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1. Introduction

Spatial hearing provides us with information about our surroundings:
the location of multiple sound sources along with their corresponding dis-
tance, information about the space they reside in and their content. Para-
metric spatial sound technologies are multichannel signal processing al-
gorithms that aim to capture, analyse and render a complex sound scene
for a human listener in order that he or she obtains an understanding of
the environment or has the auditory experience of being there.

The topic of the dissertation is the development of parametric spatial
sound algorithms using compact microphone arrays. Compact microphone
arrays are especially appealing; they are portable and can be easily fitted
in mobile or handheld devices thus extending the applicability of micro-
phone array-based spatial sound signal processing algorithms to devices
being utilised in everyday life situations, sometimes even as personal as-
sistants. A sound-focusing algorithm can, for example, extend our abili-
ties for a clearer understanding of a complex sound environment due to its
ability to obtain information only from specific directions within a sound
scene while discarding all other sound information. This concept can be
then extended to provide an enhanced understanding of the whole sound
scene that was not previously possible. An application of such algorithms
is the reconstruction and/or modification of a sound scene that can give
the impression of being there. Improving, enhancing, and providing such
new experiences can improve some aspects of the quality of life.

This dissertation considers the concepts of capturing, manipulating, and
rendering a sound scene with compact microphone arrays. Capturing a
sound scene consists of utilising multiple microphones to record and anal-

yse its characteristics. The manipulation of a sound scene is defined by the
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target application whether this involves the analysis of specific directions
or the whole 3-D space. The rendering part then collects all information
from the capturing and manipulation stages and visualises it or renders
it over loudspeakers or headphones.

The term parametric refers to the fact that in the capturing stage a
single or multiple parameters able to describe the sound scene are esti-
mated. Two application classes of spatial audio processing are consid-
ered within the context of this thesis: directional filtering and reproduc-
tion. Both classes are perceptually motivated, meaning that signal pro-
cessing techniques are adapted for human listeners, exploiting their ca-
pabilities and limitations. The improvement of conventional signal pro-
cessing algorithms that can estimate parameters such as direction of ar-
rival (DOA) using the spatially constrained active intensity and steered-
response power beamformers are also studied in this thesis, due to their
usefulness within the context of directional filtering. DOA estimators can
provide information about the sound sources within an environment and
their trajectories. A directional filtering algorithm can then utilise this
information for focusing in single or multiple directions of interest.

The algorithms developed in this thesis were evaluated using numerical
simulations and/or prototype devices that were specifically built to show a
more realistic performance. Prototype microphone arrays as well as com-
mercial ones were utilised to capture the sound field. In those cases where
the spatial audio algorithm implemented in this thesis involved rendering
through headphones or loudspeakers, the whole system has been evalu-
ated not only with instrumental measures but also with listening tests.

This introduction provides an overview of the basic concepts of sound,
spatial hearing, and spatial sound processing technologies. The main con-
cepts are explained here while the technical details can be found in the
published articles. The introduction is organised as follows: Section 2
provides an overview of spatial sound as a physical phenomenon and how
to capture it with microphones. Section 3 provides an overview of the
human perception of spatial sound, section 4 deals with the directional
filtering as a spatial sound technology, section 5 provides an overview of
spatial sound reproduction technologies, section 6 summarises the main

contributions, and section 7 provides the conclusions.
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2. Background

Three-dimensional sound scenes are part of our everyday life experiences:
having a conversation in a room, walking in a crowded street, or listening
to an orchestra in a concert hall. These sound scenes consist of single or
multiple sound sources and their interaction with the space. A complex
sound scene can be seen as a superposition of sound waves. A sound wave
is produced when particles in a medium undergo vibrations. Such waves
can be therefore described by observing the instantaneous displacement
of the particles inside the medium. Spatial sound technologies, which is
the focus of this dissertation, utilise multichannel signal processing tools
for the capture, analysis, manipulation, and rendering of complex sound

scenes.

2.1 Physical properties of a sound field

Obtaining information of sounds in a room can provide us with knowl-
edge about the sound sources and the room itself. Sounds propagate in
and interact with a medium, and the sound arriving at a receiving point
comprises the direct sound, its early reflections and the late reverbera-
tion [3, 4]. In the context of this thesis, we consider the medium to be
a closed or open space and that the basic properties of a sound field can
be described by measuring the room impulse response (RIR) at a specific
position inside a space. A RIR can be divided into three parts: the direct
path, the early reflections that occur when the sound interacts with the
boundaries of the medium, and the late reverberation. A typical RIR is
shown in the top panel in Fig. 2.1. The direct path is the straight line

connecting the sound source and the receiver, thus providing information
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amplitude

0 0.1 0.2 0.3 0.4 0.5
time (sec)

magnitude (dB)

0 0.5 1 1.5 2 25 3
time (sec)

Figure 2.1. Impulse response of the a concert hall (top) and the energy decay (bottom).

about the sound source itself. The early reflections are sound waves emit-
ted from the source that interact with the walls, ceiling, floor or objects
placed inside the room. The density of reflections increases over time, and
after a certain amount of time, typically around 80 ms , they are consid-
ered to be part of the late reverberation (ISO 3382, 1997) [5]. The energy
decay of the response, shown in the bottom panel in Fig. 2.1, is commonly
characterised by the reverberation time RT¢y which is defined as the time
taken for the energy to decay 60 dB [3]. In the example in Fig. 2.1 (bottom)
RTgp is approximately 1.5 sec.
A formula to estimate the reverberation time RTg, in seconds has been
proposed by Sabine [3]
RTg = 0.161%7 2.1)

where V is the volume of the room and A = «S is the equivalent ab-
sorption area with a being the average absorption coefficient and S the
surface area. The assumption for estimating the reverberation time is
that the decay of the energy starts from an ideal diffuse field, which can
be approximated by the late reverberation [3].

Additional information about the room, such as the frequency content

20
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Figure 2.2. Frequency response over time of the RIR depicted in Fig. 2.1.

of the RIR in time, which is not evident in the RIR, can be obtained with
a spectrogram. The room is excited by a sound source differently for dif-
ferent frequencies. Therefore a time-frequency analysis of the RIR can be
informative. In Fig. 2.2, the spectrogram of the same RIR in Fig. 2.1 is
depicted on a linear scale.

The physical properties of the sound field can be described by two quan-
tities: the pressure p and the particle velocity u. The pressure is scalar
while the particle velocity is a vector. With these two quantities the in-
stantaneous intensity vector with frequency k at a measurement point
(z,y, 2) is defined as

I(k) = p(k)u(k). (2.2)

The real part of the intensity vector R(I) (R is the real-part operator) is
called the active intensity and indicates the direction of energy flow at the
point [6, 7].

2.2 Capturing the properties of a sound field

The pressure variations caused by a sound source in a room can be cap-
tured at a point or at multiple points in space with acoustic transducers
such as microphones. Microphones are used to measure the sound pres-
sure and to transform it into an electrical signal. The two main types of
microphones are the pressure and pressure gradient microphones. Pres-
sure microphones comprise a membrane placed at the end of a cavity and,
in principle, they can measure pressure variations equally from all direc-

tions [8]. In practice, and for high frequencies or small wavelengths, the

21



Background

omnidirectional sub-cardioid cardioid hyper-cardioid figure-8
Q Q 0 Q Q

Figure 2.3. Polar graphs on a logarithmic scale of ideal first-order microphone.

cavity of the microphone affects the actual response of the microphone.
This occurs when the microphone scaffolding or support is larger than
the wavelength. Pressure gradient microphones, also known as a velocity
microphones or figure-8 microphones consist of a diaphragm open from
both sides. They are capable of detecting differences in pressure in both
sides of the diaphragm. Pressure gradient microphones can also be con-
structed by subtracting the signals of two closely-placed omnidirectional
microphones.

First-order directional microphones with varying directional patterns
can be constructed by combining the signals of a pressure and a pressure
gradient microphone with different weights and assuming that the mi-
crophones are placed at the same position [8]. The resulting directional

pattern is described with the following polar equation

pa(p) = wpp(d)) + (11— ’wp)UX(¢)v (2.3)

where p indicates the angular response of a pressure microphone for an-
gle ¢ € [0,360], uyx is the angular response of a pressure gradient micro-
phone, and wy, is a real-valued weighting factor. The resulting directivity
patterns are shown in Fig. 2.3 for different values of w;,: sub-cardioid

(wp = 0.7), cardioid (w;, = 0.5) and hyper-cardioid (w, = 0.25) [8].

