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Preface

In 2013, I left my career as a musician with hopes of becoming an acous-
tician. Armed with a couple of degrees in "art" music and no math skills,
I decided to apply for a postgraduate degree in acoustics. Here is the in-
tro to the cover letter of my first application based on a previous experience:

"I was in the hut when the stones were brought in. One by one, the rocks
were piled in the center of the room, creating an unbearable heat. When
the last stone was added, the entrance to the Temazcal ritual was sealed
and thirty of us sat naked in complete darkness. After a moment of silence,
the sound of beating drums began followed by wallowing voices. Their cry
called to the Earth’s spirit, pleading for guidance. The voices and the drums
resonated with the inner space of the hut until they unified into one body of
sound. The sound was violent as it contracted and expanded with my body,
my environment, and the Earth itself, as if in a single pulse. Sound and
space had merged, permeating through my existence...".

Looking back on this text, three things come to mind:

1. I was a dirty hippie who had no idea what he was getting himself into.

2. Science was not my forte.

3. If I managed to get this far in acoustics, I would not have made it
without the help of many, MANY.

So first I have to thank my supervisor Prof. Tapio Lokki for his sup-
port and patience throughout this degree. I am especially grateful for
his trust in me to complete this program, considering how I consistently
get side-tracked with other projects. Second, I have to thank my advisor,
and Spatial Audio guru, Dr. Archontis Politis for his mentorship and his
technical guidance through the never-ending maze of the spherical har-
monic domain. I appreciate our academic discussions which no matter how
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technically dense, are always open-minded and humorous.

I am grateful to my pre-examiners, Prof. Franz Zotter and Prof. Boaz
Rafaely for reviewing this thesis. I am honored to have you as review-
ers considering how much my research has relied on your previous work.
Furthermore, I would like to thank in advance my opponent Prof. Sascha
Spors for what I am sure will be a defense with interesting and fruitful
discussions.

I also want to thank the other collaborators in this document. I am very
grateful to Leo McCormack for always being available for questions regard-
ing spatial harmonic processing, especially considering how annoyingly
little I knew about this topic when I joined the lab. Thanks to Dr. Tom
McKenzie for helping me with the process of designing and performing
perceptual evaluations as well as for being a stellar person. Many thanks
to Chris Hold for sharing his critical and rigorous approach to research
and learning. Also, thanks to Prof. Ville Pulkki for sharing with me his
vast experience as well his musical and artistic output.

In addition, thank you to the Acoutect consortium, the Marie Sklodowska-
Curie network which provided the funding that allowed me to pursue my
research as well travel and interact with early-stage researchers in acous-
tics all around Europe.

Furthermore, thanks to everyone at the Akulab (the Aalto Acoustic Lab)
for making our group a diverse and friendly space to exchange ideas. This
includes Aleksi Öyry, Janani Fernandez, Nils Meyer-Kahlen, Leonardo
Fierro, Etienne Thuillier , Dr. Henri Pötinen, Dr. Otto Puomio, Dr. Se-
bastian Schlecht as well as everyone from the Morjentes gang. A special
thanks to my good friend and fellow Acoutect member Julie Meyer, with
whom I started my doctoral studies back in 2017.

I am also grateful to Taija, our little daughter, and Kebab for their loyal
company, patience, and support during the busy/hard times of my studies.
Finally, I want to thank my entire family which is spread around Chile
and Canada. My parents Hernan and Luz Maria, and my siblings Rebeca,
Nanito, Andres, and Felipe, including their partners and children for their
constant support through all the ups and downs.

Helsinki, May 23, 2022,

Raimundo Gonzalez
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1. Introduction

Every day we are immersed in sound-fields. Portions of an environment
whose main element is the fluid medium of air, a medium sensible to
changes and vibrations from its solid surroundings. We experience these
sound-fields thanks to our sense of hearing which allows us to perceive
and localize signals propagated through this medium [74]. Our sense of
hearing, together with our capability to generate sound, enhances the
awareness of our surroundings and allows us to express and communicate
with others. And while our human hearing capabilities underperfoms that
of other mammals[51], it still allows us to perceive sources beyond our
field of view as well air vibrations as small as 10−9 cm in amplitude [33, 20].

