned between array and source. Driving signals for a

focused virtual source is defined similarly as for non-focused virtual sources, while
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reversing the phase components in (3.7) [48].

One of the drawbacks of using arbitrary shaped bend contours in WFS is that it
introduces undesired reflections and leads to the artifacts in reproduced sound field.
For bend contours, these prominent artifacts are introduced at those secondary
sources, where normal vector (nx,) of the secondary source does not match with
the local wave propagation direction of the virtual source sound field. Spors in
his works [97, 98], proposed a secondary source criterion method by introducing
a window function in the WFS driving function such that loudspeakers generating
undesired reflections are muted. The window function depends on the type of virtual
source (plane wave, point source or focused source) as well as on the listener position.

Window function for plane wave source with normal vector (nxjy) is defined as:

1, (nx,, nx,) > 0,
Apuy (X)) = (6.1)
0, else.
The operator (x,y) in (6.1) denotes the dot product between vector x and y. The

window function for point source generating spherical wave front with source position

Xis defined as:

1, (X, — X5, 1X,,) > 0,
aps(Xp) = (6.2)
0, else.

It should be noted that plane wave is special case of point source propagation when
virtual source is in the far field. However, the window function for focussed source
depends also on the reference listener position x;, in the listener area and is defined

as:

1, (x5 — X1, X, — Xg) > 0,
ars(x,) = (6.3)
0, else.
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Figure 6.4: WFS Sound field plots for monochromatic source with frequency 2,000
Hz. Green circle indicates the listener position and red circle indicates
the virtual source position. (Top: Point source; Bottom: Focussed
source)

Using above window functions, WFS renderer computes the driving signals only
for active loudspeakers for the enclosed WFES setup based on the source and lis-
tener position. If there are more than one source and/or listener present, for each
source-listener pair active driving signals are computed and summed together be-
fore playback. Figure 6.4 shows the monochromatic sound field plots 2 for the WFS
structure shown in Figure 6.2 for active loudspeakers using the above window func-
tions. As shown in Figure 6.4, only desired loudspeakers are activated as per (6.2)
and (6.3). For non-focused point source, depending on the source position relative to
the loudspeaker array, appropriate loudspeakers are activated. For focused sources,
desired loudspeakers are selected based on the position of source and listener rela-

tive to the array. It is evident that using an enclosed WF'S array setup, sound field

2All the sound field plots in this chapter are generated using the Sound Field Sythesis toolbox
for MATLAB, which can be found at https://github.com/sfstoolbox /sfs
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Hz. Listener area is indicated by green square. f, =3,000 Hz (Top:
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is correctly reproduced in entire listening area for non-focused point source, while
area between the activated loudspeakers and virtual focused source is forbidden zone
for listener. Reduced listener area for focused source is due to the fact that wave
propagates towards the virtual source in this region, which is not the case in natural
propagation of point source. In the next subsection, we study the spatial sampling

artifacts in sound field for the WF'S structure.

6.4.1 Spatial aliasing in the reproduced sound field

As we discussed in Section 3.4, due to spatial sampling and large loudspeaker inter-
spacing in practice, WFS sound field is not correct everywhere in the listening area.
Additionally, sound field can be faithfully reproduced only if frequency contents of
the source are below the spatial aliasing frequency, or else distortions in the frequency
response, physical sound field, and perceptual quality can be observed. Figure 6.5

shows the monochromatic sound field plots for far-field non-focused source and fo-
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Figure 6.6: Virtual WFS using binaural synthesis over NAR headset

cused source with frequency above than aliasing frequency. Clearly, sound field is
now distorted by undesired contributions from other directions. When source is
in far field, spatial aliasing can be observed nearer to the loudspeaker array and
decreases as one moves away from the array. For the focused source, aliasing is min-
imum near the source and increases further away from the source. Spatial aliasing
in sound field mainly introduces the sound coloration but can also degrade the local-
ization accuracy of the virtual sources. Spatial aliasing artifacts are studied in detail
for both focused [106, 107, 182, 183] and non-focused sources [96, 105, 184, 185].
Perceptually, pre-echo artifacts (undesired wave-fronts perceived before the main
wave-fronts) are observed in the case of focused sources as a result of the precedence
effect in addition to the sound coloration, and are highly undesirable for broadband
audio signals with vocals and music [106, 183]. Therefore, it is necessary to minimize
its effect at least in the desired listening zone. In this work, we aim to minimize the
spatial aliasing artifacts by reproducing the aliasing-free high frequency components
of sound field over NAR headset . In the next section, we introduce the virtual WES

reproduction method over the NAR headset.

6.5 Virtual Wave Field Synthesis over Headphones

The main goal of virtual WFS over headphones is to provide listener an enriching

listening experience similar to the WES physical array setup. Therefore, for virtual
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Figure 6.7: Multichannel adaptive equalization for virtual WFS using NAR head-
set

WES to emulate real WES playback in practical scenarios, speakers’ room impulses

must be used in the WFS synthesis equation (3.5) as:

p(r,n) :Z: qi(n) x hi(r,n), (6.4)

where ¢;(n) is the driving signal computed by the WES renderer and h;(r,n) is the
impulse response of i*active loudspeaker. p(r,t) is the WFS synthesized signal at
any listening position, r. For rear and side auditory scene processing, driving signals
corresponding to the virtual loudspeakers are used to synthesize the binaural signals
at listeners’ ears to be reproduced over open headphones such that they emulate
the WFS enclosed array setup. Using the virtual WFS technique, we synthesize
the binaural signals by convolving the driving signals computed by WFS renderer
with the BRIRs of the virtual speakers to the listeners’ ears and summing them
together before playing through the open headphones. However, HPTF, which is
also unique to every individual modifies the intended sound spectrum at listener’s
ears and must be compensated. We employ the NAR headset with open structure
for binaural synthesis to perform the adaptive equalization of open headphones as
shown in Figure 6.6. The individual driving signals (g;(n), i = 1,2,...N) are filtered
with corresponding headphone equalized BRIR filters (w;(n), i = 1,2,...N).

A multichannel version of the adaptive equalization presented for NAR headset

in Chapter 4 is implemented in this work to estimate the equalized filters, as shown

133



CHAPTER 6. A HYBRID SPEAKER ARRAY-HEADPHONE SYSTEM FOR
IMMERSIVE AUDIO REPRODUCTION

in Figure 6.7. WFS driving signals of the virtual loudspeakers are taken as input
signals and internal microphones as error sensors for the multichannel version. The
main objective is to compensate for individual HPTF, while adapting to the desired
WES response and make the headphones acoustically transparent so as to sound
similar to physical WFS playback. Weight update equations for the multichannel
adaptive equalization using FxNLMS is defined similarly for single channel FxNLMS

as:

qz( )
Mlas ()P

where q;/(n) is the filtered reference vector corresponding to i driving signal ¢;(n)

wi(n+1) = wi(n) +p e(n), (6.5)

and e(n) is the residual error signal defined as

e(n) = p(n) = Yin(n). (6.6)
p(n) is the desired WF'S synthesized signal defined by (6.4) with speaker impulse re-

sponses ( h;(r,n), i =1,2,...N ) replaced by speaker BRIRs as h;,:(n) = [h1(n) ha(n)

and y;,(n) is the signal received at the internal microphone defined as:

Yint (N [Z ¢i(n) * w;(n ] * hpp(n). (6.7)

In the next section, we will validate the results for virtual WFS using binaural

synthesis with actual measurements of physical WFS array.

6.5.1 Virtual Wave Field Synthesis results

To evaluate the performance of the virtual WFS, virtual sounds reproduced over
headphones must be similar to sounds coming from physical WFS array. In other
words, both the spectral and temporal features of the actual WFES playback must be
retained in the virtual sound field reproduction. The WFS frontal array prototype

was built using 16 speakers, with 8 in the middle and 4 each on the either side
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Figure 6.8: Measurement setup for WFS rendering of three virtual WFS non-
focused sources

positioned at 45°, as shown in Figure 6.1 and Figure 6.2. Loudspeaker spacing
between any two adjacent speakers was 9 cm. Two 10-channel MOTU Ultralite-mk3
hybrid sound cards were used to drive the WFS frontal array as well as the NAR
headset. Speaker responses were measured on the Neumann KU 100 head with
and without NAR headset using AKG 417 miniature microphones mounted near
ear opening. Open headphones AKG K702 were used for the measurement process.
We evaluated the virtual WES performance by recording response of sine sweep
signal played through the loudspeakers. Measurements for virtual WE'S via binaural
synthesis were carried out using the WFS frontal array (Figure 6.2) by rotating the
dummy head in steps of 90°in clock-wise direction starting from 0°to 270°. Therefore,
there were 4 set of measurements corresponding to front, left, right and rear array,
as shown in Figure 6.2. For all the 4 sets, three non-focused virtual sources, namely,
centre, left, and right, were considered as shown in Figure 6.8. Centre virtual source
is positioned 1m behind the array, such that all 16 loudspeakers are active. Left
and right virtual sources were positioned respectively to left and right side of the
array such that either left or right 4 loudspeakers were active along with the middle

array. Individual BRIRs for all the 16 loudspeakers and all the 4 sets were measured
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Figure 6.9: Compensated virtual WEFS frequency response Vs Measured physical

WEFS frequency response for frontal WES array. Three virtual WES

sources (left, center and right) were rendered as shown in Figure 6.8.

Table 6.1: Spectral distortion scores (dB) for the virtual WFS over headphones

Source Front Array Left Array Right Array Rear Array
Simulated | Measured | Simulated | Measured | Simulated | Measured | Simulated | Measured
Far Center 0.18 1.90 0.35 1.79 0.67 2.02 0.40 1.82
Far Left 0.17 1.84 0.10 2.51 0.59 1.80 0.20 1.51
Far Right 0.32 1.71 0.60 1.68 0.45 2.04 0.27 1.73

on the dummy head. Furthermore, BRIRs corresponding to all the 12 WFS virtual
source positions (4 sets x 3 virtual sources) were also measured using dummy head.
Frequency responses of the compensated virtual WFS over headphones for WES
frontal array was compared with that of the measured physical WFES response. As
shown in Figure 6.9, clearly headphone compensated virtual WFES response closely
matches with the measured response for all the three virtual sources. Furthermore,
SD score was used to objectively quantify the spectral error between frequency re-
sponse of virtual source for virtual WFS over headphones and physical WFES array
playback. Table 6.1 lists all the SD scores for the 3 virtual source positions and
4 sets of measurement of loudspeaker array. Two reference transfer functions were
used to compute the SD scores namely, measured reference and simulated reference.
Measured reference is the actual measurement of WFS array response carried out
on the dummy head by playing WF'S virtual source through the loudspeaker array.
Simulated reference represents convolution of WES driving signals with respective

speaker BRIRs and synthesized at the listeners’ ears by summing them together. For
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estimated response, WFS driving signals convolved with the corresponding adap-
tive headphone equalized filters, summed together, played through the headset and
recorded at the dummy head’s ears. Clearly, using the multichannel version of hy-
brid FxNLMS, the spectral distortion is less than 1 dB with the simulated reference,
which indicates signals synthesized using virtual WES are exactly similar to the de-
sired WF'S response. However, with measured reference, slightly higher average SD
scores were observed of around 2 dB, ensuring no perceptual difference between
the physical and virtual WES performance. The temporal characteristics of virtual
WFS were validated by comparing the measured impulse responses (IRs) of physical
WFEFS virtual source with that of virtual WFS.