2.3 Microphone arrays

Microphone arrays consists of a set of acoustic sensors positioned in dif-
ferent geometrical arrangements. The advantage of using multiple micro-
phones is that the spatial attributes of the physical quantities of a sound
field can be captured. Signal processing techniques that spatially sam-

ple the sound field have numerous applications, such as estimating the
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Figure 2.4. Prototype compact microphone arrays constructed for experiments during
the dissertation. From left to right: open 5-channel circular microphone
array or 1.5cm radius, different-radii wooden rigid cylinders able to fit 5
to 8 microphones, 8-channel cylinder of 1.3 cm radius, 8-channel cylinder or
4 cm radius, 3-channel mobile-like array made with styrofoam and 7-channel
mobile-like array made out of wood.

spatial attributes of a sound field [9, 10, 11, 12], localisation of single or
multiple sources [13, 14, 15, 16], sound source separation or beamforming
[17, 18] and sound field reproduction [19, 20, 21, 22, 23]. The underly-
ing signal processing technique utilising microphone arrays is to combine
the microphone signals so that at the output the signal is characterised
by a directional selectivity. Such an operation is called beamforming. A
number of signal-independent and signal-dependent techniques utilising
microphone arrays are discussed in section 4.

There are two main categories of microphone arrays: additive arrays
and differential arrays. Additive arrays were commonly utilised in signal
enhancement and noise suppression applications and they usually require
a large inter-microphone spacing. Each microphone signal measures and
converts the acoustic pressure into an electrical signal. All the micro-
phone signals are then combined in a signal processing unit. On the other
hand, differential arrays measure the spatial derivatives of the acoustic
pressure. This is performed by placing two sensors very close and sub-
tracting the output signals to get a pressure gradient signal. By extend-
ing this concept to multiple microphones, higher order directivity patterns
can be obtained but with the cost of microphone self-noise amplification
[24].

Narrow directivity patterns can also be achieved by placing an omnidi-

rectional sensor on the surface of a rigid object. Examples of such studies
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Figure 2.5. Angular frequency response of a single omnidirectional microphone fitted on
the surface of a rigid mobile-like device.

are provided in [25]. Spherical and cylindrical baffles are of special inter-
est since they provide a symmetrical directional response in two and three
dimensions respectively. Analytical solutions for the directional patterns
of microphones placed on rigid objects exist for spheres and infinitely long
cylinders [26, 27]. For other arrangements one would need to either mea-
sure the steering vectors in an anechoic chamber or model them with nu-
merical simulation software. By measuring the steering vectors in an
anechoic chamber it is possible capture the exact geometry of the array
and the characteristics of the different microphones.

A number of prototype compact microphone arrays have been developed
within the scope of this work, shown in Fig. 2.4. An illustrative angular
frequency response is depicted in Fig. 2.5. An angular spectrogram is
essentially the frequency response of the microphone for a sound source
in various directions. The response was measured in an anechoic cham-
ber using the swept-sine technique [28]. The response is from a single
omnidirectional microphone mounted in the middle of the the rightmost
microphone array in Fig. 2.4. The effect of the rigid body is clearly seen in
the figure as the response of the microphone becomes directional between
100Hz and 10kHz. Right after 10 kHz there is destructive interference
which causes a dip in the response, and at all frequencies above that it

becomes directional.
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3. Perception

As discussed in section 2, sound is produced by the vibration of an object.
These vibrations cause a disturbance in the surrounding particles. Specif-
ically, the particles of the surrounding medium experience condensation
and rarefaction, resulting in a pressure change. The particle movement
is a local movement, producing a sound wave which moves outwards from
the vibrating object and attenuates as it moves away. Sound is the human
perception of vibrations in the region between 20 Hz and 20 kHz. In this

section, the main aspects of spatial sound perception are discussed.

3.1 Human auditory system

The peripheral part of the human auditory system, which does not differ
much in most mammals, is composed of the external ear, the middle ear,
and the internal ear. An illustration is provided in Fig. 3.1. The external
ear consists of three basic structures: the pinna, the ear canal and the
eardrum. The main role of the pinna in hearing is the localisation and en-
hancement of certain frequencies. One important part of the pinna is the
concha, responsible for boosting certain frequencies. Given that the shape
of the pinna does not change dramatically, as does not its spatial orien-
tation (in contrast to some other mammals), the efficiency with which it
reflects sound towards the entrance of the ear canal depends only on the
direction of arrival of a sound [1].

Sound travels inside the ear canal and causes the eardrum to vibrate.
As the eardrum is near the inner end of the ear canal, it acts as a res-
onator. A tube closed at one end has a resonance frequency four times the

length of the tube in meters. In the case of the ear canal this is approx-
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Figure 3.1. Human auditory system [1].

imately 3.5 kHz. Due to the fact that the eardrum vibrates and absorbs
some energy, the resonance frequency of the ear canal is not exact and
varies between 3-4kHz. Due to the complexity of the structure of the
eardrum, its vibration is quite complex, especially at high frequencies.
The eardrum separates the ear canal from the middle ear, which ef-
fectively connects the eardrum with the oval window through a set of
bones, the ossicles. Muscles are attached to the ossicles (malleus and in-
cus) and can attenuate intense sounds to the inner ear by construction, a
phenomenon know as the acoustic reflex. This reflex reduces the amount
of vibration transmitted to the oval window mostly in the low-frequency
region. The oval window transforms the vibration into sound which is
transmitted in the internal ear. The main function of the middle ear is to
transmit the vibration motions of the ear drum to the sound receptors in
the internal ear. In addition, it acts as a transformer. If the middle ear
was absent, its most likely the incoming sound would be reflected back.
Air is transmitted through the cavity of the middle ear through the Eu-
stachian tube, which is normally closed but opens when swallowing or
yawning. The role of the Eustachian tube is to balance the pressure in
the middle ear with the pressure in the ear canal. An additional function
of the middle ear is to reduce the transmission of internally generated

bone-conducted sounds to the cochlea. Such sounds are produced by bone
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vibration during chewing and can mask incoming sounds from the envi-
ronment [29].

The inner ear consists of two parts, one responsible for the vestibular
system, which contributes to balance and spatial orientation, and the
other devoted to the auditory system, the cochlea. The cochlea is a hard
bone with rigid walls, consisting of a spiral gradually decreasing in diam-
eter. The entrance of the cochlea is through the stapes in the oval window.
The cochlear spiral terminates at the apex and is divided longitudinally
into three separate canals, the scala vestibuli, the scala tympani and the
scala media, all filled with fluids. The cochlear spiral is divided by two
membranes, the Reissner’s membrane and the basilar membrane. On the
basilar membrane resides the organ of Corti, an area containing hair cells
that can be divided into two groups: the outer and inner hair cells. The
inner hair cells act as transducers and transform the mechanical motion
into neural activity. The role of the outer cells is to influence the mechan-
ics of the cochlea by adjusting the sensitivity and the sharp tuning.

The information sent by the cochlea is received by the auditory nerve
system with thousands of neurones transmitting it to the central nervous
system. Studies of the auditory nerve system mostly consisted of placing
micro-electrodes and measuring nerve impulses in auditory fibres [29].
Each fibre shows background activity whether or not there is an audi-
tory event present. Additionally, the fibres show frequency selectivity,
meaning that they are more sensitive to some frequencies. The frequency
selectivity of a single fibre can be illustrated by a tuning curve. The char-
acteristics of the tuning curves are usually defined by using tone bursts
as stimuli and measuring the fibre’s response. The frequency where the
fibre has the lowest threshold is known as the characteristic frequency.
The characteristics of a fibre above the threshold can be described by the
isolated contours which can be measured and is the required intensity of

a pure tone in order to produce a specific firing rate.