The field of research which faces the challenge of understanding the
behaviour of sound-fields in which humans are immersed, as well as many
other things, is the field of acoustics. Considering the wide variety of phys-
ical environment we inhabit, this is somewhat of a monumental task. Still,
acoustics has made some important steps in establishing mathematical
and physical principals for sound [92, 12, 31, 80], its behaviour of sound
within rooms [85, 9], the electroacoustic devices used to capture and re-
produce sound [66, 11], the psycho-physical process of hearing [42, 16, 58],
and the physics of musical instruments [28], just to mention a few.

The division of acoustics which considers the recording, analysis, synthe-
sis and reproduction of sound and its spatial properties is that of Spatial
Audio. While this term has been recently appropriated to describe specific
techniques used for specific audio products [81], it refers to a broad collec-
tion of techniques which go as far back as the first intents of stereophonic
recordings [17].

Due to the large amount of parameters involved in representing sound-
field, research efforts in Spatial Audio have focused on specific aspects.
Some of this aspects are room acoustics, the radiation of sources and re-
ceiver modeling, as well as the psycho-physical process of spatial hearing.
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Introduction

Regarding room acoustics, the term "Virtual Acoustics" [53] has been pro-
posed to describe audio processes which incorporate the simulated acoustic
properties of spaces [84, 15]. While new techniques for recording and/or
reproducing Spatial Audio are still being developed [73, 69], others have
become increasingly popular, and even profitable, due to their flexibility,
maturity and ease of use. Such a case is the framework of Ambisonics[34]
and its modern iteration, Higher-Order Ambisonics (HOA) [60], which
provides a wide variety of tools for content creators and users to generate
spatial audio productions [55]. Ambisonic recording, as well as other Spa-
tial Audio recording techniques, make use of spherical microphone arrays
(SMA) [57] to sample sound-fields with various degrees of resolution. Fur-
thermore, the use of dummy heads [67], anthropomorphic manikins with
recording capabilities, have been used to record sound-fields while simul-
taneously including the binaural cues needed for sound localization [16].
Binaural cues are given by the Head-related Transfer Function (HRTF)
[59], a system description of the scattering properties of the external hu-
man hearing anatomy, such as the human head, pinna, and even chest.
The implementation of HRTFs with head-tracking [32] seems to be an es-
sential step in the massive adoption of Spatial Audio. Also, ongoing efforts
are being made to capture, characterize and reproduce directional sources
with high degree of spatial resolution [99, 45, 52, 30]. The integration of
these Spatial Audio techniques, plus many others, aids the development of
acoustic design of tools to better predict and construct sound-environments,
as well as the development of interactive environments.

A specific area of spatial audio which has received less attention is that
of the effects of scattering within virtual acoustic environments. A general
definition for the phenomenon of scattering, borrowed from the field of Elec-
tromagnetics and radar systems [8], is: "the difference between an acoustic
field including a scattering body, and the same field without the scattering
body". In other words, scattering can be thought as a collection of acoustics
effects caused by the presence of a finite body in a sound-field. Common
scattering effects include diffraction, the bending of sound waves around
scatterers into shadow zones as well as reflection, the back propagation of
a sound-wave encountering some boundary or impedance mismatch [82].
While receivers in space can also display scattering effects depending on
the size of their enclosure, we consider scatterers for the purpose of sound-
field modeling as those elements in the sound-scene which are introducing
scattering, but are not actively capturing signals.