Figure 6.10 shows the impulse responses of centre WFES virtual sources for all
the 4 sets computed for the left ear of dummy head. Evidently, virtual WEFS sources
are reproduced accurately, with temporal features well matched with the measured
IRs as shown. However, very little differences in magnitude were observed similar
to the spectral distortion measurement. Hence, it can be concluded that using
virtual WF'S, virtual auditory scene can be reproduced similar to the physical WFS,
giving us an immersive sound experience. Since, there are no physical speakers

on rear and side in the proposed setup, we will use the virtual WES technique to

137



CHAPTER 6. A HYBRID SPEAKER ARRAY-HEADPHONE SYSTEM FOR
IMMERSIVE AUDIO REPRODUCTION

reproduce the rear and side auditory scene. For the frontal auditory scene, either
physical WF'S array playback or virtual WFES can be used. In the next section, we
present the frontal auditory scene processing and introduce a method to enhance

the performance of frontal auditory perception.

6.6 Frontal Auditory Scene Processing

Once WEFS render computes the driving signal, either frontal playback using WFS,
or rear and side playback over NAR headset, or both is rendered based on which
loudspeakers are active in the WFS enclosed array setup (Figure 6.2). In the pro-
posed hybrid setup, we assume that physical WFES array playback will provide the
strong frontal sound image quality along with the on-screen visual cues. Nonethe-
less, virtual WES over NAR headset can also be used for frontal playback along
with the rear and side auditory scene giving listener a personalized immersive sound
experience, although in this case frontal perception may not be as strong as in the
case of physical WFS array playback. In the next subsection, we will present the

headphone isolation compensation for frontal WFS playback.

6.6.1 Frontal array Playback with Headphone Isolation Com-

pensation

NAR headset with open earcup are used in the proposed hybrid system such that
direct sounds from the frontal loudspeaker array pass through the headphones ear
cup without much attenuation. However, due to the passive structure of the head-
phone, it acts as a low pass filter and high frequencies are attenuated depending
on the transfer function of the headphones ear cup. Headphone isolation effects
can be compensated by playing filtered driving signals through the NAR headset as
shown in Figure 6.11. Driving signals computed by the WFS renderer are passed

through compensation filters, We;(z) corresponding to each physical loudspeakers
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Figure 6.11: Headphone isolation compensation of NAR headset for frontal pro-
cessing
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Figure 6.12: Headphone isolation compensation filters estimation

and played back over the NAR headset such that when added to the direct signal
rint(n) received at internal microphone position, headphones become acoustically
transparent. Compensation filters are estimated individually using the speakers’
responses measured with and without headphones (P;(z) and G;(z), respectively)
and employing a normalized version of the FxXNLMS, as shown in Figure 6.12.

The main advantage of this approach is that the set of estimated compensation
filters is valid for any virtual source positions rendered by WFS. To validate the
headphone compensation approach, we measured the WFS virtual source frequency
response at listener position in the center of the listening area by playing the driving
signals through the frontal array. Figure 6.13 shows the frequency response of a WFS
virtual source measured with and without NAR headset along with the compensated
response. Clearly, headphones attenuation of 10-15 dB is observed in the high
frequency region above 1.5-2 kHz for the headphone modified frequency response.

After applying headphone compensation filters and adding with the direct signal,
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the resultant compensated frequency response approaches the original frequency
response measured without headset, as shown in Figure 6.13. In the next subsection,
we present the frontal WES playback using a hybrid method to further enhance the

performance of physical WFS array by suppressing the spatial aliasing artifacts.

6.6.2 Frontal array Playback with reproduction of high fre-
quency components over Natural Augmented Reality

headset

We have seen in subsection 6.4.1 that sound field of the WFS frontal array is only
correct up to spatial aliasing frequency. In high frequencies, correct sound field is
superimposed by the incorrect high frequency components due to spatial sampling
of the discrete loudspeaker array with large spacing. Aliased high frequency compo-
nents results in timbre change and sound coloration of the desired source spectrum
and varies with the source and listener movement. Furthermore, spatial aliasing can
also degrade the localization performance, especially in terms of sound image width
and locatedness. However, the dominant cue of the localization is provided by I'TD
in low frequencies below 1.5 kHz. In a perceptual study of linear WFS array with
different inter-loudspeaker spacing by Wittek [101, 104], it was found that locat-
edness of the linear array increases significantly when aliasing frequency increased
from 2.5 kHz to 7.5 kHz (i.e., decreased inter-loudspeaker spacing from ~12 c¢m to
~4 c¢cm ). In the same work, significant sound coloration were observed for linear
array with 12 ¢m or more loudspeaker spacing.

In this work, the idea is to substitute the aliased high frequency components of
the WF'S frontal sound field with correct unaliased sound field using virtual WES
technique over the NAR headset. Therefore, a hybrid WFS method is introduced
with low frequency components reproduced over the frontal WES array, while high

frequency above a cross-over frequency is reproduced using virtual WFS over the
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Figure 6.13: Headphone isolation compensation results for a WFS virtual source
1 m behind the array

NAR headset. Figure 6.14 illustrates how the reproduction of high frequency over
NAR headset can be carried out along with WFS physical array playback for low
frequency components with the help of virtual densely spaced speaker array. As
shown in the figure, virtual speakers works in tandem with the phsyical speak-
ers such that virtual speaker array with inter-spacing of 1 cm reproduces the high
frequency content over NAR headset, while physical speaker array with spacing
of 9 cm reproduces only the unaliased low frequency contents of the WFS virtual
source. Frontal playback processing method is shown in Figure 6.15. WFS driv-
ing signals computed from the WFS renderer for a densely spaced speaker array is
passed through a filter-bank comprising of a low-pass and high-pass filter with f. as
cross-over frequency. Low-pass filtered driving signals are played through the phys-
ical frontal array, while high-pass filtered driving signals are binaurally synthesized
using (6.7) and subsequently played back over the NAR headset after headphone
compensation. Figure 6.16 illustrates the hybrid WFS method for frontal auditory
scene processing using the frequency responses of WFS array. As we can see in the
Figure 6.16, physical WF'S array with spacing of 9 cm (referred as WFS_9) suffers

from spatial aliasing in high frequency above 3 kHz, while WFS array with 1 cm
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Figure 6.14: Hybrid WFS frontal playback: High frequency reproduction using
virtual densely spaced speakers. Black circle represents the physical
speakers with inter-spacing of 9 cm, while grey circle denotes the
virtual speakers with inter-spacing of 1 cm.
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Figure 6.15: Frontal playback processing block diagram using hybrid WFS method

(referred as WFS_ 1) spacing possess very little aliasing in high frequency. It should
also be observed that low frequency responses of WFS 1 matches with that of
WEFS_ 9 after level adjustment for larger number of loudspeakers. Therefore, spatial
aliasing can be eliminated by combining the aliasing-free high frequency of WFS_ 1
with low frequency components of WFS 9. As shown in Figure 6.16, hybrid WFS
combined spectra matches with that of WFS 1. There are two main advantages of

this approach:
1) Almost aliasing free sound field is presented to the listener.

2) There is no need to apply headphone-isolation compensation as high frequency
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Figure 6.16: Frequency responses illustration for frontal auditory scene processing
using hybrid WFS method. WFS_ 9 in top-left figure represents the
speaker array response with inter-spacing of 9 cm emulating phsyical
frontal array. WFS_ 1 in top-right represents speaker array response
with spacing of 1 cm emulating virtual WFES. Bottom left figure shows
the low-pass spectra of WFS 9 and high-pass spectra of WFS_ 1.
Finally, bottom right figure represents the combined hybrid WFS
response. Frequency responses were simulated for a virtual source
0.5 m behind the frontal array with listener position at 0.5 m in front
of the array.

contents are reproduced over NAR headset.

By reproducing low frequency over the physical speakers, we aim to provide listeners
with strong frontal localization cue dominant by ITD. However, it remains to be
seen how localization is affected by reproducing high frequency content over the
NAR headset, which also comes at high computational cost of driving many virtual

speakers. A subjective test is conducted to study the localization performance of
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hybrid WFS method and compared with that of the physical WFS playback as well
as the virtual WFS. In the next section, we present the subjective study to investigate
the localization and sound coloration performance of the frontal playback as well as

rear and side auditory playback.

6.7 Subjective Study

A listening test was conducted using WFS physical array setup shown in Figure 6.1.
For practical reasons, non-individualized BRIRs were used in the listening test. Non-
individualized BRIRs were measured on the Bruel & Kjaer 4128D head and torso
simulator for each of the 16 speakers in frontal array. Furthermore, dummy head
was rotated 90° three times in clockwise direction to measure the BRIRs for left,

rear and right array. Listening test was divided into three phases:
» Listening test 1: Evaluation of localization accuracy
e Listening test 2: Sound coloration in WES
« Listening test 3: Overall sound quality of WFS frontal playback

A total 15 subjects participated in the test with 13 males and 2 females all aged
between 20-30 years. Listening test was conducted in a small quiet room with
dimension of 3m x 2.5m x 4m. Subjects position were fixed in the center of the
room throughout the duration of the test. In the next subsections, we present the

results of the three listening tests.

6.7.1 Listening test 1 - Localization test

The main objectives of this first phase of listening test is to evaluate the localization
accuracy of virtual sound sources in terms of direction (azimuth), externalization,
elevation, and locatedness. Subjects were asked to mark the azimuth direction on

the scale of —180° to 180° with 0° being the look ahead direction. For externalization
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Figure 6.17: Target azimuth directions of virtual sources used in listening test

grading, subjects were asked to grade from inside head to much far. Ratings were
defined as, namely, 1) Inside head, 2) Very near, 3) Near, 4) Far, 5) Very Far, and
6) Much Far. Listeners were told to take length of their hand as reference for far
sources. Elevation were graded between 6 continuous levels, namely, 1) Much below
ear level, 2) Below ear level, 3) Ear level, 4) Just above ear level, 5) Much above
ear level, and 6) Near ceiling. For locatedness, subjects were asked to tell how well
they can localize the sound and grade between 5 levels from very bad (score of 1)
to very good (score of 5). All scores were graded with the help of a listening test
GUI developed in MATLAB. There were a total of 8 virtual sources in Figure 6.17
rendered using WFS methods that were presented to the subjects. Three of them
were in front direction (—25°, 0°, 25°), two on the each side at £90°, and three on
the rear side (—110°, 180°, 110°). For frontal playback, 6 different playback methods

were evaluated for localization accuracy:

1) Pure WFS_9: Physical WFS frontal array playback with listener always wear-
ing NAR headset.