3.2 Time-frequency resolution of the human auditory system

Sound travels through the cochlea from the oval window to the apex and

creates resonances at different places on the basilar membrane. When a
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Figure 3.2. Sound arriving from a single source (norsu) to a listener. Human hearing
exploits simultaneously different cues that contribute to determining the lo-
cation of sounds. Sounds can arrive at the two ears with different delays and
or different levels. The head shadowing and reflection from the pinna and
torso provide spectra-temporal information.

wide-band signal reaches the eardrum, it sets in motion the bones in the
inner ear which then set in motion the oval window. The pressure differ-
ence caused by this motion in the cochlea sets the basilar membrane in
move. The response of the basilar membrane to sounds takes the form of a
sound wave which moves the membrane and terminates at the apex. This
type of wave increases gradually and decreases rapidly. Low-frequency
sounds produce a vibration which reaches a maximum at the apex, but
high frequencies have their maximum near the base of the membrane.
The cochlea can be characterised as a Fourier analyser with a set of band-
pass auditory filters with the centre frequencies of these filters positioned
in different places on the basilar membrane. The shape and centre fre-
quencies of these auditory filters have been studied in [30]. According to
this study, the width of the auditory filters can be approximated with the

equivalent rectangular bandwidth formula
ferp = 24.7(4.36f. + 1), 3.1)

where f. defines the centre frequency of the filter in kHz.
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3.3 Sound source localisation

3.3.1 Inter-aural time and level differences

The human auditory system employs a variety of sound localisation cues
to determine the position of a sound source. An illustrative example is
shown in Fig. 3.2. These cues are based on differences in the signals re-
ceived by the two ears, which can be in time, intensity or spectrum. The
most prominent cues for sound source localisation depend on the com-
parison of signals reaching the two ears. These are the inter-aural time
difference (ITD) and inter-aural level difference (ILD). A comparison of
the levels between the left and right ear refers to ILD. Humans have been
shown to be extremely accurate in localising sounds emitting sinusoids
of 500 Hz with accuracy as good as 1° [31, 1]. The ILD is a function of
frequency over the whole audible range. Values of the ILD are relatively
small for frequencies below 500 Hz since these frequencies correspond to
wavelengths that are larger than the size of the head. For frequencies
above 500 Hz, the wavelength is shorter and are diffracted by the presence
of the head. When using pure tones, the cue of the ILD is most useful for
high frequencies while the cue of the ITD is usefull at low frequencies
[29, 32].

3.3.2 Head-related transfer function

ITD and ILD alone are not adequate to describe localisation. For example,
it is not possible to localise a noise source in the median plane solely with
the ITD and the ILD. There are also spectral cues that affect localisation.
These spectral cues are provided by the pinna, head and torso that affect
the localisation of high-frequency sounds. The way the spectrum is mod-
ified can be described by the head-related transfer functions (HRTFs).
Such cues are important in sound-source localisation for complex sound
sources, as they can provide cues that resolve front-back confusion and/or

determine elevation [32, 31].
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3.3.3 Dynamic cues

Another important cue is head movements. If the head remains station-
ary, the given ITD and or ILD are not adequate for the unique localisation
of a sound source placed along the cone of confusion [31]. The cone of
confusion is a cone with its axis along the line formed with the two ears
which corresponds to the same ITD and ILD. Head movements can reduce
localisation ambiguity. Although there is large subjective variability con-
cerning the effect of head movements, these movements have been shown
to improve localisation and, in addition, to reduce front-back and vertical

confusion [1].

3.3.4 Precedence effect

When a sound from a source reaches the human auditory system from one
specific direction is followed rapidly by another sound originating from
another direction, the perceived direction is dominated by the first sound
source. This phenomenon is known as the law of the first wavefront or
precedence effect. The perceived location of the fused sound sources de-
pends on the size of the delay between the two arriving sound sources.
Summing localisation occurs for delays between sound sources that are
less than 1 ms while localisation dominance occurs when the location of
the perceived fused sound source is determined by the first signal. The
precedence effect is employed by the human auditory system to localise
sounds despite the acoustical conditions. For example, it provides a cue to

identify the location of a sound source in a reverberant environment [1].

3.3.5 Perception of distance

A number of factors determine the perception of distance, the ability of
the human auditory system to perceive the distance of a sound source.
For familiar sources it is possible to determine an approximate distance
perception by judging the sound level. However, the perception of dis-
tance depends on whether the source and listener are positioned in open
or enclosed spaces [1]. In open spaces, the sound level is the dominant
cue. However, for long distances the sound level is not adequate, and the

human auditory system employs changes in the spectrum as aids. These
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changes correspond to the physical phenomenon of air absorption for high
frequencies. However, judging the absolute distance is not possible, but
only the relative distance of the sounds sources, meaning which one is
closer or further away. A different scenario occurs in enclosed spaces,
where the direct sound is fused with diffuse sound due to the reflection
paths between the source and receiver. Because of the precedence effect,
the human auditory system fuses the reflected sound with the direct, but
it is still possible to employ the information from the reflection to provide
a sense of distance. Distance cues can be obtained from the direct-to-
diffuse sound ratio and the spectrum of the reflected sound. It has been
suggested that a weighting of these separate cues is performed depending

on the source properties and environmental conditions [1].

3.4 Time-frequency resolution for perceptually-motivated signal
processing

Knowledge of the capabilities and limitations of the human auditory sys-
tem can provide information on how to apply signal processing techniques
that are targeted for human listeners. Since humans analyse a sound
scene in time and frequency, it seems logical that time-frequency domain
signal processing techniques are applied. A common approach is to per-
form signal analysis with the short-time Fourier transform or filter-banks
[33, 1]. For such time-frequency analyses the common requirements for
perceptually transparent sound reproduction are that the time-frequency
processing generates non-perceivable spectral aliasing between the adja-
cent frequency bands and that the resolution of the transform, whether it
is common STFT or filter-bank-based, approximates the assumed resolu-
tion of the human auditory system [1]. The ERB bands provide a starting
point. Several other filter banks have been proposed to approximate the
resolution of the human auditory system in the literature, such as the
ERBIlet transform [34], the quadrature mirror filter-bank (QMF) used for
spatial sound coding applications such as in [35] and in Publication IV, or

the one implemented for the study in Publication II.
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4. Directional filtering and analysis of
spatial sound

Being able to focus on a sound source of interest in a noisy recording has
triggered the interest of researchers in many different disciplines of the
signal processing and acoustics community for several decades. Multiple
microphones can be utilised in enhancement applications due to the in-
crease in computational power. The type of signal enhancement that is
of interest within the context of this thesis is directional filtering. In di-
rectional filtering, the task is to focus on a specific direction around the
recording device. In this case, the assumption is that the noise is spa-
tially distributed. Using multi-microphone techniques one could enhance
the direction where the sounds of interest reside while suppressing other
directions. The degree of enhancement and/or suppression depends on the
number of microphones and the array configuration.

Multi-microphone devices enable flexible recording of sound sources in
the presence of noise and reverberation. The most common enhancement
techniques for microphone arrays are based on the design of directional
filters. Directional filtering or beamforming with microphone arrays is
a class of methods that allows focusing in specific directions in a sound
scene. Such methods can be utilised for beamforming or, in case of mul-
tiple outputs that can cover the sound field, sound field reproduction,
[17, 22, 36]. An illustration of beamforming applications is in Fig. 4.1.
Multiple sound sources are simultaneously active in a room, and the task
is to focus on one specific direction while suppressing interferers. Such
algorithms are ideal candidates for general scenarios where high intel-
ligibility and perceived quality is required, [37, 38, 39, 40]. Practical
applications include teleconferencing [41, 42] or recording simultaneous

instruments for music production [43].
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Figure 4.1. An illustrative scenario where multiple sources are captured with a micro-
phone array. The task is to enhance sounds originating from the desired
region (indicated with the darker triangle).

There is a plethora of techniques to approach the problem of directional
filtering. The selection of the appropriate technique depends mainly on
the application. For example, in cases where sound quality is the prior-
ity, the algorithm might be required to be less aggressive in terms of di-
rectional filtering. In cases where signal retrieval is the priority, audible
artefacts that are generated by the algorithm might be of less importance.
This section provides an overview of directional filtering techniques, such

as beamforming and post filtering.

4.1 Signal-independent directional noise reduction

The most basic beamforming techniques are signal-independent and, as
the name suggests, do not assume anything about the nature of the sig-
nals or the environment they reside in. A basic block diagram illustrat-
ing these simple operations is shown on the left in Fig. 4.2. The beam-
former output y is calculated by applying a set of user-defined beamform-
ing weights wys to the microphone signals x = [z, 22,...,z,] with an op-
tional time-alignment block in Fig. 4.2, as in delay-and-sum (DaS) beam-
forming [44], or a set of weights w)s estimated from the array-steering
vectors and/or the array geometry, as in least-squares-based beamform-
ing synthesis [45, 46, 47].

These techniques are based on performing simple operations between
the microphone signals, such as adding or subtracting signals from spaced

arrays [8, 38, 24]. The DaS beamformer algorithm estimates the time de-
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Figure 4.2. Beamforming: a signal-independent approach (left), where the signals are
simply mixed with time-invariant weights wqs/1s(k), and a signal-dependent
approach (right) where sub-band weights w.(k,n) for time index n are ap-
plied to a time-frequency (TF) transformed signal from the microphones.

lays of signals received by each microphone of an array and compensates
for the time difference of arrival [44]. By aligning and summing the mi-
crophone input signals, the directionality of the microphone array can be
adjusted in order to create constructive interference for the desired propa-
gating sound wave and destructive interference for sound waves originat-
ing from all other directions. Narrow directivity patterns can be obtained,
but this usually requires a large spacing between the microphones. In a
practical system, these constraints on the array size and the number of
sensors results in a trade-off between directional selectivity, noise ampli-
fication and spatial aliasing.