Numerous models haven been proposed for the scattering effects of spe-
cific geometries. Hard edges are a common geometry within physical
spaces which can cause the reflection and diffraction of sound waves. Edge
diffraction models have been proposed as secondary sources [56, 91], and
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methods have been proposed for their implementation in room acoustics
auralization [93] and visualization [75]. Recently, methods for render-
ing the effects of edge diffraction of finite objects in the near-field have
been proposed using supervised machine learning [76]. Another major
focus of scattering modelling has been elements on surfaces which diffuse
sound. Models have been proposed for quadratic residue diffusers [21] and
Schroeder diffusers [41], as well as methods for representing uneven re-
flective surfaces as bi-directional transfer functions [87]. Moreover, models
have been proposed for finite convex plates and polyhedra [6], as well as
convex and concave domes over finite baffles [90].

These models are important because acoustic scattering contributes to
the perception of the acoustic spaces [86]. So far, scattering in virtual
environments has been implemented through scattering expansion coeffi-
cients according to the material properties of the modeled geometries [47].
Differences in scattering expansion coefficients and the lack of modeling
diffraction produce deviation in room color as well as source localization
[19, 18].

And so, this thesis presents methods and applications of acoustic scat-
tering for the purposes of improving the representation of spatial audio
sound-fields and their recording. The structure of this thesis, after this
introduction, is as follows. First, the basic mathematical and physical
principles through which sound-fields can be modeled is established fol-
lowed by methods for spatially manipulating these models. Then, a series
of models for sources, receivers, and scatterers are reviewed in order to
aid the modelling of scattering scenes. Next, the principles of Ambisonics
recordings are reviewed and the Boundary Element Method is introduced
and discussed as a framework for simulating scattering data. Finally, the
significant contributions proposed in the thesis publications are presented,
followed by a brief discussion of future work.
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2. Sound-field Composition

2.1 Coordinate System

In the process of developing models for spatial audio, the spherical co-
ordinate system provides powerful and elegant mathematical tools for
analyzing, manipulating and synthesizing three-dimensional sound-fields.
Hence, we consider a spherical coordinate system for a three-dimensional
space of real numbers R3 where the position of a point can be defined
through a vector r as:

r≡ (r,θ,φ), (2.1)

where r is the radial distance from the origin, θ is the elevation angle
from the horizontal plane, and φ is the azimuth angle from x towards y
axis, using the right-hand rule. A position in this spherical coordinate
system can be related to the standard x , y and z Cartesian coordinates
through
⎛
⎜⎜⎝

x

y

z

⎞
⎟⎟⎠= r

⎛
⎜⎜⎝

cosθ cosφ

cosθsinφ

sinθ

⎞
⎟⎟⎠ and back as

⎛
⎜⎜⎝

r

θ

φ

⎞
⎟⎟⎠=

⎛
⎜⎜⎜⎝

√︁
x2 + y2 + z2

arctan
(︂

y
x

)︂

arcsin
(︂

z
||x||
)︂

⎞
⎟⎟⎟⎠ . (2.2)

Figure 2.1. Spherical coordinate system presented in relation to Cartesian coordinates,
where || · || indicates the Euclidean norm.
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2.2 The Helmholtz Equation

An equation capable of describing the spatial behaviour of a three-
dimensional sound-field containing multiple overlapping waves is given
by the Helmholtz equation. This time-independent differential equation
relates the 2nd order changes of the field’s pressure, with respect to space,
to the field’s frequency. It can also be interpreted as the Fourier transform
of the standard wave equation describing the behaviour of a sound-field
in the spherical harmonic domain. In Spatial Audio applications, we are
sometimes interested in inverse problems, problems where the objective
is to recover the parameters of a sound-field based on a discrete amount
of observations [97]. In order to do this, we need a continues descriptions
of the sound-field which does contain singularities within their domain.
Therefore we choose to work with the homogeneous Helmholtz equation or:

(∇2 + k2) p(r,k) = 0 (2.3)

where p is complex pressure, k is the wavenumber and ∇2 is the Lapla-
cian operator. For future references, the frequency argument k of the p(,k)
will be omitted for brevity.