2) Virtual WFS_9: Virtual WFS over NAR headset with speaker array spacing
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Figure 6.18: Azimuth accuracy for frontal virtual sources: Mean and their 95%
confidence intervals

of 9cm.

3) Virtual WFS__1: Virtual WFS over NAR headset with speaker array spacing

of lem.

4) Hybrid WFS_9: Hybrid WFS method for frontal playback with high frequency

reproduced over NAR headset using virtual WFS with 9c¢m speaker spacing.

5) Hybrid WFS_1: Hybrid WES method for frontal playback with high frequency

reproduced over NAR headset using virtual WFS with 1em speaker spacing.

6) WFS hic: Physical WFS frontal array playback with headphone isolation

compensation.

Since there was no physical speaker were present in the rear and side auditory
scenes in the listening room, virtual WFS_ 9 and virtual WFS_ 1 were evaluated
for localization performance for 5 virtual sources in rear and side in Figure 6.17.
Pink-noise burst signal of duration 4 seconds were used in this test to study the
localization performance. Pink noise was chosen as its spectrum is close to natural
signals, as well as its similarity with how human auditory system perceives sound

in logarithmic scale.

146



CHAPTER 6. A HYBRID SPEAKER ARRAY-HEADPHONE SYSTEM FOR
IMMERSIVE AUDIO REPRODUCTION

Listening test results for azimuth accuracy for three frontal sources are shown
in Figure 6.18 with mean subjective scores for each of 6 the methods and their 95%

confidence intervals. Below are some of the important observations from Figure 6.18:

o Mean subjective scores for Pure WFS 9 method is closest to the target virtual
source directions as compared to others, although larger standard deviations
are also observed for left and right sources. This could be due to the fact that
NAR headset attenuates high frequencies, which may increase sound image

width for some of the sources.

e WFS_ hic method results in lesser standard deviation as compared to Pure
WEFS_ 9 for non-central positions. This can be explained by the fact that in the
WEFS__hic method, high frequency components were boosted by headphone iso-
lation compensation over the NAR headset accompanied with physical frontal
array playback. However, more results are needed for frontal azimuths to make

it a general statement.

e The performance of the Hybrid WFS 9 is similar to the WFS_ hic, which
indicates that high frequency contents are identically reproduced in both the

cases.

o Hybrid WES_ 1 has the least standard deviations with mean scores only slightly
deviating from target positions for non-central sources. This implies the vir-
tual source is quite stable because of the fact that aliasing free high frequency

components are reproduced over the NAR headset.

e Azimuth accuracy for Virtual WES 1 and Virtual WFS_ 9 were observed to
be worse as compared to the other 4 methods. In addition, standard deviation
are also high in most of the cases, as shown in Figure 6.18. This can be at-
tributed to the inherent drawback of binaural technology as non-individualized
responses were used. Also, the Virtual WFS 9 method has higher standard

deviations than Virtual WFS__ 1 method, except for frontal right source.
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Figure 6.19: Azimuth accuracy for rear and side virtual sources: Center line in the
box represents the median value, while edges of the box are 25 and
75 percentiles responses. Top and bottom lines represent the extreme
subject responses, while outliers are shown in red.

Using pairwise t-test, it was found that mean scores for the Virtual WFS_9 were
significantly different from rest of the methods, except for Virtual WFS_ 1. Fur-
thermore, couple of subjects also reported front-back confusion for the two virtual
WFS methods. Figure 6.19 shows the results for azimuth accuracy of the five rear
and side sources with the help of box plots. In general it can be observed that
the Virtual WFS_ 1 has better azimuth accuracy than the WFS 9 method. For
the Virtual WFS_ 9 method, subjects could not distinguish between side left and
rear left source positions and their median scores are also similar. For the Virtual
WEFS 1, azimuth accuracy is good, although few outliers were also observed. For
source directly behind, most of the subjects perceived virtual source located slightly
on the right side for both the methods, similar to the frontal array case.
Externalization results are shown in Figure 6.20 for all the virtual sources. Since
externalization grades were consistent for all the three frontal sources, they were
averaged and shown in Figure 6.20. As shown, frontal sources rendered with Pure
WFS_ 9 and Hybrid WFS_ 1 were perceived significantly farther than the rest of
the methods. For the Hybrid WFS__ 1, this can be due to the fact and there is no
spectral peaks in the high frequency components, while for the Pure WFS_ 9 high

frequency attenuation due to headset could lead to increased externalization grades.
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Figure 6.20: Mean externalization grades with 95% confidence interval for both
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Figure 6.21: Mean elevation grades with 95% confidence interval for both frontal
as well as rear and side sources

Additionally, Virtual WFS_ 1 externalization grade is also significantly higher than
the Virtual WFS_ 9, which is also observed for all the rear and side sources. Fur-
thermore, virtual source directly behind the head were perceived to be near to head
using the Virtual WFS__ 9 method. Although mean externalization grades for Virtual
WEFS_ 1 were very high as compared to Virtual WEFS 9, their standard deviation
were also observed to be high for all the rear sources implying externalization of
virtual sources varied across the subjects. Overall, most of the subjects perceived
virtual sources to be externalized for all the sources. However, there was visual bias
to the listeners as speaker array was placed directly in front of them and could have
resulted in higher externalization grades, especially for virtual WFS methods. El-

evation results are shown in Figure 6.21 averaged for all the corresponding sources
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Figure 6.22: Mean locatedness grades with 95% confidence interval for both frontal
as well as rear and side sources

in frontal and rear directions. Clearly, the elevation grades lie between ear level
to just above ear level for all the different methods with no significant differences
between their means. Locatedness result is shown in Figure 6.22. As shown, Pure
WEFS_ 9 have least locatedness, while Hybrid WFS 1 have the highest locatedness
grade for frontal sources. Low locatedness of pure WES 9 can be explained by the
NAR headset attenuation, which might disrupt the high frequency spectral cues im-
portant for localization. Locatedness grades of other methods are similar and their
means are not significantly different. Mean locatedness of the Virtual WFS 1 was
found to be slightly better than Virtual WFS_ 9 method for both frontal as well as
rear and side sources as shown in Figure 6.22. This can be attributed to the fact
that the Virtual WFS 9 method has incorrect sound field in high frequency due to

spatial aliasing, which might affect the localization performance.

6.7.2 Listening test 2 - Sound coloration test

The purpose of this listening test is to evaluate the sound coloration of different
reproduction methods. More specifically, the goal is to investigate the spectral al-
terations in the synthesized ear signals due to the spatial aliasing of different WE'S

systems. Similar to the previous listening set, two virtual WFS methods (WFS_9
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Figure 6.23: Experiment setup for sound coloration test. Source positions are
indicated by green circle, while red circle indicates the two listener
positions.

and WFS__ 1) were used. For hybrid method, we also varied the cross-over frequency
resulting in three hybrid WFS methods, namely 1) Hybrid WFS 1500, 2) Hybrid
WFES 3000, and 3) Hybrid WFS_6000 with 1500 Hz, 3000 Hz and 6000 Hz as the
cross-over frequencies, respectively. By varying cross-over frequency, we aim to in-
vestigate the optimum cross-over frequency for the Hybrid WFS method with the
least sound coloration. Sound coloration was tested using virtual acoustics method,
where all sounds are reproduced over headphones so as to ensure all other attributes
except sound coloration is constant and does not change across the reproduction
methods. Any sound coloration introduced by the virtual acoustics system is as-
sumed to be constant throughout all the different methods. Similar method was
used in recent works [186, 187], to evaluate the coloration in WFS. Similar to pre-
vious test, pink noise burst sequence was chosen as stimuli because of its highest
sensitivity to any change in timbre. For evaluation of sound coloration of different
WF'S methods, standard MUSHRA [188] GUI interface [189] was considered with

hidden reference. Two virtual sound source positions and two listener positions were
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Figure 6.24: Mean coloration grades with 95% confidence interval for 5 reproduc-
tion methods

evaluated in 4 sets of experiment, as shown in Figure 6.23. Virtual source was po-
sitioned 0.5m behind the speaker array, while listener was positioned 1m in front
of the array. The two source and listener positions were separated by distance of
0.5m. In each set, one reference sound track along with 6 test tracks including one
hidden reference was presented to the listener. For reference, two ear signals were
synthesized by convolving the HRIRs of dummy head for virtual source position with
pink noise burst stimuli. Test signals were processed using the respective 5 WFS
methods and were normalized to match the loudness with reference sound. Subjects
were asked to grade the processed tracks on a scale of 0 to 100 as compared to the
reference sound. Score of 0 indicates test track is exactly similar to the reference,
while score of 100 indicates timbre of test track is very different. Listeners were
specially instructed to grade only based on timbre difference and not on localization
or any obvious loudness difference.

Result for mean perceived coloration grades along with their 95 % confidence
interval for the 5 reproduction methods is shown in Figure 6.24. The main observa-

tions from the results are summarized below:

o Reference sound was correctly identified with minimum coloration in all the

cases.
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Figure 6.25: Frequency spectra of drum beats stimulus versus pink noise stimulus

o WFS 1 and Hybrid WFS_ 1500 methods have the least perceived coloration
grades among all the reproduction methods. This is expected as both meth-
ods have very high spatial aliasing frequency, resulting in the least timbre

difference.

o When virtual source is in the left, WFS_ 1 and Hybrid WFS__ 1500 have similar
coloration grades with no significant difference between their means. However,
when virtual source is in center, coloration of Hybrid WFS_ 1500 is higher than
that of WFS__1. This can be explained by the fact that sound coloration in

WFS also depends on source and listener position.

o As expected, WFS 9 with spatial aliasing frequency around 2 kHz have high-
est sound coloration followed by Hybrid WFS 6000 and Hybrid WES_ 3000.
Clearly, as the cross-over frequency increases, coloration increases with the

increase in spatial aliasing in the synthesized sound signal.

e Mean coloration grades of all the methods except for the Hybrid WFS 1500
for two source and two listener positions were found to be insignificant at 95

% significance level.
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6.7.3 Listening test 3 - Owverall audio quality test

The main objective of this listening test is to evaluate the overall audio quality
of proposed hybrid WFS method for frontal playback. For this phase, a drum
beats stimulus with percussion is chosen for evaluation since its spectrum is similar
to a pink noise spectrum (up to 10 kHz), as shown in Figure 6.25. Similar to
sound coloration test, MUSHRA interface was used in the listening test for grading.
However, reference sound in this phase is the virtual source rendered by physical
frontal WFS array with subject wearing the NAR headset. There were 6 other

reproduction methods under test in this phase:
1) Hybrid WES 9

2) Hybrid WFS_1500: Same as Hybrid WFS_1 in subsection 6.7.1 for localiza-

tion test.
3) Hybrid WFS_3000
4) Hybrid WFS 6000
5) Virtual WFS_9

6) Virtual WFS_1

Three virtual sources were used in the evaluation for frontal playback, as shown
in Figure 6.8 with listener positioned in the center of the listening area. Subjects
were asked to rate overall audio quality on a seven-grade (-3 to 3) comparison scale
as recommended in ITU-R BS.1284-1 [190]. The definitions of the seven-grade is
defined below:
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grade definition
3 Much better
2 Better
1 Slightly better
0 Same as reference
-1 Slightly worse
-2 Worse
-3 Much worse

The overall audio quality as compared to reference sound were judged on the

basis of two sound attributes:

1) Frontal image quality, i.e. the sound is predominantly coming from the front

direction, and

2) Timbre clarity, i.e. good timbre quality in high frequencies and sound is

brighter.