A closely-spaced microphone array technique that uses least-squares
minimisation has been proposed [48] and can be applied to beamform-
ing for sound reproduction [22]. In this technique, the microphone sig-
nals are summed together with the same or opposite phase with different
gains and frequency equalisation, where the target is a set of directional
patterns following the spherical harmonics of different orders. Such tech-
niques, also referred to as pattern matching, have been used in many

applications where the target patterns can be HRTFs [49, 50], narrow
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beamformers for sound recording [45, 51], or loudspeaker panning func-
tions utilised in sound reproduction systems [51, 52, 36]. The resulting
response has tolerable quality only within a limited frequency range. For
compact microphone arrays there is a trade-off between directionality and

noise amplification.

4.2 Signal-dependent directional noise reduction

4.2.1 Beamforming

Microphone arrays capture sounds inside an environment which are dis-
turbed by noise and reverberation. Due to the linear superposition of
acoustic waves, interference from other sources can be modelled as compo-
nents added to the clean signal. Signal-dependent or adaptive beamform-
ers, such as the linearly-constrained minimum variance (LCMYV) or the
minimum-variance distortionless response (MVDR) beamformers [17], op-
erate in the time-frequency domain and steer a beamformer adaptively
such that the noise is attenuated while the desired signal(s) are passed
through with the user-defined gains. The basic block diagram for these
techniques is illustrated on the right in Fig. 4.2. The techniques formu-
late complex-valued beamforming weights for each sub-band using con-
strained optimisation based on the short-time estimates of the micro-
phone signal covariance matrix. The resulting beamformer weights min-
imise the energy of the output of the beamformer, thus suppressing the
effects of the interfering sounds. Adaptive beamformer designs that con-
strain the microphone self-noise amplification may also result in reduced
spatial resolution in the low frequencies, which is especially evident when
utilising compact microphone arrays. As a consequence the ability to sup-
press the directionally distributed sound energy is degraded. This is es-
pecially true in typical acoustic conditions and at large wavelengths with
respect to the array size.

Another class of adaptive beamformers are described as part of the in-
formed spatial filters which combine beamforming with noise reduction.
These adaptive filters use a model of the sound field based on the signal

received by the microphone array. The sound-field model consists of a fi-
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nite number of plane waves in addition to the diffuse sound component
and the noise component. The effectiveness of this spatial filter relies on
the accurate estimation of the noise statistics, the number and direction of
plane waves, and the diffuse sound power. The studies indicate that such
beamformers show good performance in acoustic conditions matching the
sound field model [53, 54, 55, 56].

4.2.2 Post filtering

As discussed in the previous section, utilising adaptive beamformers might
result in low directional selectivity which is evident in the directivity fac-
tor and is audible as a spectral imbalance and undesired reproduction of
diffuse sound and noise in the output [57, 44]. Additional noise reduction,
in a spectral sense, can be further achieved using post-filtering/masking
techniques [58]. A block diagram is provided in Fig. 4.3 where the masker
or post filter G(k,n) is commonly applied to the output of an adaptive
beamformer w!’(k, n)x(k,n). Non-adaptive beamformers can also be utilised
in applications that require low latency. The post-filter can be estimated
from the input signals or predicted by a learning system that is trained
using a set of features and target outputs [59, 60].

In traditional time-frequency masking approaches, the observed mag-
nitude spectrogram is multiplied commonly with a real-valued post filter
in order to remove noise and keep the desired signal. The key concept is
to apply low values in the time-frequency regions that are dominated by
noise and pass the target signal components unchanged. Masking is com-
monly applied at the output of the beamformer for adjusting the spectrum
to match better that of the desired sound source [58]. However, artefacts
from inaccurate post-filter estimation can result in short sparsely spaced
peaks in the post-filter which can become perceptually evident when the
output signal is transformed back to time domain as very short-time si-
nusoids that have been defined as musical noise [61]. Typical smoothing
techniques, for example using a one-pole recursive filter design, and spec-

tral floor adjustments have been applied to mitigate these artefacts.

Post-filter types based on noise estimates
One of the first post-filters in the literature for suppressing room rever-

beration was introduced in [62]. The design assumption of this post-filter
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Figure 4.3. Post-filtering a beamformer

is that the noise in the sound scene received at each sensor of the micro-
phone array is uncorrelated. Further work on this topic consists of an
algorithm proposed in [63], where the sound field was modelled with a
coherence function for a spherically isotropic field to identify correlated
noise. The introduction of this post-filter provided a generalisation of the
Zelinski post-filter [64]. These post filters are only capable of reducing
uncorrelated or correlated noise in the beamforming output and rely on
the output of the beamformer for the suppression of the directionally dis-
tributed interference. Unfortunately, these methods are characterised by
poor performance at low frequencies when the correlation between mi-
crophone signals is high [44]. From a signal processing perspective, the
optimal multi-channel filter in minimum mean squared error sense is the
multi-channel Wiener filter, [48, 65] which has been shown to be equiva-
lent to an MVDR beamformer followed by a single-channel Wiener filter
[58].

Post-filtering based on spatial parameters

The assumption of the sparsity of the source signals is also utilised in
another technique, directional audio coding (DirAC), which is a method
to capture, transmit, and render spatial sound over arbitrary rendering
setups. The most prominent DOA and the diffuseness of the sound field
are measured as spatial parameters for each time-frequency position of
sound. The DOA is estimated as the opposite direction of the intensity
vector, and the diffuseness is estimated by comparing the magnitude of

the intensity vector with the total energy. A variant of DirAC has been
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used for beamforming [66], where each time-frequency position of sound is
amplified or attenuated depending on the spatial parameters. In practice,
if the DOA of a time-frequency position is far from the desired direction, it
is attenuated in the rendering. However, in the cases were the assumption
of sparsity is violated and two source signals are active at the same time-
frequency position, intensity-based DOA provides inaccurate data, and
artefacts may occur.

Recently, some techniques have been proposed which assume that sig-
nals arriving from different directions to the microphone array are sparse
in the time-frequency domain, i.e. one of the sources is dominant at one
time-frequency position [67]. Each time-frequency tile is then attenuated
or amplified based on the spatial parameters analysed for the correspond-
ing time-frequency position. A microphone array consisting of two car-
dioid capsules in opposite directions has been proposed in [68] for such
a technique. Correlation measures between the cardioid capsules and
Wiener filtering are used to reduce the level of coherent sound in one
of the microphone signals. This produces a directive microphone, whose
beam width can be controlled. An inherent result is that the width varies
depending on the sound field. For example, with few speech sources in
conditions of low level of reverberation, a prominent narrowing of the car-
dioid pattern is obtained. However, with many uncorrelated sources and
in a diffuse field, the method does not change the directional pattern of
the cardioid microphone at all. The method is still advantageous, as the
number of microphones is low, and the setup does not require a large
space.

A recent class of beamformers, which includes the technique described
in Publication I, estimates the energy of the target signal using the cross-
spectrum of two beam patterns with the constraints that their maximum
sensitivity and equal phase are in the same look direction. This is illus-
trated in Fig. 4.4. When these constraints are met, the effect of the noise
is suppressed whereas the energy of the source in the look direction is
retained. The derivation of the post-filter in the cross-pattern coherence
algorithm (CroPaC) relies on the calculation of the cross-spectrum of two
static beam patterns. The application of the CroPaC is feasible with any
order of microphone input, and the directional shape of the beam can be

altered by changing the formation of the directional patterns of the micro-
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Figure 4.4. Illustration of the resulting directional selectivity of a post-filter derived by
multiplying the output of two types of beamformers. Note that the beamform-
ers have the same phase and equal magnitude in the same direction. The
half-wave rectification process, shown as the maximum operation, ensures
that any directional information arriving with negative phase is neglected.
Adopted from [2].

phones from which the post-filter is computed.