A solution to Eq. 2.3 can be obtained through the separation of variables:

p(r)= R(r) Θ(θ) Φ(φ), (2.4)

where R corresponds to the radial component, Θ to the elevation com-
ponent and Φ to the azimuthal component of the final solution. Several
valid solutions exists to this equation and its specific form depends on the
nomenclature used to describe the direction of wave propagation as well as
the boundary conditions of the problem. For the purpose of acoustic model-
ing we consider solutions which assume the direction of arrival of waves,
as opposed to their direction of propagation. Furthermore, we directly
define the solutions to the components of equation 2.4 though a detailed
derivation of how to acquire each one can be found in [97]. The elevation
and azimuthal solutions for equation 2.4 are [97]:

Θm
n (θ)= Pm

n (sinθ) (2.5)

Φm(φ)= eimφ (2.6)

where Pm
n corresponds to the Associate Legendre Function of order n

and degree m, eix is the complex exponential function and i is the imag-
inary number or

⎷−1. These two solutions are usually combined into
single expression known as Spherical Harmonics (SH) which includes an
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orthonormalization term:

Y m
n (θ,φ)=

√︃
(2n+1)

4π
(n−|m|)!
(n+|m|)! Pm

n (sinθ)eimφ. (2.7)

The SH function provides a set of orthonormal basis functions capable of
describing the functions over the surface of a unit sphere. This complex
form of the SH is convenient for particular manipulations such as transla-
tion, see Section 3.2. Still, in the context of spatial audio applications, it is
common practice to use real Spherical Harmonics or:

Ynm(θ,φ)=
√︃

(2n+1)
4π

(n−|m|)!
(n+|m|)! P |m|

n (sinθ)

⎧
⎪⎪⎨
⎪⎪⎩

⎷
2cos(mφ) , m > 0

1 , m = 0
⎷

2sin(|m|φ) , m < 0 .

(2.8)

Furthermore, valid radial solutions for equation 2.4 will depend on the
boundary conditions of the spherical boundary value problems discussed
in the next section. For problems in which the sound-field crosses through
the origin, the sound-field at r = 0 must be finite and

Rn(kr)= jn(kr) (2.9)

where jn is the spherical Bessel function. For problems in which a sound-
field is radiated towards infinity, the solution must fulfill the Sommerfeld
radiation conditions [89]. This condition specifies that the energy radiated
by a source, as it approaches infinity, should not increase. This solutions
is:

Rn(kr)= h(2)
n (kr), (2.10)

where is h(2)
n is the spherical Hankel function.

2.3 Spherical Boundary Value Problems

A specific solution to 2.3 depends on its boundary conditions. We look for
solutions which define sound fields continuously, therefore without sin-
gularities and/nor sources. In spherical coordinates, boundary conditions
which consider source-free sound-field regions can be defined through a
radius R from the origin, generating boundary conditions which are in
themselves spherical. This approach to boundary conditions allows for
solving three types of problems subsets: the interior problems, exterior
problems and mixed problems.

2.3.1 Interior Problems

The defined region of an interior problem, as presented in figure 2.2, is
contained within a sphere of radius R, with all of its sources positioned
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Figure 2.2. Defined region in Interior Problem

outside of the radial boundary. This type of problem is useful for modeling
sound-fields in which the receiver or listener is at the origin. Because this
type of problem includes the origin and the pressure within its boundaries,
the solution to this problem makes use of the Bessel function as its radial
solution or:

pint(r)=
∞∑︂

n=0

n∑︂

m=−n
anm(k) jn(kr) Ynm(Ω), (2.11)

where anm are the density coefficients of the sound-field, r <= R and
Ω= (θ,φ), for future references and the purpose of brevity.

Two specific solutions to interior problems, which are commonly used
for modeling sound-fields, are those of the plane wave and point-source
equations given by 2.13 and 2.12, respectively. The point source model
produces the sound-field radiated by a monopole concentrated at a point
RO, including its region of reactive effects and spherical wave-fronts, region
also know as the near-field. A more in-depth introduction on topic of point-
sources is presented in Section 4.2. The plane wave model assumes a sound-
field region sufficiently far away from its source, also know as far-field,
that its wave-fronts are perpendicular to their direction of propagation.