Additionally, any distortions in high frequency may result in poor audio quality as
compared to the reference. Result for audio quality grades is shown in Figure 6.26.
Reference sound was always correctly identified which imply that reference sound
was clearly distinct from the test tracks. The Hybrid WFS_ 1500 method results
in the best audio quality compared to the reference Pure WFS__9 sound, follows by
the Virtual WFS 1 and the Hybrid WFS_3000. The Hybrid WFS_ 1500 method
was graded significantly better than the Virtual WFS 1 despite the fact that spec-
tral characteristics of both of them were identical. This result is in agreement with
our initial assumption that by using the physical frontal WEFS playback, the frontal
perception can be more predominant, as compared to pure headphone playback
method. Since the Hybrid WFS 1500 method reproduces low frequency compo-
nents below 1.5 kHz using physical array and un-aliased high frequency components

over NAR headset, it enhances the frontal perception of the Virtual WES 1 method.
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Figure 6.26: Overall audio quality grades: Mean scores with their 95% confidence
interval

It should be noted that the reference sound, which is a physical frontal playback
rendered sound, suffers from dullness in high frequencies due to headphone atten-
uation of NAR headset and that is why, most of the test sounds were rated with
better audio quality grades. Mean scores of the Hybrid WFS_ 9 and the Virtual
WEFS_ 9 were close to the reference sound but with higher confidence intervals vary-
ing from slightly worse to slightly better. Both Hybrid WFS_ 9 and Virtual WFS_ 9
also have similar frequency spectra with significant spatial aliasing in high frequency
as observed in sound coloration test. That is why some subjects rated them slightly
worse because of the timbre distortions perceived as metallic sound. However, some
subjects also rated them slightly better, which can be attributed to the fact that
they have better clarity in frequencies as compared to the reference. Furthermore,
as cross-over frequency were increased for the three hybrid WFS methods, audio
quality of the rendered sounds decrease from much better to slightly worse. On the
one hand, the Hybrid WFS_ 1500 has high timbre clarity as well as aliasing free
sound field resulting in highest quality grades. The Hybrid WFS 6000 method on
the other hand, has low timbre clarity as well as timbre distortion due to spatial
aliasing up to 6 kHz and thus, resulting in mean audio quality score closer to the
reference sound. In the next section, we discuss some of the limitations of the pro-

posed system followed by the concluding section summarizing the main findings of
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the proposed hybrid WFES setup

6.8 Limitations of the Proposed Hybrid system

Below are some limitations of the current proposed hybrid system with possible

improvements:

e Limited to a 2D sound on a horizontal plane reproduction: This is one of
the well known practical limitations of WFES as discussed in Section 3.3 and
Section 1.2 because of the linear array only in horizontal plane and sources
in median plane cannot be reproduced. There are few works in the literature
to reproduce elevated sources. Montag in [5] employed multiple line arrays in
the vertical plane for elevated sources by applying vertical amplitude panning.
This is an interesting approach and can be investigated in home scenarios by
employing double layered loudspeaker array mounted on top and bottom of
the television screen. Elevation sensation can also be reproduced by combining
WFS with HRTF elevation cues using a 2D array as shown by [180]. Similar
technique can also be applied in the proposed hybrid setup to perceive height
perception which is very important for multimedia application like gaming,

movies etc.

» Coloration due to listening room acoustics: The purpose of the hybrid system
is present the virtual auditory scene to the user such that one has the illusion of
being there in the virtual environment. However, the listening room acoustics
add undesired room reflections to the reproduced sound field. There have been
several works in the past for compensation of the room acoustics [124-126, 191]

which can be applied in our case as well.

o Limited to a single user: Proposed hybrid system can be easily extended to
more than one user with the help of multiple NAR headsets and by applying

adaptively equalized filters corresponding to each listener position.
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» Fixed user position with no head movement: With today’s advanced tracking
devices, both user head rotation as well as translational movement can be
tracked in real-time and accordingly compensation will be applied through

NAR headset.

6.9 Conclusions

In this chapter, we presented a hybrid system combining a physical WF'S array repro-
ducing the frontal auditory scene, while rear and side auditory scene is synthesized
over NAR headset using virtual WFS. Open headphones, which are embedded with
two pairs of microphones, are used to adapt to compensate for the individual HPTF,
which is essential for desired sound field reproduction. With emphasis on the strong
frontal localization cues, we use the physical WF'S frontal array along with visual aid
to provide listener an immersive sound experience when used in conjunction with
open headset for surround sound. WFS renderer is used as the processing core to
compute all the driving signals and therefore, can provide seamless integration of
physical WFS with the virtual WFS over headphones. Dummy head measurement
results for virtual WFS show that spatial and temporal characteristics are retained
in the virtual sound field reproduction as well. Although open headphones were
used, high frequencies above 1.5 kHz were still attenuated by the earcup resulting in
dullness of the high frequencies sound. Therefore, two hybrid reproduction methods
were introduced to further enhance the frontal perception when listening with the
NAR headset. In the first method, headphone isolation compensation approach was
used so as to make the NAR headset completely transparent. Secondly, a hybrid
WEFS method was introduced, where aliasing-free high frequency components were
reproduced over the NAR headset and only low frequency components were ren-
dered over the frontal physical array. In this way, the entire audio spectra is almost

free of sound coloration.
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A detailed subjective study was conducted to investigate the performance of
proposed hybrid WFS methods in terms of localization, sound coloration and over-
all audio quality. Since, the aim of the proposed setup is to provide listeners an
immersive sound experience, it is important to provide listeners strong frontal per-
ception along with the presence of rear and surround sound without the need of
additional surround speakers. In the localization task, subjects were asked to tell
the direction, externalization, elevation level and locatedness of the virtual source.
For frontal virtual sources, it was found that Hybrid WFS methods had better direc-
tional accuracy as compared to only headphones playback method (Virtual WES 9
and Virtual WES_1). For rear and side sources, Virtual WFS__ 1 method performs
better than that of frontal directions with good directional accuracy. Externaliza-
tion of the Hybrid WFS method (Hybrid WFS_ 1) with minimum spatial aliasing
and Pure WFS methods were observed to be significantly better than the others.
Virtual WFS_ 1 method with minimum spatial aliasing clearly outperforms rest of
the Hybrid WFS (WFS_ 3000 and WFS_6000) and Virtual WFS_ 9 methods. For
rear and side sources, same trend was observed with high externalization grades
for virtual WFS method with minimum spatial aliasing. Elevation level of all the
virtual sources were perceived between ear level and just above ear level. Located-
ness of the Hybrid WFS_ 1 method for frontal sources was observed to be highest,
although only slightly better than the rest of the virtual and hybrid methods. For
rear and side sources, there were no significant difference between the locatedness of
two virtual methods with virtual WFS_ 1 being slightly better than virtual WFS_ 9.
Overall, using the hybrid WFS method, when there is minimum spatial aliasing, re-
sults in high localization accuracy compared to other methods. Sound coloration test
between different test methods indicated that Hybrid WFS method cross-over fre-
quency of 1.5 kHz was optimum with minimum sound coloration along with virtual
WFS method with similar frequency spectra. As the cross-over frequency spectra

increases, spatial aliasing also increases, resulting in severe sound coloration. Fi-
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nally, overall audio quality test was conducted using a drum beats stimulus in terms
of frontal image quality and timbre clarity. Here also, it was interesting to find
that hybrid WFS with optimum cross-over frequency was found to be better than
the corresponding virtual WEFS method. To summarize, the proposed hybrid WFS
setup can be used in home scenarios with complete 360° sound experience and better
frontal playback performance when accompanied with high frequency reproduction
over the NAR headset. The hybrid WFS set up proposed in this chapter is able to
auralize virtual sound sources all around the listener with the help of virtual WFS
rendering hundreds of loudspeakers, which comes at the cost of very high com-
putational complexity. Furthermore, in practical multimedia application with 3D
audio-visual immersive experience, multiple virtual sources will need to be rendered
adding to the complexity of the proposed hybrid setup. Therefore, a real-time GPU
implementation of a three-fold WFS framework is presented in the next chapter.
Exploiting the inherent massive parallelism in WFS, hundreds of driving signals can
be driven by rendering multiple virtual sources in real-time and at the same-time
binaurally synthesized signal can also be computed using virtual WES for multiple

listeners.
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Chapter 7

Fast and Efficient Real-Time GPU
Based Implementation of Wave
Field Synthesis

As concluded in the preceding chapter, hybrid WF'S setup is a heavily computa-
tional intensive with lot of data parallelism to exploit. For this setup to be realized
in practice, system must be able to render all the driving signals along with the
binaural signals for NAR headset to provide a seamless listening experience to user.
Furthermore, it must be scalable to any number and any size of speaker array se-
tups. In this chapter, we present a fast and efficient real-time GPU implementation
of WF'S systems.

This chapter! is organized as follows. Related works on GPU implementation of
WEF'S systems is mentioned in Section 7.2. In Section 7.3, we give an overview of GPU
architecture and CUDA programming model highlighting on ways to optimize the
GPU performance. Real-time WF'S framework is presented in Section 7.4. In Section
7.5, we present the GPU implementation of WFS with optimization techniques and

memory overhead reduction methods. Simulation result is explained in Section 7.6

1 This work has been published in

R. Ranjan and W.S. Gan, "Fast and efficient real-time GPU based implementation of wave field
synthesis," in Proceedings of International Conference on Acoustics, Speech and Signal Processing
(ICASSP), 2014, pp. 7550-7554.
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with key findings reported in the concluding Section 7.7.
7.1 Introduction

Wave Field Synthesis (WFS) is a spatial audio reproduction technique capable of
reproducing high fidelity sound in large listening area with the help of loudspeaker
arrays [48]. Listeners get to experience realistic sound scene as they are free to move
in the listening area and virtual sources are localized as close as possible to their true
positions. In practice, such high fidelity systems require many driving units, while
rendering multiple virtual sources, making WFS a heavy computationally complex
system. Commercially viable solutions from SonicEmotion [116] and IOSONO [115]
can render up to 64 real-time sources for 24 and 32 driving units, respectively. Fur-
thermore, before hardware implementation can be realized, the synthesized sound
field quality needs to be analyzed across the entire listening area. Thus, two pro-
cessing blocks, namely, synthesized signal block and sound field synthesis block are
added to the system, which can be used for real-time analysis of a WFS setup. Col-
lectively, we call such system: a three-fold WFS setup. Overall, WFS is a highly
parallel data intensive application but suffers from limited resource problem and low
throughput when implemented on today’s multi-core PC platforms.