A technique is proposed in Publication II to estimate a post-filter utilis-
ing the cross-spectrum technique of two beam patterns, where the selec-
tion of the beam patterns is based on minimisation techniques. The first
beam pattern is static and corresponds to a spatially narrow beam pattern
having equal spatial selectivity and unity gain across the frequency range
of interest. The constant directional selectivity provides the grounds for
spectrally balanced energy estimation in the presence of spatially spread
noise. As a result of this design, this first beam pattern is characterised
by high microphone self-noise gain at low frequencies, especially for com-
pact microphone arrays [69]. The second pattern is formulated adaptively
in time and frequency using constrained optimisation, with the constraint
of suppressing the interferers while retaining the desired features of the
orthogonality and unity zero-phase gain in the look direction. By these
means, the proposed method inherits the noise-robust features of the prior
technique in the class while providing the adaptive suppression of the
discrete interferers. Using signals originating from a spatially selective
but noisy beamformer for spatial parametric estimation has been previ-
ously shown to be effective also in the context of spatial sound reproduc-
tion for loudspeaker setups and headphones in [36] and [70], respectively.
The derivation of the proposed algorithm is given in Publication II in the
spherical harmonic domain, and the experiments are performed using a
uniform spherical microphone array such that constant beamforming per-

formance in all azimuthal and elevation positions is realisable.
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4.3 Spherical harmonic analysis

Another type of beamforming that is relevant within the context of this
thesis is based on a spherical harmonic analysis of a sound field. The
background of this process is based on solving the wave equation in spher-
ical coordinates [71, 27]. From a signal processing perspective, it is essen-
tially a beamforming operation where a set of complex weights is applied
to the microphone signals, typically in a spherical arrangement, in order
to obtain a set of coincident beamformers that follow the directional selec-
tivity of a set of orthogonal basis functions, the spherical harmonics [27].
The motivation to use SMAs for sound-field capture and rendering is that
they are characterised with a similar performance in all directions when
sensors are placed uniformly or nearly-uniformly on a sphere.

Spherical harmonic signals are essentially an intermediate representa-
tion between the microphone signals and the potential application. They
also provide a convenient format for sound-field manipulation. For a de-
tailed overview of these methods, the reader is referred to [21, 22, 27, 72,
26]. Let us denote a microphone array with @ microphones. A common
approach is to decompose the microphone input signals x € C%*! into
a set of spherical harmonic signals s for each frequency. The accuracy
of this decomposition depends on the microphone arrangement, the type
of the geometry of the array [27]. The total number of microphones and
their arrangement define the highest order of spherical harmonic signals
L that can be estimated.

The sub-band spherical harmonic signals can be estimated as
s(k) = W(k)x(k), 4.1)
where
S = [S00, S1-1, 810, - - -, SLL—15 SLL]T € C(L+)*x1 4.2)

are the spherical harmonic signals and We CE+1°%Q ig the frequency-
dependent spatial encoding matrix. For uniform and nearly uniform mi-

crophone arrangements, the encoding matrix can be calculated as
W =a,W,YT, (4.3)

where o, are the sampling weights, which depend on the microphone dis-

tribution on the sphere [27]. W; € CLHD*x(L+1)? 5 an equalisation matrix

41



Directional filtering and analysis of spatial sound

that eliminates the effect of the array geometry. A summary of the differ-
ent schemes to calculate the equalisation matrix W; is shown in [73, 2].

Y (Q,) € RO+ is a matrix containing the spherical harmonics

[ Yoo(u)  Yoo(S2) Yo0(20) | !
Youu(@) Yoiu(Qe) Y_11(Q0)
Y, = Yio(1)  Yio(S) Y10(Q2q) (4.4)
T Y@ Yu() Y1(Qq) | '
| Yz () Yro(Qe) Yir(Qg) |

where Y, are the spherical harmonic functions [71, 27].

Beamforming in the spherical harmonic domain can be expressed as

y() = wihyps, (4.5)

where €, is the look direction and wpwp € CZ+D?x1 ig a vector containing
the steering vectors

wpwp = y(£) © d, (4.6)
where y(Q,) € C**E+D? is a row of the spherical harmonics matrix as

denoted in (4.4), ® denotes the Hadamard product and d is a vector of
weights defined as

d = [dy,d1,dy,dy,...,d) € RXEHD?, 4.7

The weights d can be adjusted to synthesise different types of axis sym-
metric beamformers: regular [27], in-phase [21], maximum energy [74,
22] and Dolph-Chebyshev [27]. A comparison of the performance of such
beamformer as DOA estimators is presented in Publication V.

Let us denote the covariance matrix of the spherical harmonic signals as
Cine CEFD*X(L+1D)? The covariance matrix can be estimated using an av-
erage over finite time frames, typically in the range of tens of milliseconds
or by recursive schemes. Signal-dependent beamforming in the spherical
harmonic domain can be, for example, formulated as a MVDR minimisa-
tion problem. The synthesised beamformer adaptively changes according
to the input signal, and its response is constrained to unity in the look
direction while minimising the variance of the output [27]. By omitting

the time and frequency indices, the minimisation problem is defined as
e s H
minimise w,' Cj,, W,

(4.8)
subject to wly = 1.
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The resulting weights are

W — yHCIm
A= -
yHCImy

4.9)
An advantage of using the MVDR in the spherical harmonic domain in-
stead of the space domain is that the steering vectors are simply the
spherical harmonics for different angles. A power map can then be cal-
culated by using the output of the beamformer for different directions

around the microphone array.

4.4 Direction-of-arrival estimation

Beamforming is a fundamental block in DOA estimation. DOA estima-
tion is a well-studied class of parameter estimation algorithms with a
wide selection of algorithms, such as subspace [14, 75, 76], intensity-based
[77, 78,79, 80, 81, 82, 83, 84, 85], and power spectrum methods [86, 87],
each of them with a different level of complexity. The choice of the algo-
rithm depends on the requirements of the application: the tolerable la-
tency and the required accuracy. Steered-response beamforming and sub-
space methods such as MUSIC can provide accurate DOA estimates and
have been extended in three dimensions for spherical microphone arrays
[88]. However, the estimate requires an exhaustive search and therefore
can be computationally heavy for real-time applications.

Active intensity-based methods utilise a pressure and a particle velocity
component to analyse the sound field. In practice the pressure and 3-D
particle velocity are estimated with a single omnidirectional and three
dipole microphones, respectively [89]. Due to its tolerable latency, the in-
tensity vector is an ideal candidate for low-latency DOA estimation and
has been previously employed in time-frequency domain spatial sound
processing [23]. Its performance has been examined in reverberant en-
vironments [85], and the formulation has been extended in the spheri-
cal harmonic domain in the form of the pseudo-intensity vector [79, 81].
The pseudo-intensity vector has been studied and compared with steered-
response power beamformers and is an effective alternative in DOA esti-
mation due its low computational complexity.

In Fig. 4.5, an example block diagram is shown where the active inten-

sity is utilised as an instantaneous time-frequency DOA estimator. The
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Figure 4.5. Block diagram for DOA estimation using the active intensity.

microphone array signals are fed into a beamforming unit where an omni-
directional and three dipole beamformers are synthesised. The omnidirec-
tional beamformer approximates the pressure and the three dipoles the

particle velocity. The active intensity is estimated for each time-frequency

tile as
Sx(k,n)
I(k,n) = ;?R{Sp(k,n)* Sy (k,n) }, (4.10)
S, (k,n)

where S},,5,,5, and S, approximate the pressure and particle velocity
for the x- and y- and z-axis, respectively, of the Cartesian coordinate sys-
tem. Since the active intensity indicates the energy flow for a given time-
frequency tile, the DOA can be estimated as the direction opposite to that
of the active intensity vector [90].

A higher-order active intensity has been proposed for parametric sound-
field reproduction where the pressure and particle velocity are estimated
in spatially constrained regions [91]. This is essentially performed by
applying a spatial window to the omnidirectional and dipole beamformers.
This concept has been exploited as a DOA estimator for an array fitted
on a mobile-like device, and its formulation and performance have been

examined in Publication VI.

4.5 Acoustic camera for sound field visualisation

Beamformers can also be utilised as part of an acoustic camera. In prin-
ciple, an acoustic camera provides an acoustical analysis of a sound field.
The result can be seen as a power-map overlaid on top of an image indi-

cating the position and relative level of sounds. Power maps are useful
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for applications such as sound field analysis, visualisation or simply for
tracking sound sources. Incorporating this visual information in a power-
map can significantly improve the understanding of the surrounding en-
vironment, such as the location and spatial spread of sound sources and
potential reflections arriving from different surfaces.

Current techniques that utilise conventional beamformers perform poorly
in reverberant and noisy conditions, due to wide width of the main lobe
but also the side-lobes of the beamformers used for the power-map. A
real-time acoustic camera is implemented as part of this thesis utilising
signals-independent and signal-dependent beamformers but also using
MUSIC and CroPaC algorithms. In Publication VII a probability-like pa-
rameter of sounds appearing at specific locations utilising the principles
of CroPaC is developed. A side-lobe suppression algorithm is proposed
in the Publication VII based on the product of multiple CroPaC param-
eters. The capture and visualisation is performed utilising a spherical
microphone array and subsequently estimating a parameter to determine
sound source activity at specific directions. A spherical camera is utilised
to capture the visual field. In addition to the acoustic camera software
a real-time software for transforming the microphone array signal into

spherical harmonic signals is available here .