Point-source

pps(r,RO)=
∞∑︂

n=0

n∑︂

m=−n
4π(−i)k h(2)

n (kRO) jn(kr) Ynm(Ωs) Ynm(Ω) (2.12)

plane wave

ppw(r,Ωs)=
∞∑︂

n=0

n∑︂

m=−n
4πin jn(kr) Ynm(Ωs) Ynm(Ω) (2.13)
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Where the coordinates Ωs indicate the direction of incidence, and in the
case of the point-source also the distance RO, of a source.

2.3.2 Exterior Problems

As show in Figure 2.3, exterior problems allow for the definition of sound-
fields outside of a volume of radius R with its source within its spherical
boundary. Exterior problems are useful for modeling sound-fields in which
sources radiate sound outwards from a volume around origin as well as
problems in which the directional radiation properties of a source are
of interest. The sound pressure for an exterior problem can be defined
through

pext(r)=
∞∑︂

n=0

n∑︂

m=−n
cnm(k) h(2)

n (kr) Ynm(Ω) (2.14)

where cnm are the density coefficients of the radiated field and r >= R.

Figure 2.3. Defined region in Exterior Problem

2.3.3 Mixed Problem

Some acoustic problems which involve multiple sources and/or the acoustic
interaction between sources and physical bodies, can be modelled as the
mixture of interior and exterior problems. This type of problem makes use
of two boundaries R1 and R2 and its region of definition is found between
the two as shown in figure 2.4. This type of problem is particularly useful
for modeling acoustic scattering, where the sound-field can be described by
the superposition of interior and exterior problems, corresponding to an
incident field and scattered field [8].

pmix(r)= pint(r)+ pext(r) where R1 < r < R2 (2.15)
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Figure 2.4. Defined region in Mixed Problems

2.4 Spherical Harmonic Transform

The process of encoding, analysing and modeling sound-fields based on
the previous boundary value problems requires acquiring its density co-
efficients anm and cnm. In similar fashion to traditional audio signal
processing, the coefficients of these problems can be recovered through the
Spherical Harmonic Transform (SHT). In spherical coordinates, the SHT
is given by [97]

pnm(R,k)≡
∫︂

Ω
p(rR) Ynm(Ω) dΩ,1 (2.16)

where rR is a vector towards the surface of a sphere of radius R, and pnm

is the Fourier Transforms for the sound pressure over the surface of the
sphere. The density coefficients (anm or cnm) are contained within Pnm,
weighted by the radial distance of the transform.

2.4.1 Order-Limited Transform & Sampling

The ideal SHT requires a continuous definition of the sound pressure over
the surface of a sphere. In practice, the SHT is performed with a discrete
set of Q sampling points, and therefore it is truncated to an order N which,
ideally, minimizes truncation error and converges its solution. The discrete
SHT is achieved through

pnm(R,k)= 4π
Q

Q∑︂

q=1

p(rq)Ynm(Ωq). (2.17)

The number and distribution of the sampling points will play a key role
in the equivalence of the transform with its continuous version. In order

1∫︁
Ω dΩ= ∫︁ 2π

0

∫︁ pi/2
−pi/2 sinθdθdφ.
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to avoid spatial aliasing effects as well as large truncation errors from
a limited-order transform, a minimum of (N +1)2 uniformly distributed
points is required, where N ≥ kR [94]. Moreover, ideal transforms make use
of uniform and nearly-uniform distributions such as those provided by the
vertices of Platonic Solids [44] as well as coordinates from known spherical
t-designs [7]. Non-uniform sampling distributions, such as equal-angle
sampling, are also common, but require sampling weights to maintain a
uniform sampling density over all the regions of the sphere [78].
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3. Sound-field Transformation

Sound-fields defined through boundary value problems can be rotated and
translated to produce variations of the original sound-field, allowing for
the flexible synthesis and rendering of sound environments.