With the advent of graphics processing units (GPU), maximum resource uti-
lization can be achieved using parallel computing architecture. Recently, modern
GPUs like GTX590, C2075, K10 etc. have hundreds to thousands of processing
cores, which can handle massively parallel and computationally intensive applica-
tions such as WFS. Essentially, algorithms written for small-scale multicore PCs
need to be sufficiently parallelized and adapted for multithreading architecture to
take full advantage of today’s GPUs. Additionally, in real-time spatial audio appli-
cations, GPU must process the audio data within a fixed time interval, while also
taking account of the GPU-CPU data transfer overheads. This makes parallelization

the most critical task for performance improvement.
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In this chapter, we present a generic real-time implementation of three-fold WFS
setup on GPU using CUDA [192] technology with MATLAB [193]. Low level par-
allel programming language, CUDA is used to achieve peak performance by giving
complete control of GPU architecture to the user. Concretely, the main objective
of this work is to develop a fast real-time implementation of WFS, which would
ultimately be deployed for the proposed hybrid WFES setup presented in Chapter
6. High system throughput has been achieved by efficiently mapping the massive
data parallelism into WFS and thereby, taking advantage of running thousands of
threads in parallel. Simulation results for GPU implementation show that peak sys-
tem throughput of 1,400 Mega samples per second (MSPS) can be achieved with 20

folds improvement over CPU based implementation.

7.2 Related Work

Due to the advent of more powerful GPU, we are seeing new works related to
the real-time spatial audio processing applications like, WFS on GPU platforms.
Theodoropoulos et al. [194, 195] implemented WE'S on different multicore platforms
including GPU with the focus on architectural perspectives of these platforms. They
reported speed up of around 10-20 times on GPU against Intel core 2 duo PC and
estimated up to 64 real-time sources rendering for 96 loudspeakers. In [196], real
time implementation of WFS was proposed on GPU and CUDA using NU-Tech
framework [197] with peak speed up achieved up to around 4 times, although there
is no mention of number of real-time source rendering. In [191], authors implemented
WES and a room compensation block with added computational complexity on three
different GPU platforms. Their implementation achieved real-time rendering up to
50, 80 and 300 sources for Tesla, Fermi and Kepler architecture, respectively when
room compensation was not applied for 96 loudspeakers. In contrast to above works,

our implementation is based on hybrid time-frequency approach, which has lesser
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Figure 7.1: NVIDIA GPU architecture overview. Adapted and modified from [7]

computational complexity. In addition, two processing blocks are also implemented
in GPU for sound field analysis. System throughput is used as a better measure of
system performance instead of speed up. In the end-to-end comparison with [191]
and our Fermi GPU, we obtained around 4 fold improvement in number of real-time
In the next section, we present an overview of the

sources for 96 driving units.

NVIDIA GPU and the CUDA programming model.

7.3 GPU and CUDA Overview

With the increasing number of multiple processors and multithreading capabilities,
GPU is becoming popular for general purpose parallel computation for wide ranging
scientific applications like sparse matrix solvers, molecular simulation, air traffic low
analysis, computational physics etc. Recently, multichannel audio systems are also
getting popular at the cost of massive computational complexity to drive all the
GPUs are being utilized to optimize the signal processing

speakers in real-time.

operations like FIR filtering, fast convolution, FFT and inverse transforms [198; 199
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required in multichannel audio systems. GPU is designed such that it is dedicated
for high data intensive and parallel computation tasks rather than the control flow
and caching mechanism in the case of CPU. Therefore, CPU is optimized to provide
low latency task, while GPU supports high throughput by executing tasks in parallel.

A typical NVIDIA Fermi GPU architecture is shown in Figure 7.1 [7]. The
GPU consists of scalable number of streaming multiprocessors (SM), which are in-
terconnected through L2 cache and global device memory. Each SM comprises of
32 cores (processors), 4 special function units (SFUs), software programmed shared
memory, constant memory and dedicated multithreading scheduler. CUDA is the
programming language, which executes a program in parallel as thread using single
instruction multiple data (SIMD) software model. CUDA works in conjunction with
CPU. While CPU works as host and executes the sequential program, it transfers
data to GPU for parallel execution by GPU as CUDA kernel for multiple threads. In
the next subsection, we highlight importance of thread blocks, warp and coalesced

memory access to optimize GPU performance.

7.3.1 Thread Blocks, Warp and Coalesced Memory access

Threads in a GPU are grouped as thread block (TB), which are executed concur-
rently on a multiprocessor. Within a TB, threads are executed as warp and all
threads in a warp are scheduled together for execution. A warp is a group of 32
threads executed as a batch by SM, which means 32 instructions are dispatched and
executed simultaneously on the 32 physical cores. That is why, size of TB is usually

taken as multiple of 32 threads to maximize the GPU efficiency i.e.,

sizeof TB=Q x 32; Q i1s aninteger. (7.1)

But due to the limited size of registers and shared memory in a single SM,

maximum number of threads that can be executed at once in a TB is 1024. Since
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size of thread blocks are decided by the programmer, the assignment of number of
threads per block should be done carefully to maximize the utilization of available
resources. Less number of threads per block cause load latency in global memory
access. In addition, there should enough be number of thread blocks to be executed
simultaneously on all the multiprocessors. Number of TBs to each SM is dependent
on the requirement of shared memory and registers by each TB. More memory
and registers per block further limits the number of TBs per multiprocessor. For
example, if shared memory of size 48 KB is used for data sharing among 1024
threads in a TB, we have only (48K B/1024 = 48) 48 bytes available for storage of
data in each thread. Furthermore, we need to have at least 2 TBs per SM so that
multiprocessor is not idle during thread synchronization. Therefore, we must choose
lesser number of threads per TB so as to maximize the GPU efficiency.

Warp scheduler in each SM uses pipe-lining mechanism to avoid memory latency.
For a TB of 256 threads or set of 8 warps, first warp will be executed first. If warp
need to read/write data from global memory and while it is waiting for the memory
access, SM schedules next set of warp for execution and so on. Since global memory
latency is usually around 100 clock cycles, till the time 8 warp is scheduled and 1st
warp is still waiting for the data from global memory, then another TB is scheduled
for execution to hide the global memory latency. The time for memory access
depends on the algorithmic complexity as well as traffic on the GPU bus.

Another important issue in maximizing in the GPU performance, is to ensure
coalesced memory access. When a warp executes an instruction that access global
memory, it coalesces the memory access of threads into one or more memory trans-
actions. In other words, the data to be read/write must be in contiguous memory
locations so that they can be translated into fewer memory accesses by warp because
data transfers to and fro from the global memory implicitly affects the instruction
throughput and kernel latency. Data re-organizations are needed to ensure maxi-

mum coalesced memory access within a warp. In this context, thread block configu-
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rations are also crucial to the total throughput of the GPU program. Thread blocks
in CUDA can be be chosen as up to 3D matrix and we should choose optimal TB
configuration to maximize the coalesced memory access. We will discuss about this
further in the Section 7.5 on how to choose optimal TB configuration. Next, we

discuss different GPU related overheads limiting overall performance.

7.3.2 GPU Overheads

In the above subsection, we explained how different optimization techniques can be
applied to maximize the GPU efficiency once CUDA kernel is launched from the
host environment. However, there are other overhead which may affect the overall

execution time of an application:

¢« GPU environment initialization time

o GPU memory setup time

GPU CUDA kernel launch time

e Data transfer time from host CPU to GPU and vice-versa.

Out of the above, first overhead is due to setup of the GPU environment, which
is just one-time. Second overhead is due to time taken in setting up or free some
memory on GPU and is usually in the order of few microseconds. GPU CUDA kernel
launch time is also usually in the order of 10 microseconds. These three overheads
are usually insignificant as there are enough parallelism in the application to be
exploited in GPU. Data transfer overhead, which is the time taken to copy data
from CPU memory to GPU device memory via the PCle bus, is a significant factor
in deciding how much a workload can be accelerated on GPU. Moreover, it depends
on the amount of data to be transferred to-and-fro for GPU processing and limited
by the PCle bus bandwidth. It is possible that data transfer overhead in some

applications is more than than the GPU actual computation time and thus, limiting
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Figure 7.2: Predicted data transfer time using (7.2) for PCle bandiwdth of 8 GB/s
corresponding to Nvidia Tesla C2075 GPU and o = 10us

the overall performance [200]. Boyer et al. [201] proposed a model to predict the
CPU-GPU data transfer time as function of data size (D):
D

Toverhead(D) = o+ m (72)

where « is the fixed latency representing transfer of first byte and Bw is the PCle
bus bandwidth. Figure 7.2 plots the typical data transfer latency for a Nvidia Tesla
C2075 GPU with bandwidth equal to 8 GB/s on PCle x 16 Gen2. Value of « is taken
as 10us as found out in other works [201, 202]. Clearly with small data transfer size
of less than 10 KB, overhead is dominated by « and constant at 10us. For larger
data transfer size (> 1 MB), overhead increases linearly reaches upto 100 msec for
1 GB of data. With multichannel audio systems requiring a lot of data transfers,
this overhead can be a bottleneck in such real-time applications. Below we show
how data transfer overhead can affect overall GPU performance using an example

for multichannel audio streaming.

Multichannel real-time audio application: Real-time audio systems require

multiple source signals (Ns) as input and output multiple loudspeaker signals (L).
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In addition, they may also require some static or dynamic filtering. Lets consider
a fast block convolution based implementation, which would need 2M samples (M
previous and M current samples) of each source signals to be transferred to GPU for
processing. After computation of all the loudspeaker signals, 2M samples for each
loudspeaker signals need to be transferred back to CPU. With M = 512 samples
as audio incoming buffer, overall execution time including data-transfer overhead
must be less than 11.2 msec at 44.1 kHz. Lets consider number of sources as Ns
and number of loudspeakers L equal to 100. Total amount of data-transfer size with

word size of 64 bit (8 Bytes) can be computed as:

D=Nsx2M x8+L x2M x8~ 1.6 MB

From Figure 7.2, data-transfer size of 1.6 MB will result in approximately 0.2 msec
of data transfer overhead which is 1.72 % of the total required execution time (11.6
msec) and thus, limiting the overall speedup of GPU. With the case of dynamic
filtering, data transfer overhead becomes more critical as all the FIR filter coefficients
need to be transferred every frame as against static case, where coeflficients are
transferred only once. Therefore, we must try to minimize the data-transfer between
CPU and GPU as much as possible even if that mean executing some task on GPU
without any speedup. Additionally, pinned (page-locked) CPU memory, batching
small data transfers into one large transfer and overlapped execution with other host

processing can also be used to reduce data transfer time [203].