1http://research. spa.aalto.fi/publications/papers/acousticCamera/
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5. Reproduction of spatial sound

5.1 Overview

The objective of a spatial sound reproduction system is to capture, trans-
mit, and render a sound scene as close by as possible to the original in
case of a real recording or the intended one in case of a synthesised/virtual
sound environment. It is a single or multiple-input and multiple-output
system, where the input consists of a monophonic or microphone array
signal(s) and the output of a loudspeaker array or headphone signals.
Figure 5.1 depicts the concept of such a system. Sound reproduction
can be seen from two different perspectives. The first of them is signal-
independent or non-parametric, where the capturing, transmitting and
rendering is the same for any kind of input signal. The second is signal-
dependent systems where the capturing, transmission, and rendering de-
pend greatly on the sound scene: the position of the sound sources and
how the sounds evolve over time, their frequency content, and the space

they reside in.

5.2 Signal-independent reproduction

The main assumption in signal-independent techniques is that a sound
scene can be captured with a set of beamformers with ideal capture pat-
terns that depend on the reproduction setup. In the case of loudspeakers,
such capture patterns can be frequency-independent panning functions,
and in the case of headphones, a set of HRTFs. These beamformers are

derived from a microphone array. A common downside is the low spatial
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Figure 5.1. Generalised components of spatial sound reproduction: capture, transmis-
sion and rendering.

resolution, which is especially evident when capturing a sound scene with
compact microphone arrays. The result is a blurred sound image and fre-
quency colouration that can affect the perceived sound quality [92, 93, 94].

A signal-independent system can reside in one the following categories
or any combination of them: channel-based, object- or panning-based, and
scene-based. Each one of them offers different features and advantages
and depends on the requirements of the immersive audio application and
intention of the researcher or producer. These are depicted in Fig. 5.2 and

analysed in detail below.

5.2.1 Channel-based systems

The class of channel-based spatial sound reproduction techniques is the
most straightforward. It utilises the microphone-array input signals and
feeds them directly into the output setup (see Fig. 5.2, left). A generalised

microphone-to-loudspeaker relation is
Y = Weq © X, (5.1)

where y € R¥*! are the loudspeaker or headphone signals, x € R¢*! the
microphone input signals, and we, € R?*! a set of optional equalisation
filters that can be applied to each microphone signal separately. The prin-
ciples behind such techniques for two or more channels are explained in

[8, 95, 96]. For stereophonic reproduction, traditional two-channel mi-
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Figure 5.2. State-of-the-art signal-independent spatial sound reproduction systems:
channel-based (left), object-based (middle) and scene-based (right).
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crophone recording techniques were proposed, such as the A/B, X/Y,
office de radiodiffusion télévision Francaise (ORTF), the Blumlein pair,
and the mid-side stereo recording [8]. Each technique requires a specific
microphone directivity ranging from omnidirectional to figure-8 and spe-
cific microphone and loudspeaker placement. Any deviation in the input
and output setup degrades the rendered quality. In addition, due to the
frequency-dependent microphone directivity, there is usually high corre-
lation between signals at low frequencies, which blurs the perceived audio
image. The popularity of these techniques has reached surround setups
such as the conventional 5.1 or 7.1, with dedicated microphone arrays
[97]. In binaural reproduction, channel-based techniques either utilise
a simplified spherical head with two microphones or a dummy head for
recording and feeding the output channels directly to headphones. Ad-
ditional issues with personalised headphone-based audio, due to the in-
dividualisation of HRTF, are caused by such techniques. They can be
partially solved by using binaural microphones placed at the ears of a
human subject but with limited scalability. Although there are many
downsides in channel-based techniques the main advantage of these tech-
niques, causing many audio engineers to use them, is that no complex
encoding or decoding process are involved, and the production can be per-

formed by directly mixing the microphone signals.

5.2.2 Object or panning-based systems

A technique that can adapt to different loudspeaker/headphone setups is
the object-based reproduction technique. Objects are considered mono-
phonic signals accompanied by side data (see Fig. 5.2, middle). The ob-
jects are transmitted, and they are mixed at the rendering stage. The
side data is usually the position of each object over time, which can be
described with panning gains. Many panning techniques are available for
such tasks, for example [98]. No prior information is required in the cap-
turing stage, and the output setup can be taken into consideration only at
the rendering stage. The input-output relation in this case is

N
y = praﬂ(0n7¢n)xn7 (52)

n=1
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where Wyan (6, ¢,,) are the panning gains for each sound source x,,, and

N is the total number of sources.

5.2.3 Scene-based systems

More versatile systems, such as the scene-based depicted on the right in
Fig. 5.2. decompose the microphone input signal into an intermediate
format which can be then decoded, in principle, to any output setup as
long as the information about the position of the loudspeakers is provided.

The microphone input-to-output relation can be described as
y = DREx, (5.3)

where E is an encoding matrix, R is a sound scene manipulation matrix
(for example, a rotation matrix), and D is the decoding matrix. The flex-
ibility of this system is that once the signals are encoded (Ex) they can
be transmitted, and the decoding is then independent of the microphone
input signals.

First-order ambisonics (FOA) and higher-order ambisonics (HOA) are
such systems [20, 21, 99, 22, 52]. The acoustical background of this tech-
nique is based on solving the wave equation in the spherical coordinate
system [71, 27]. From a signal processing perspective, the microphone
signals are decomposed into a set of spherical or cylindrical harmonic sig-
nals which are essentially a set of coincident beamformers following the
directivity of various sets of basis functions that depend on the array ge-
ometry and specification [71]. Less flexible beamforming techniques have
been proposed that synthesise frequency-independent beamformers in the
loudspeaker directions or approximate the frequency varying HRTF's for
headphone reproduction [100, 101, 102, 103]. They require, however, in-
formation about the input and output setup. In this case, the three matri-
ces in (5.3) are combined into a single transformation matrix.

Although such systems can be used with different reproduction setups,
they commonly suffer from high inter-channel coherence between the out-
put signals, especially for low-order systems and for practical, compact
microphone arrays. This leads to a perceivable sound colouration and
low-frequency amplification of the original sound scene. However, they

are typically characterised by high single-channel quality.
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5.3 Parametric reproduction

Parametric techniques for spatial sound reproduction are traditionally
based on a description of the sound field with a set of parameters which
are measured adaptively in time and frequency. In constrast to signal-
independent approaches, the parametric approach depends on the type of
sound sources, the position and movement of the sound sources within
the sound scene, and the space itself. A set of parameters is estimated
for each time-frequency bin and is then used to render the input signals
to loudspeakers or headphones. These parameters can be, for example,
DOA or a direct/ambience decomposition of the sound field. Such systems
require a small number of microphones and are very efficient in reproduc-
ing arbitrary sound scenes. Deviations from the parametric model might
lead to parameter estimation errors, which in turn leads to reproduction
artefacts. Artefacts are time-variant and usually more annoying than the
frequency colouration of signal-independent systems. Such artefacts of
the system, which are often described as bubbling or wobbling, are caused
by amplitude and or direction modulation in frequency bands due to in-
accurate parameter estimation. However, greater spatial resolution and
better perceived quality can be achieved using state-of-the-art parametric
methods compared to non-parametric techniques [2, 104, 105, 33, 106].
Parametric spatial audio processing techniques were initially introduced
as data-compression algorithms, similar to the concept of MPEG-1 Layer
3 (MP3) and advanced audio coding (AAC), [107] but for coding multi-
channel audio signals. A plethora of articles and doctoral theses have
been published in the recent years on parametric spatial audio process-
ing, for example [2, 105, 33, 90, 108]. The most obvious motivation be-
hind the parametric, non-linear or time-frequency domain spatial-sound
reproduction systems is data compression since multichannel recordings
from a microphone array can be down-mixed and transmitted along with
a set of spatial parameters. Exploiting the limitation of human hearing
and analysing only the properties of the sound field that are relevant to
human listeners provides more meaningful signal processing techniques.
The rendering then delivers the necessary spatial cues to provide an en-
gaging aural experience, perceived as close as possible to the recorded

sound scene rather than a perfect reconstruction of the sound field.
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Figure 5.3. Parametric spatial-sound reproduction. Time-frequency representations of
microphone array signals are analysed in the capturing stage, the micro-
phone signals or a down-mixed signal of them is transmitter along with a set
of parameters. At the rendering stage the captured sound scene is synthe-
sised for an arbitrary loudspeaker or headphone setup.
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5.3.1 Inter-channel level difference, time difference and
coherence

One of the first approaches in parametric spatial-sound reproduction was
BCC to compress binaural signals [109, 110, 111]. The input to BCC is at
least two-channel. The audio input is transformed into the time-frequency
domain. The main assumption is that the output signal should approxi-
mate the original or intended binaural spatial cues. The binaural cues
considered within the context of BCC are ILD, ITD and later ICC [110].
The estimated parameters are the inter-channel level difference (ICLD),
inter-channel time difference (ICTD), and inter-channel correlation (ICC)
between the output signals. For headphone reproduction these param-
eters are identical to the binaural cues. The assumption is that these
parameters preserve the binaural cues in the rendering stage. The pa-
rameters estimated for each frequency & are
ICLD(k) = 10log;q %V

1

(5.4)

where P, and P,, are short-time estimates of the power of the signals
zn and z1, respectively,
ICTD(k,n) = arg max[®1n(d, k)], (5.5)
d

where ®1x(d, k) is a short-time estimate of the cross-correlation function
Prya, (d, F)
V/Pry (k= d1) Po, (k — da)

where P, ., is a short-time estimated of the mean of xx(k — dy)z1(k — d2)

QN (d, k) = (5.6)

and

d1 = max —d, 0, (5.7)
dy = maxd, 0. (5.8)

These parameters are then transmitted along with monophonic down-
mixed input signals. In the synthesis stage the monophonic signal is
duplicated for the number of output channels and manipulated with the
parameters. The ICLDs are synthesised by multiplying the signals with
factors that have ratios equal to ICLDs. The ICTDs are synthesised by
applying delays equal to ICTDs and the ICCs by adding randomisation
to the ICLD values [109]. ICLDs, ICTDs and ICCs can also be esti-

mated from the covariance matrix of the input channels, as for example,
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is shown in [33, 36]. The diagonal terms contain all the channel energies
and the off-diagonal terms the inter-channel dependencies. Extraction
of time or phase, level differences, and coherences between the channels
are assumed to capture the statistical signal dependencies that need to
be preserved and recreated. A technique similar to BCC is the paramet-
ric stereo (PS) which is always two-channel [112]. The main difference
is in the parameter estimation, where PS utilises the inter-aural phase
difference (ICPD) instead of the ICTD.

5.3.2 Direction of arrival and sparsity assumption

A simplified model of the sound field, where a single DOA per time fre-
quency bin is utilised as a parameter, is proposed for binaural reproduc-
tion in [113]. In this single-plane-wave assumption the DOA is estimated
from the phase differences of a compact four-microphone array. The DOA
and a single microphone signal are then send to a synthesis engine to ren-
der them using HRTF data. The main assumption here is that speech and
music signals are usually sparse in the time-frequency domain [114]. The
disjointness of the sound sources can be estimated with the W-Disjoint Or-
thogonality (WDO). Speech signals are usually mixed randomly whereas
music-signal mixes depends on the type of music. Tonal music has a
higher probability of overlap in the time-frequency domain. In this case
the disjointness depends highly on the time-frequency analysis parame-
ters.

An extension to the single-plane-wave model is utilised in HARPEX,
where two active plane waves are assumed per time-frequency bin [115].
The DOAs are estimated by using matrix decomposition of signals from
a tetrahedral microphone array. A multiple-DOA and diffuse model has
been proposed in [116] using the same array. Adaptive beamforming tech-
niques for various microphone array geometries has been proposed in
[117, 118, 100].

5.3.3 Direction of arrival and diffuseness

Based on principles similar to BCC or PS, DirAC is a perceptually moti-
vated parametric reproduction method that assumes that for a convincing

reproduction for human listeners there is no need for a physically accu-
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rate model [23]; Preserving the perceptually significant properties of the
original is sufficient. The main idea was initially introduced to process im-
pulse response and was named spatial impulse response rendering (SIRR)

[89, 119]. The main assumptions used in DirAC are summarised below.

e A single DOA per time and frequency bin provides the ITD, ILD and

monaural cues in the reproduction. These cues affect timbre.
e The diffuseness provides the ICC cues in the reproduction.

e The perceived auditory spatial image is determined by the DOA, the

diffuseness, and the spectrum of the measured sound field.

The estimated parameters are the DOA and diffuseness, which are usu-
ally measured with a tetrahedral microphone array. The DOA is esti-
mated using the active intensity, as discussed in section 4.4. The pressure
and particle velocity are estimated with an omnidirectional and three or-
thogonal dipole microphones, respectively. The diffuseness is estimated
from the following ratio [89]

_ [EQ]|
cE[E]’

v=1 (5.9)

where I is the active intensity vector and E the energy density.

There are many variants of DirAC using different microphone arrays,
such as tetrahedral, planar, cylindrical, spaced [120, 121, 122, 123]; using
different analysis methods [124, 125, 126, 127]; using different synthesis
methods [128]; using optimal mixing methods [129] and using higher or-
der active intensity vectors [91]. It has also been a subject of many theses
[90, 104, 105, 33, 130].

5.3.4 Target-setup parametrisation with optimal mixing

A beamformer-based parametric method is discussed in this work, which,
instead of estimating the intermediate sound-field related parameters, es-
timates directly the perceptually relevant parameters of the reproduction
setup. The rendering setup can be either a loudspeaker array or head-
phones. A set of target beamformers for the loudspeaker setup are de-

fined as panning functions. For the case of headphone reproduction a set
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of HRTF's is used. The system is based on two sets of beamformers for the
parametric analysis and synthesis of a sound field. A set of narrow and po-
tentially noisy beamformers is used in the analysis stage to estimate the
target setup parameters, such as inter-channel coherences and energies,
and a second set of beamformers, which are noise robust are used as the
source signal. The method utilises optimal mixing techniques to enhance
the robust beamformers with the directional characteristics of the nar-
row beamformers so that the relevant perceptual cues are preserved. The
theoretical background and evaluation is described in detailed in Publi-
cations III and IV. The advantages of the proposed method are the repro-
duction of multiple instantaneous sound sources, the improvement of the

single-channel audio quality, and the use of compact microphone arrays.

5.3.5 Object-based parametrisation

Signal-independent panning techniques have been extended in the para-
metric domain, where all objects can be encoded, down-mixed, transmit-
ted and rendered. The separate sound sources can be, for example, ex-
tracted from a multichannel recording along with the side metadata. Such
a framework has been proposed by the motion pictures experts group
(MPEG) audio group [131]. For dynamic environments, this class of spa-
tial sound reproduction can provide the flexibility of adjusting the position
of sound objects with user-defined controls, which is especially attractive
in games and in virtual reality applications [132, 133].

Primary ambient extraction techniques can be used for the task on de-
composing a sound scene into separate objects. Principal component anal-
ysis is a popular technique for this task, whose performance depends
on the correlation between the different components [134]. The decom-
position task can be also performed by utilising blind source separation
(BSS) separation techniques, assuming that the objects in the multichan-

nel recording are mutually uncorrelated or statistically uncorrelated [135].
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6. Summary of contributions

6.1 Directional filtering utilising the cross-pattern coherence

Publications I considers the task of directional filtering and presents a
novel idea on how to use coherence-inspired measures between different
types of beamformers to focus on sound sources and decrease the level
of interferers and diffuse noise. The beamformers are signal indepen-
dent, and they are estimated by utilising either measured or simulated
microphone array-steering vectors. A parameter is estimated based on
the cross-spectrum between two beamformers. The parameter, essen-
tially a time-frequency soft masker, is normalised by the energy of the
beamformers to establish values between zero and one, thus ensuring a
distortionless output. The soft masker is then applied to the output of
a beamformer with omnidirectional characteristics. The algorithm was
evaluated in both simulated and real environments. A prototype cylin-
drical array was build to evaluate the performance of the algorithm in a
reverberant environment. A second parameter related to the perceived
quality of the algorithm is the spectral floor which sets the lowest value
of the post-filter. As a general rule, low spectral-floor values provide the
highest amount of attenuation but at the same time they might cause
audible artefacts, such as musical noise. A perceptual evaluation was
conducted to define the spectral-floor value for which the quality of the
output is closest to a reference signal. The performance of the algorithm
was shown to improve noise reduction when compared to the previous

state-of-the-art.
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6.2 Directional filtering based on orthogonally-weighted
beamformers in the spherical harmonic domain

Publication II builds on the idea of utilising the cross-spectrum between
two beamformers using the concept of orthogonally-weighted beamform-
ers for general microphones array signals. The algorithm uses cross-
spectral estimates between a static and an adaptive beamformer to for-
mulate a time-frequency soft masker. The weights for the static beam-
former are designed so that the output is characterised by constant direc-
tivity. This potentially causes noise amplification for compact microphone
arrays. However, noise amplification is not audible in the output of the
system since the beamformer signals are only utilised for parameter esti-
mation and not for generating audio. The weights for the adaptive beam-
former are estimated with an orthogonality constraint with respect to the
weights of the static beamformer and unity gain in the look direction.
These constraints provide distortionless response, diffuse noise and inter-
ferer suppression. The soft masker is then estimated by estimating the
cross-spectrum between the output signals of these two beamformers. The
cross-spectrum provides the target energy in a given look direction. The
algorithm was evaluated with instrumental measures and with listening
tests, and its performance was found to be superior when compared to the

previous state-of-the-art.