7.4 Real-Time WFS Framework

The three-fold WFS spatial reproduction setup is shown in Figure 7.3. Using a linear
array of loudspeakers, driving signal (block PB1) for each loudspeaker is governed
by (3.7, 3.8) and subsequently, used in synthesis function (3.4, 3.5) altogether for

processing blocks PB2 and PB3, as shown in Figure 7.3.
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Figure 7.3: Real-time WFS processing framework with processing blocks (PB1,
PB2 and PB3)

The processing blocks PB2 and PB3 can be used to assess synthesized sound field
quality for different kinds of WFS setup. PB2 computes the virtually synthesized
binaural signals at Ls listener positions for real-time playback over headphones. PB3
synthesizes snapshots of the sound field in the entire listening area (dimax x dimz)
for different test signals. dimax X dimz represents the number of sample points in
the entire listener area. These snapshots can also be used for analysis of several
artifacts, like spatial aliasing, truncation effects and amplitude errors.

For real-time processing, one frame of audio data must be processed within
the tframe (framesize/sampling frequency). At the same time, we should aim to
maximize the system throughput by processing more data within ¢¢,4me. The real
time implementation of WFS setup is based on overlap-save technique with 50 %
overlap using frame size of M current samples and M previous samples. As shown
in Figure 7.3, driving signal block (PB1) is divided into three stages, namely, (a)
pre-filtering for multiple sources, (b) individual driving signals due to all sources at
each loudspeaker, and, (c¢) compute driving signals using reduction sum of output
matrix at stage (b). Real-time filtering using block convolution is generally faster
in frequency domain [191]. Therefore, pre-filtering is implemented in frequency
domain, while the rest of the stages have been implemented in spatio-temporal
domain. Recent contributions [204, 205] have also shown that real-time filtering of
multiple data can be processed concurrently on GPU. Pre-filtering is carried out by

element-wise complex multiplications of 2M FFT transformed multiple source data.
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Table 7.1: Computational Complexity of different computation stages in PB1
(MAD: Multiply/Addition; ADD: Addition)

| Stage | time-frequency [this work] | time [194, 195] | frequency [191, 196] |

FFT (a) 2Mlog2M x Ns - 2Mlog2M x Ns
MAD (a) 12M x Ns 8M? x Ns 12M x Ns
IFFT (a) 2M log 2M x Ns - -

MAD (b) L x M x Ns L x M x Ns 8L x 2M X 2Ns
ADD (c) L x M x Ns L x M x Ns 2L x 2M x Ns
IFFT (c) - - 2M log 2M x L

7.4.1 Computational complexity of WFS

WF'S driving signals can be efficiently computed in time-domain using delayed and
weighted version of the pre-filtered source signal. For multiple sources, driving
signals for each source is summed together. However, pre-filtering of the source
signal can be efficiently computed in frequency domain as against time domain
using the FFT. Table 7.1 summarizes the computational complexity of different
computations stages in PB1 for the three implementation approaches. Clearly, time-
frequency approach seems to have the lowest complexity for larger values of virtual
sources and speakers (say, Ns = 100and L = 100) but also has high memory
usage because previous samples of driving signals need to be stored for delayed
value of pre-filtered source signals. Both frequency and time domain approaches
have high arithmetic density due to complex arithmetic operations and circular
convolutions, respectively, resulting in higher complexity. Blocks PB2 and PB3
are also implemented in time-domain using weighted and delayed contribution from
driving signals at listener positions with computational complexity L x M X 2Ls

and L X dimx X dimz respectively.

7.5 GPU Implementation

Most of the audio processing is done in GPU using low level CUDA programming

language along with MATLAB as host environment, controlling the GPU execution.

171



CHAPTER 7. FAST AND EFFICIENT REAL-TIME GPU BASED
IMPLEMENTATION OF WAVE FIELD SYNTHESIS

512 512
samples samples

ﬁIIIII‘IIIIIIIIIIIIIIIIIIIIIIII

N

revious
previows [TTTTT]

50% overlap

Data transfer ” | | | I l | | | I l | | Incoming source stream
to GPU @ -
| Pro-filtoring 2M x Ns launched with thread
CUDA Kernel @ EET block of size 256 threads
Discard first
half M samples IINRRANRNAERE|
a_l
512
2048 samples
samples
previous filtered buffer [ [ [T [ [ [[ [T |[[1]]]] prefiltered source

To Driving Function Block
(weight and delay)

Figure 7.4: Block-wise processing of incoming source data and pre-filtering of one
source (M = 512) : Stage (a)
Recently, MATLAB has added the support for GPU computing to its parallel com-
puting toolbox (PCT) to take advantage of the parallel computing from MATLAB
environment [206]. MATLAB along with the CUDA kernels [207] serves as a useful
tool for the fast development of existing MATLAB applications onto GPU using
custom CUDA functions, as well as overloaded MATLAB functions for GPU. The
datasets to be computed are carefully partitioned into multiple contiguous blocks
to take advantage of the data reuse using the on-chip cache and exploit coalesced
memory access as much as possible. WFS algorithm is also segregated into paral-
lel functions to exploit maximum data parallelism. Other CPU-GPU optimizations
include shared memory, constant memory, data reorganizations, and overlapped ex-
ecutions are also taken into account to further speed up the processing time. We
will now describe the implementation of each parallel task on GPU along with the

optimization choices made for the best performance.
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512) : Stage (b)

7.5.1 Pre-filtering of multiple sources

Once the current M samples of audio source data is available, total 2 (M current
and M previous samples) samples of the input data is transferred to GPU global
memory for pre-filtering of the all the sources in parallel as CUDA kernel as shown
in Figure 7.4. Computational complexity of this task is in O(2M x Ns), where N's
is the number of sources. A total of 2M x Ns threads are launched with thread
block size of 256 threads. KEach thread computes one complex multiplication for
a single source sample with the corresponding filter coefficient. Shared memory
is used to synchronize the common filter coefficients within a thread block. Both
MATLAB built-in overloaded FFT function for GPU, as well as NVIDIA CUFFT
library [208] are considered, since both can perform frequency transformations for

multiple sources concurrently.

7.5.2 WFS driving signals computation

Driving signals are computed in time domain after taking inverse Fourier transform
and discarding first invalid M samples from output at stage (a). The current M
pre-filtered samples are then merged with previous 2,048 samples to form pre-filtered
source buffers (to access delayed samples of source signals). As mentioned in Section

7.4, driving signals computation is further divided into two stages to extract the
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Figure 7.6: CUDA kernel execution times for different TB configurations ( Ns =
100, L =161, M =512, Ls = 1;l x m = 256) : Stage (b)
maximum data parallelism. First, individual driving signals are computed as three-
dimensional output matrix of size (L x M x N's). Kernel is launched with L x M x N's
threads with two dimensional thread blocks of size [ x m threads, corresponding to m
samples of [ driving signals. A thread block computes these [ x m samples with each
thread computing one sample of the corresponding driving signal. Two dimensional
thread block configuration is chosen as driving signal can be computed independently
for each virtual source. Weight and delay values are computed once for each speaker
position and are reused using shared memory within a TB. Since, each thread need
to access previous and current pre-filtered source samples, pre-filtered source buffer
is also transferred to shared memory and shared across a thread block to further
reduce the global memory latency. The processing stage (b) for individual driving
signals for each virtual source is shown in Figure 7.5 along with the 3D driving signal

kernel matrix of size (L x M x Ns).

Optimum TB configuration (Ixm) : Optimum thread block configuration should
be chosen such that to maximize the global memory access as coalesced as
possible. Let us consider the above processing stage (b) of individual driving

signals computation.. The input to this stage is the 2D audio source data
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1)

2)

of size (M + 2048) x Ns, where 2048 is the previous samples of pre-filtered
source. Output to this stage is a 3D individual driving signal matrix of size
(L x M x Ns), which is also the size of CUDA kernel as shown in Figure 7.5.
For computation of each sample of driving signal, we would need 8 bytes of
audio source data to be read and 8 bytes of loudspeaker signal data to be writ-
ten in addition to other intermediate data like loudspeaker positions, weight
and delay values, which approximately equals to 36 bytes per thread. But if
we recall, for maximum TB of size 1024 threads, we can only have 48 bytes
of data for storage. Thererefore, to be on safer side, we choose TB of size
256 threads so as to allow other TBs to use the shared memory as well during
thread synchronization. Since, each [ speaker in a TB uses same source data
for computation of driving signals, it is obvious that a TB comprising few sam-
ples and few speakers can give us higher throughput by employing the sharing
of pre-filtered audio data. For our case, [ x m = 256 and we wish to determine
optimum value of [ and m, which will give us the minimum execution time of
CUDA kernel for driving signals computation. We consider two extreme cases

of Il x m:

[ xm =1x256 (i.e., 1 speaker x 256 samples): Since, there is only speaker in
the thread block, for all the 256 samples of the driving signals constant delay
is to be used. Thus, Memory read can be completed quickly in two clock cycles
(32 x 8 = 256 bytes for each warp to be read as 128 byte requests) as filtered
source data to be accessed are located in in continuous memory locations. For
memory write, since there is only sample or 8 bytes of data to be written,

coalesced memory access is not maximized.

[ x m =256 x 1 (i.e., 256 speakers x 1 sample): Since there are 256 speakers
and only one samples to be computed for each of them, there are different
delay values needed for all 256 threads (or speakers). In this case for for

each 256 speakers a sample is computed. Since the delay values are different,
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Figure 7.7: Reduction sum for computation of driving signals : Stage (c)

memory read can be sparse and thus, memory read now may take multiple
cycles. However, memory write in this case, can be completed in just two

cycles as memory address to be written are also contiguous.

Both the extreme cases are not able to maximize the coalesced memory ac-
cesses and therefore, optimum TB configuration will be somewhere in between
the two extreme cases, which will optimize the memory transactions per warp.
Result for execution times of different TB configurations tried is shown in
Figure 7.6 along with the impact of shared memory optimization. As shown,
there is a trade-off between choices of [ and m, with optimum thread block
configuration found to be 4 x 64 for a fixed block size of 256 threads. At the
two extremes, execution time of kernel is more than that of the in-between
choices of [ and m. Similarly, optimum thread block sizes for other kernels
have also been found. Furthermore, shared memory usage in stage (b) results
in reduction in execution time of CUDA kernel by half as against one without

shared memory usage.

Finally, driving signals for each loudspeaker are computed by summing all the
individual driving signals for all the sources using reduction sum resulting in 2D
output driving signal matrix of size of L x M as shown in Figure 7.7. Since reduc-
tion sum is a sequential operation, kernel with L x M threads will result in very
low throughput with each thread performing Ns serial additions. Furthermore, re-

duction sum for driving signals for all the source have high data dependency. We
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parallelize the reduction sum using binary tree based parallel reduction [209], where
partial sums are computed in parallel and synchronized within thread block. There-
fore, a separate CUDA kernel is launched with (L x M x Ns) threads with one
dimensional thread block of size Ns. Each thread block computes one sample of a

driving signal using parallel reduction and result is written back to global memory.

7.5.3 WFS synthesized binaural signals computation

Similar to the driving signals computation, processing blocks PB2 and PB3 are
implemented in GPU by launching two separate kernels, one for computations of
weighted and delayed driving signals and other for the parallel reduction sum (see
subsection 7.5.2). First kernel is launched withL x M x 2Ls threads and L x dimzx X
dimz threads respectively, for PB2 and PB3. For second kernel, each thread block
(of size L threads) computes one sample of synthesized signal at a given listener

position using parallel reduction sum for both the processing blocks.

7.6 Simulation Results

Our processing platform consists of the Intel quad core i7 processor as CPU, and
Fermi architecture based C2075 as 448-core GPU with 14 streaming multiprocessors
(SMs). We analyze the performance of the real-time WES setup based on imple-
mentation aspects, like latency and throughput of the system as well as algorithmic
complexity. It should be noted that the CPU implementation inherently takes ad-
vantage of the multicore host architecture and multithreading by MATLAB inbuilt
functions.

Number of speakers and sound sources are the two main parameters, which con-
trol the real-time performance of the WFS driving function block both in terms
of efficiency and reproduced sound field quality. In order to create a realistic and

practiced WFS system, multiple sources rendering over huge loudspeaker array is
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Table 7.2: Average execution times (msec) for WFS processing blocks (Ns =
1, L =161, M =512, Ls = 1, dimx = dimz = 256)

| Platform | PBIL [ PB2 [ PB3 |

CPU 1.94 | 2.08 | 745.5
CPU+4GPU | 1.56 | 0.37 | 2.7

required. But, a real-time implementation poses constraints on the number of loud-
speakers and sources, and often there is a trade-off between performance and be-
havior of the system. Fewer loudspeakers can result in spatial aliasing and smaller
listening area, while limited number of virtual sources may not give an enriching
sound experience to the listeners. Since modern GPUs are capable of running thou-
sands of threads in parallel by exploiting massive data parallelism inherent in an
application, real-time performance can be improved significantly, while at the same
time achieving desired sound field quality.

Table 2 shows the average execution time per frame for the three processing
blocks rendering a single source. Execution times reported for GPU is inclusive of
the data transfer between host and device. After normalizing the reported execution
time by the number of samples processed for each block, PB3 is clearly identified
as the slowest block (PB1 = 0.97, PB2 = 0.52 and PB3 = 2.91 msec per sample
processed) before GPU optimization. It executes 275 times fast after GPU optimiza-
tion, which is mainly due to the inherent massive data parallelism involved in the
computation of synthesized signals for 256 x 256 listening points. On the other hand,
PB1 is the slowest block after GPU optimization given the lack of much parallelism
in single source rendering and overall execution time is dominated by the data trans-
fer latency. It should also be noted that computational complexity of PB1 is directly
dependent on number of source signals as against PB2 and PB3, where it is mainly
dependent on the number of listener positions and number of loudspeakers. GPU ef-
ficiency of the system can be considerably improved when there are many sources to
be rendered by extracting more data parallelism. However, increasing the workload

on GPU will also incur high global memory overhead. As discussed in Section 7.5,
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Figure 7.8: Percentage improvement in execution times due to different GPU op-
timization techniques over GPU non-optimized implementation for

PB1+PB2 (Ns =100,L = 161, M =512, Ls = 1)

several optimization techniques can be applied to speed up the system. Figure 7.8
shows the impact of major optimizations on system performance. As shown in Fig-
ure 7.8, shared memory with optimum thread block size has most of the impact in
improving the GPU performance with 59% share for the driving function block PB1.
However, for block PB2, there is only 13% improvement over non-optimized GPU
implementation. This is mainly due to the fewer data parallelism present in PB2 as
compared to PB1 when there are multiple sources to rendered. Another significant
effect is due to the parallel reduction sum especially, if CUDA kernel is launched
with hundreds of threads in case of driving signals computation with many sources.
Finally, overlapped execution, which was used to perform some of the data transfers
and host processes simultaneously with kernel execution, also resulted in 7% latency
savings.

Figure 7.9 shows the average execution times per frame and peak throughput
of the overall system for blocks PB1 and PB2. Processing time for the system
must be less than t4me for WFS setup to perform in real-time. Thus, GPU can
render up to 1,000 real-time sources for 9 speakers or 200 real-time sources for
161 speakers. At the same time one can also listen to the synthesized binaural

signals for given listener positions in real-time. System throughput is calculated as
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Figure 7.9: Average Execution times and Peak throughput of overall system (PB1
+ PB2) (M =512, Ls = 1)

number of sampled processed per unit time. As shown in Figure 7.9, optimized GPU

implementation can have peak system throughput of 1,400 Mega samples per second

(MSPS) almost twice of the non-optimized GPU implementation and 20 times of

the CPU based implementation. It is also important to note that throughput can

be substantially improved by increasing the GPU workload and hence, exploiting

the maximum data parallelism in GPU.

7.7 Conclusions

In this chapter, we presented a fast and efficient real-time GPU implementation for a
wave field synthesis system. We have successfully accelerated the overall WEFS setup
with peak throughput of 1,400 MSPS using several GPU optimization techniques.
20-fold improvement was achieved over CPU based implementation, while up to 200
sources can be rendered in real-time using array with hundreds of loudspeakers. In
addition, for high-end GPUs running thousands of parallel threads, we are able to
synthesize WFS signals at any listener positions in real-time with as many sources.
One of the main features of this work is that all the audio processing is done in GPU,

while CPU is freed for other independent tasks like I/O buffering or overlapped data
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transfers. Among the several optimization techniques, shared memory provides us
the most significant performance improvement. The GPU implementation presented
in this work can easily be integrated with the hybrid WFE'S setup for a densely spaced
virtual speaker array rendering. As shown in this work, both processing blocks PB1
and PB2 can be carried out in real-time, which implies that virtual WEFS rendering
for rear and side auditory processing of the hybrid WFS setup can be realized
in practice seamlessly with the frontal physical array playback. Furthermore, the
proposed GPU implementation can easily be scaled to any number of speakers and
sources only to be limited by the number of CUDA cores and real-time constraint

of the application.

181



Chapter 8

Conclusions and Future Works

8.1 Conclusions

In this thesis, we studied the challenges involved in natural listening over both
headphones and loudspeakers. Therefore, contributions of this thesis is categorized

into two major works:

1) Natural listening over open headphones for augmented reality applications

using adaptive filtering techniques and their extensions for practical scenarios.

2) A next-generation entertainment system using a hybrid speaker array-headphones

system for use in home scenarios.

In the first part of the thesis, we investigated natural listening over headphones in
AR based applications. Natural listening in AR based scenarios requires user to
be constantly aware of surroundings with both virtual and physical sound sources
present in the real world. However in virtual reality applications, the listener is
assumed to be teleported to a virtual auditory environment and is disconnected
with the physical surroundings. Therefore, it is essential that virtual objects should
sound alike real sources and must give the feeling of “being there” in the real auditory
environment. Individualized HRTFs and listener environment’s transfer functions
must be used in order to create an illusion that virtual sources are coming from

physical environments. Furthermore, non-flat spectrum of the conventional head-
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phones alters the intended sound at listener’s ears. HPTF, which represents the
headphones’ emitter responses as well as reflections with earcup and pinnae, are
unique to every individual and individual headphone equalization must be applied
to the individualized BRIRs.

We introduced a natural augmented reality (NAR) headset, which employs adap-
tive filtering techniques for individual headphone equalization for AR applications
(Chapter 4). The proposed NAR headset has two pairs of microphones with two
microphones (one internal and external) on each side of the ear cup. Internal mi-
crophone was attached to the NAR headset such that it was positioned just below
ear canal opening, while external microphone was attached just outside the ear cup.
With the help of these sensing microphones, individualized responses in the listener
environment can be measured readily. Furthermore, open headphones were chosen
for the prototype such as to allow external sounds to be heard without much attenu-
ation. For virtual source reproduction via binaural synthesis, individual headphone
equalization is applied using adaptive algorithms to compensate for the HPTFs. A
hybrid adaptive equalizer (HAE) based on the combination of conventional FxNLMS
and modified FxNLMS is introduced to facilitate fast convergence and optimum
SS-MSE for the binaurally synthesized signals. Modified FxNLMS is proposed with
additional spatial filter introduced in the secondary path to improve the convergence
rate as against conventional FxNLMS. However, it was observed that the modified
FxNLMS does not adapt entirely to the desired response in high frequencies for
some of the source positions, whereas conventional FxXNLMS suffers from higher SD
in low frequencies. Combining the two approaches helps in converging to the desired
sound quickly and optimally. Using simulation with stationary white noise signals,
SS-MSE reduction of more than 25 dB were observed with SD values within the per-
ceptually tolerance limit. This implies that virtual sound is reproduced perceptually
similar to the direct natural listening. Additionally, the proposed adaptive equal-

ization technique should also work in the presence of environment/physical world
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sounds. It was found that HAE method results in lower SS-MSE in the presence
of external sounds, implying virtual sounds are not synthesized close to real sounds
and might lead to unnaturalness. Therefore, HAE approach is further extended for
the augmented reality mode, where both virtual and external sounds are present
such that external sounds do not interfere with the convergence process of HAE.
Adaptive estimation of external sound signals using the signals received at external
microphones can be used to remove their effect from the equalization process. A
listening test was conducted using individualized BRIRs to evaluate the natural-
ness of the virtual sounds and perceptual similarities between the virtual and real
sources. Listening test result shows very high source confusion % for the case, where
subjects identified both virtual and real sources as real implying virtual sounds were
perceived quite realistic and illusioned with the real sounds. Subjects could not
differentiate between real and virtual sounds and their positions in 3D space were
also in very close vicinity. Moreover, perceptual similarity between real and virtual
sound sources further increased the realism in an augmented scenario with both real
and virtual sources present.

We further addressed some of the major practical limitations of the NAR headset
in Chapter 5. NAR headset requires individualized impulse responses for virtually
synthesized signals to be as close as possible to real sounds. For AR based scenarios,
BRIRs must be measured in listener physical environment, it is imperative that NAR
headset should be able to acquire listener’s transfer function in a convenient, quick
and efficient manner. With the help of a head-tracker attached on NAR headset and
using continuous acquisition method based on NLMS identification method, it was
shown that individualized BRIRs can be measured promptly as user moves his head.
However, in this approach one needs a loudspeaker continuously playing a perfect
sine sweep signal for the duration of measurement. It needs to be investigated
if smartphone can be used to playback and record the perfect sine sweep signal

response as well as estimate the BRIRs in real-time. Furthermore, we proposed the
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following three extensions of the NAR headset for practical use:

1)

2)

3)

Adaptive equalization of NAR headset using non-stationary virtual sounds
like speech, music, etc.: In practice, virtual sounds are much different from
white noise and are non-stationary in nature. NAR headset should be able to
work equally well for non-stationary signals. But, the transient nature of these
signals hampers the performance of the proposed HAE method. We extended
the HAE approach by introducing a training phase using white noise signal
and a real-time playback phase using any virtual signals. The training phase
is exactly the same as HAE method, while the playback phase uses a copy
of the equalized filter derived from training phase in addition to an adaptive
compensation filter for virtual signals. Results from simulations using speech

signals show that extension works well with good convergence.