6.3 Perceptually-motivated spatial sound reproduction based on
optimal mixing

Publication III proposes a novel idea for perceptually-motivated sound re-
production. The perceptual aspects of the sound field are captured with a
set of beamformers, the analysis beamformers, that match the ideal pan-
ning functions with respect to the target loudspeaker setup. This is a
common cause of noise amplification in signal-independent systems and
for compact microphone arrays. However, these signals are only utilised
for parameter estimation. A second set of beamformers, the synthesis
beamformers, are also estimated that match the target loudspeaker pan-
ning function but in a noise-robust manner. This results in beamform-

ers being less directionally selective at low frequencies and potentially
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cause high inter-channel coherence if reproduced directly from the out-
put setup. An optimal adaptive mixing process is then utilised to ex-
ploit the different advantages of these two separate types of beamform-
ers. The synthesis beamformers are enhanced with a parametric analysis
of the directionally selective beamformers. One of the main underlying
assumptions of this technique is that the necessary spatial cues, such
as the inter-channel time difference, the inter-channel level difference,
and the inter-channel coherence, can be estimated from the covariance
matrix of the analysis beamformers while the robust beamformers pro-
vide a high-quality signal for rendering. The synthesis beamformers are
processed in the time-frequency domain with least-squares mixing and
decorrelation to obtain the estimated target parametric properties. In
other words, the technique proposes a signal-dependent parametric ap-
proach to spatial sound reproduction in order to combine the high spa-
tial selectivity of the analysis patterns and the high signal quality of the
broader patterns. The parametrisation accounts for any number of inco-
herent or mutually dependent sound sources, providing fundamental ro-
bustness for varying types of sound fields. Listening tests were organised
to evaluate the performance of the system in the five-channel surround
system. The proposed algorithm was shown to improve the perceptual
aspects of loudspeaker rendering when compared to conventional signal-
independent and signal-dependent systems under certain sound field con-

ditions with respect to a reference signal.

6.4 Parametric binaural reproduction for compact microphone
arrays

In Publication IV, the concept of enhancing a set of noise-robust beam-
formers that lack directional selectivity in a certain frequency range with
optimal mixing parametric techniques is applied to headphone reproduc-
tion. In this case, the analysis beamforming weights are estimated with
least-squares minimisation techniques and approximate the directional
characteristics of a set of HRTFs with high accuracy. The weights for
the synthesis beamformers are estimated with highly regularised least-
squares minimisation to ensure a set of high-quality signals. These sig-

nals are then perceptually enhanced in the time-frequency domain with
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a set of parameters estimated from the covariance matrix of the analysis
beamformers. A simulation is provided to show the potential improve-
ment in binaural reproduction for compact microphone arrays when com-

pared to conventional beamforming techniques.

6.5 Direction-of-arrival estimation with histogram analysis of
steered-response beamformers

Publications V considers the problem of DOA estimation, which is a re-
quired parameter for algorithms such as the ones proposed in Publica-
tions I and II. Steered-response power beamformers can provide highly
accurate DOA estimation. However, their performance is degraded in re-
verberant environments. In this publication, these DOA estimators are
enhanced by using 2-D histogram analysis. Four types of beamformers,
all of them axis symmetric and signal-independent, have been studied in
the spherical harmonic domain. The histogram analysis of the DOA es-
timates from the steered beamformers was shown to provide smoother
power maps and to be able to reveal the DOAs of multiple sound sources.
An improvement is shown in terms of DOA accuracy for a different num-
ber of sources with different angular separation and under different signal-

to-noise conditions.

6.6 Direction-of-arrival estimation with histogram analysis of
spatially constrained active intensity vectors

Publication VI studies DOA estimation using histogram analysis of higher-
order active intensity vector DOA estimates. In contrast to other DOA
estimators, such as steered-response power, active intensity is especially
attractive due to its very low computational cost. In publication VI, the
use of a spatially-constrained active intensity is utilised to minimise the
effect of interfering sources that reside outside the analysis region. The
instantaneous DOA from the active intensity are post processed with 1-
D histogram analysis. DOAs of multiple sources can be then extracted
from the histogram. A seven-channel mobile-like array prototype is being

constructed to evaluated the performance of the algorithm in reverber-

62



Summary of contributions

ant conditions. The advantage of the spatially constrained active inten-
sity vector is demonstrated in the sound field conditions of multiple non-
coherent sources when a coherent source is present outside the analysis

region.

6.7 Acoustic camera based on spatial parameters

In Publication VII, a real-time acoustic camera is implemented. The
acoustic camera utilises in principle any microphone array input. As
part of the software, the microphone input signals are initially trans-
formed in the spherical harmonic domain and afterwards different types
of power maps and DOA estimators are visualised. The power maps
are based on signal-independent axis-symmetric beamformers as well as
adaptive beamformers such as the MVDR. Subspace estimators such as
MUSIC with the direct-path-dominance tests is also implemented. A
novel beamforming-based approach is proposed that builds on the CroPaC
spatial filter for capturing and analysing a sound field by estimating a
probability-like parameter of sounds at specific locations. It is based on
determining the correlation between two coincident beamformers. Con-
ventional beamforming-based power maps perform poorly in reverberant
and noisy conditions, due to the side-lobes of the beams. An algorithm to
suppress side-lobes is shown, based on the product of multiple CroPaC
beams is proposed. Illustrative power map examples are provided in

highly reverberant spaces utilising a spherical microphone array.
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7. Conclusions

Technologies in the field of parametric spatial audio processing are dis-
cussed in this thesis. The findings support the feasibility of compact mi-
crophone arrays in beamforming and spatial audio reproduction. The the-
sis provides contributions that are related to three aspects of microphone
array processing techniques: parametric directional filtering, perceptually-
motivated spatial sound reproduction, and DOA estimation.

One of the common issues in existing algorithms for spatial sound pro-
cessing that are based on beamforming with compact microphone arrays
is the actual design of the beamformers. Robust designs will result to
beam patterns with frequency varying directivity and typically wider at
low frequencies, while constant-directivity designs will result to noise am-
plification at low frequencies. In directional filtering applications this will
cause a spectral imbalance for the direction of interest while in spatial
sound reproduction high inter-channel coherence in the output signals.
In this thesis we demonstrated that combining different types of beam-
formers can be beneficial in spatial sound processing applications.

In parameter-based directional filtering, it has been demonstrated that
higher noise reduction can be achieved by estimating a probability-like
parameter that indicates whether there is presence of a target signal at a
specific direction. The calculation of this parameter is based on the cross-
spectrum of two types beamformers and is then applied as a post filter at
the output of another beamformer or single microphone to provide addi-
tional directional noise attenuation. In parametric spatial sound repro-
duction, high sound quality beamformers can be directionally enhanced
using adaptive optimal mixing techniques with sound field parameters es-

timated from a set of beamformers with high directional selectivity. The
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algorithms have been compared with the state-of-the-art and an improve-

ment is shown using instrumental measured and listening tests.
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Spatial hearing provides us with information
about our surroundings: the location of
multiple concurrent sound sources along with
their corresponding distance, information
about the space they reside in and their
content. Parametric spatial sound
technologies are multichannel signal
processing algorithms that aim to capture,
analyse and render a complex sound scene for
a human listener in order that he or she
obtains an understanding of the environment
or has the auditory experience of being there.

This dissertation focuses on the development
of parametric spatial audio technologies using
prototype and commercial compact
microphone arrays. Compact arrays are of
special interest since they can be adapted to
fit in portable devices, opening the possibility
of exploiting the potential of immersive
spatial audio algorithm in our daily lives. The
findings of this research are in the following
three areas of spatial audio processing:
directional filtering, spatial audio
reproduction, and direction of arrival

estimation.

ISBN 978-952-60-7661-4 (printed)
ISBN 978-952-60-7660-7 (pdf)
ISSN-L 1799-4934

ISSN 1799-4934 (printed)

ISSN 1799-4942 (pdf)

Aalto University

School of Electrical Engineering

Department of Signal Processing and Acoustics
www.aalto.fi

BUSINESS +
ECONOMY

ART +
DESIGN +
ARCHITECTURE

SCIENCE +
TECHNOLOGY

CROSSOVER

DOCTORAL
DISSERTATIONS



	Aalto_DD_2017_197_Delikaris_verkkoversio