Fast detection of any large changes in physical secondary path response and
fast estimation of HPTF: Although, the HAE approach is robust to small mis-
matches between secondary path model (h,(n)) and its physical counterpart
(hnp(n)), any large changes in HPTF can result in lower MSE and thus, must
be compensated. HPTF detection method is introduced based on running
power estimate to quickly detect any large variation in HPTF due to either
headset repositioning or refitting. Once it is detected that physical secondary
path response is significantly different from its model, playback of virtual sig-
nals is stopped and HPTF estimation begins. HPTF estimation is carried out
using a probe signal sent out through headset and its response recorded at
internal microphone position. Perfect sine sweep signal is used as probe signal
and NLMS algorithm used for secondary path identification. It was found
that HPTF can be estimated quickly within 100 millisecond because of the

very short length of physical secondary path.

Resolving causality issue in adaptive estimation of external signals for HAE
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method: We extended the adaptive equation for non-stationary virtual sig-
nals with online adaptive estimation of real signals. In practice, environment
sounds can come from any direction and consequently, adaptive estimation
suffers from causality when external sound reaches internal microphone ear-
lier than the external microphone position. It was observed that performance
of adaptive estimation degrades significantly, especially for the contralateral
ear, when there is longest difference between arrival time at two ears. This is
resolved by adding a forward delay in error signal path and feedback path of
the adaptive compensation of HPTF', which is now referred as delayed FxLMS
(FxDLMS). Using simulation results, it was found that an appropriate step-
size needs to be chosen with trade-off between convergence speed and minimum

MSE.

In the second part of this thesis, we presented a hybrid WFS setup combining WFS
and binaural synthesis over NAR headset to provide listener an immersive listening
experience for home scenarios (Chapter 6). Physical frontal array was used for the
frontal playback using WFS, while rear and side auditory scene was virtually syn-
thesized at listener’s ears through the NAR headset using virtual WFS method. An
enclosed WF'S array setup is proposed with rear and side speakers acting as virtual
speakers rendered over the NAR headset. WFS renderer is used as the processing
core to compute all the driving signals and therefore, can provide seamless integra-
tion of physical WF'S with the virtual WE'S over the NAR headset. For virtual WE'S,
a multichannel version of the adaptive equalization for NAR headset is presented to
compute the equalized speaker BRIR filters for headphones playback. Simulation
results using dummy head measurements show that temporal and spectral char-
acteristics of physical WFS sound field were retained in the virtually synthesized
WFS sound field. Although the NAR headset is open-back, it attenuates sound
signal at high frequency above 1.5 kHz by 10-15 dB. Headphone isolation can result

in dullness of the sound and hamper the frontal playback performance especially,
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it being crucial for home entertainment applications. Therefore, we presented two
methods to compensate for the high frequency attenuation. First, a headphone
isolation compensation approach was introduced, where WFES driving signals were
convoluted with compensation filters, summed together and played back over the
NAR headset along with the physical array rendered sound. The compensation fil-
ters account for the high frequency attenuation and thus, compensate for it when
played together with the frontal WE'S array playback. In the second method, we also
aim to minimize the spatial aliasing artifacts of the physical array by reproducing
only aliasing free high frequency components of equalized driving signals over NAR
headset, while low frequency components were rendered over the physical frontal
array. In this way, the entire playback spectra is almost free of sound coloration. It
was assumed here that low frequency reproduction over physical speakers ensures
better frontal perception as ITD is predominant for localization below 1.5 kHz [210].
However, high frequency spectral cues also help in sound localization and it remains
to be seen how localization is affected by reproducing high frequency components
over the NAR headset.

A detailed subjective study was conducted to investigate the performance of
proposed hybrid and virtual WFS methods for frontal playback and virtual WES
methods for rear and side auditory scene playback in terms of localization, sound
coloration and overall audio quality. In the localization task, subjects were asked
to tell the direction, externalization, elevation level and locatedness of the virtual
source. For frontal virtual sources, it was found that hybrid WFS methods had
better directional accuracy as compared to the virtual WFS methods, validating
our assumption that the reproduced low frequency over the physical array indeed
provides better frontal perception. Physical WFS array playback resulted in best
azimuth accuracy but higher standard deviations were observed. This is possibly
because of the high frequency headphone isolation, resulting in increased sound

image width. For rear and side sources, virtual WFS method with aliasing free
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high frequency components performs better than that of frontal directions with
good directional accuracy. Virtual sources were found to be well externalized in
most of the cases. However, for frontal playback, physical WFS and hybrid WFS
playback with minimum spatial aliasing were found to have significantly higher
externalization grades than other methods. Among other methods, virtual WES
method with minimum spatial aliasing had slightly higher externalization than rest
of the virtual and hybrid playback methods with aliased sound field. For rear and
side sources, similar trend was observed for the two virtual WFS methods. All
the virtual sources were perceived to be between ear level and just above ear level
as reported by most of the subjects. However, few subjects reported that virtual
sources, especially in rear directions, were observed to be very near to head and much
above ear level. This was more predominant for virtual WEFS method with spatial
aliasing present in high frequencies. Spectral peaks and notches in the high frequency
might disrupt the spectral cues that are important for localization. Locatedness of
Hybrid WFS method with very high aliasing frequency was observed to be highest
for frontal sources, although only slightly better than rest of the virtual and hybrid
methods. For rear and side sources, locatedness for virtual WEFS method was only
slightly better when aliasing frequency increased from 2 kHz to 18 kHz. However, in
the perceptual study conducted by Wittek [101, 104], locatedness of the WFS array
degraded significantly when aliasing frequency decreased from 7.5 kHz to 2.5 kHz.
In the second listening test, sound coloration of different hybrid and virtual
WEFS methods were evaluated as compared to point source as reference sound. It
was also investigated how the sound coloration varies as cross-over frequency (f.) of
the hybrid WFS method is increased from 1.5 kHz to 6 kHz. Hybrid WFS method
with cross-over frequency of 1.5 kHz was observed with minimum sound coloration
grades. As the cross-over frequency increased, increased spatial aliasing resulted
in severe sound coloration. Sound coloration of virtual WFS method was found

to be better than hybrid WFS with similar frequency spectra for off-center source
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position. In the third and final listening test, overall audio quality was evaluated
using a drum beats stimuli with spectrum similar to that of pink noise. Subjects
were asked to judge the overall audio quality in terms of frontal image quality and
timbre clarity. Any timbre distortion in high frequencies could result in degradation
of overall audio quality. In this task, physical array playback was chosen as reference.
Since NAR headset would attenuate the high frequency sound, reference sound was
assumed to have poor timbre clarity. It was interesting to find that hybrid WFS
with minimum sound coloration was found to be the best overall audio quality
followed by the virtual WFS method with similar spectra. Reproduction method
with aliasing characteristics similar to that of physical WFS array were graded
between slightly worse to slightly better. To summarize, the proposed hybrid WFS
setup can be reliably used in home scenarios with entire 360° sound experience
and better frontal playback performance when accompanied with high frequency
aliasing-free reproduction over the NAR headset.

The hybrid WFS setup comes at the cost of high computational complexity as
WFS renderer needs to compute driving signals for an enclosed setup comprising
of hundreds of loudspeakers. WFS driving signals were binaurally synthesized at
listener’s ears using the virtual WF'S technique and thereby, further increasing com-
putational complexity. With the advent of modern graphics processing units (GPU)
like GTX590, C2075, K10 etc. and hundreds to thousands of processing cores,
massively parallel and computationally intensive applications, such as WFES can be
optimized with significant throughput improvements. In Chapter 7, we presented a
fast and efficient real-time GPU implementation for a WFS system comprising of
both driving signals computation as well as binaural signals synthesis using virtual
WEFS. GPU optimization methods like shared memory, overlapped execution, data
reorganization, parallel reduction sum, were used to successfully accelerate the WFS
system. Peak throughput of 1,400 mega samples per second (MSPS) was achieved

using several GPU optimization techniques. 20-fold improvement was achieved over
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Figure 8.1: Natural listening using NAR headset

CPU based implementation, while up to 200 sources can be rendered in real-time
using the array with hundreds of loudspeakers. Shared memory provides the most
significant performance improvement among the different optimization techniques
applied. Furthermore, we are able to synthesize binaural signals at any listener po-
sitions in real-time with as many sources. One of the main features of this work is
that all the audio processing is done in GPU using low level CUDA programming,
while MATLAB running on CPU as host is free for other independent tasks like I/O

buffering or overlapped data transfers.

8.2 Future Works

With the advent of AR wearable devices like Microsoft Hololens [211], Recon Jet
[212], Sony SmartEyeGlass, [213] it is becoming more important to provide nat-
ural listening experience to the user so that one can connect with what they are
seeing through the devices. In this thesis, a conscious effort has been made to
provide listener with a realistic experience via headphones in augmented reality
scenarios. With today’s embedded processors operating at hundredth of MHz, its

processing power is more than sufficient to handle the computational complexity
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of the proposed algorithms. The proposed NAR headset can be further refined so
as to integrate it into conventional wearable devices as shown in Figure 8.1. NAR
headset currently works best when individualized BRTFs of the user are available.
Individualization techniques can be added to the NAR headset so as to enhance
the listening experience when using generic/non-individualized HRTFs. Out of the
existing individualization techniques, one simple method is subjective tuning from
an extensive set of per-measured HRTFs database. Sunder et al. [142] proposed
an individualization technique using frontal projection headphones as the frontal
emitter inherently contains the frontal pinna cues. With the NAR headset, similar
methods can be applied for individualization. We can take advantage of the fact that
transfer functions measured using NAR headset at external microphones does not
contain any pinnae cues and can be used for virtual sound synthesis in conjunction
with inverse of free-field headphone ear-cup response. In this context, the position
of the microphones are critical and need to be investigated firther. Furthermore,
constant adaption of environment characteristics are required when listener moves
from one place to another. The two external microphones can be used to capture
surroundings sound and extract important environment parameters. Head tracking
should also be added into the NAR headset so that virtual sound objects can be
adjusted in physical space according to the head orientation as well listener transla-
tion movements. NAR headset can also be extended for noise canceling mode when
surroundings are too loud and external sounds must be suppressed by generating an
anti-noise signal through the NAR headset.

With the arrival of HDTV, 3D TV and curved TV, users at home are now more
engrossed in watching movies, sports or playing games. However, spatial 3D audio
system is still not fully viable in the home entertainment systems, which can be
integrated seamlessly with the 3D video content to fully immerse viewers in a 3D
audio-visual experience. There is a great research potential in this direction to

make the user experience more immersive by combining 3D audio with visuals. The
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hybrid WF'S setup proposed in this work aims to fulfill this objective by providing an
immersive audio experience. However, for such setups to be practically realizable in
TV, audio contents must be recorded and spatially encoded so that it can be rendered
over any flexible playback system. Recently, we are seeing standardization of 3D
audio content via MPEG-H with support added for audio objects based encoding
and transmission, which are apt for speaker array playback systems like WFS. It
needs to be further investigated if the proposed hybrid WFS setup can be readily
applied in different multimedia applications. The current setup can also be further
extended to multiple listeners especially, for rear and side auditory scenes playback

with no physical speakers present.
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