3.1 Rotation

Standard methods for rotating functions over the surface of a sphere can be
applied to sound-fields posed as boundary value problems. By rotating the
input vectors of the field, one can simulate the rotation of the sound-field
itself [99]. In Cartesian coordinates, rotations can be efficiently achieved,
as seen in figure 3.1, through three consecutive rotations around the z, y
and then again z-axis.

Figure 3.1. Rotation of a vector through three consecutive Cartesian rotations

This process is achieved through a rotation matrix Mrot which is gener-
ated from the product of multiplying three consecutive rotation matrices
[37] or

Mrot(α,β,γ)=Mz(γ) Mz(β) MT
z (α)

=

⎡
⎢⎢⎣

sinγ cosγ 0

−cosγ sinγ 0

0 0 1

⎤
⎥⎥⎦

⎡
⎢⎢⎣

−1 0 0

0 −cosβ sinβ

0 sinβ cosβ

⎤
⎥⎥⎦

⎡
⎢⎢⎣

sinα −cosα 0

cosα sinα 0

0 0 1

⎤
⎥⎥⎦

(3.1)
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where α, β and γ are Euler angles for yaw, pitch and roll rotations. Applying
the rotation matrix Mrot to the input coordinates generates a new set of
coordinates through

r′ =Mrot(α,β,γ)r. (3.2)

In applications which demand efficiency, rotations of sound-fields can be
directly performed in the spherical harmonic domain using recurrence
relations [37, 48].

3.2 Translation

Sound-fields formulated as boundary value problems can be translated by
shifting the center of their expansion to a new location. This is achieved
through a process of Multipole Reexpansion [37], a method used for ac-
celerating the computation of Boundary Element Method simulations for
various applications, including acoustics [38]. Through translation, the
position of sources and scatterers within a sound-field can be changed [4],
and also room acoustic effects can be simulated [39]. Depending on the
distance of the translation, this process might require the initial field to
be of very high-order to produce a sound-field reexpansion with minimal
truncation error [36].

We perform the translation of a coordinate system through a vector t
which, as seen in figure 3.2, translates the location of the coordinate system
with origin O of to a new coordinate system with origin O′.

Figure 3.2. Translation of the coordinate system through a vector t

The location for an observed point r from the initial origin, can now be
expressed through the addition of the vectors

r= r′+ t (3.3)

where r′ is the vector from the new origin towards the same observed point.
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The equations for translating a sound-field will depend on the type of
boundary value problem through which they were formulated. We can
define translations for interior and exterior problems as [37]

pint(r′+ t)=
∞∑︂

n′=0

n′∑︂

m′=−n′
anm(k) jn′(kr′) Y m′

n′ (Ω′) (I|I)m′m
n′n (t)

pext(r′+ t)=
∞∑︂

n′=0

n′∑︂

m′=−n′
cnm(k) h(2)

n′ (kr′) Y m′
n′ (Ω′)

{︄
(E|E)m′m

n′n (t)

(E|I)m′m
n′n (t)

(3.4)

where (I|I)m′m
n′n is the translation coefficient of an interior problem, (E|E)m′m

n′n
the translation coefficient of an exterior problem, and (E|I)m′m

n′n the translat-
ing coefficient from an exterior to an interior problem. This last translation
process allows to re-express the field of an exterior problem, as an in-
terior problem with sources in its exterior boundary. These translation
coefficients are given by [37]:

(I|I)m′m
n′n (t)= (E|E)m′m

n′n (t)=
∞∑︂

n′′=0

jn′′(kr t) Y m−m′
n′′ (Ωt) Γm′m

n′′n′n

(E|I)m′m
n′n (t)=

∞∑︂

n′′=0

h(2)
n′′ (kr t) Y m−m′

n′′ (Ωt) Γm′m
n′′n′n

(3.5)

where Γm′′m′m
n′′n′n corresponds to the Gaunt coefficient, expressing the integral

of a product of three spherical harmonics, or

Γm′m
n′′n′n = 4πn′+n′′−n

∫︂

Su

Y m
n (s) Y−m′

n′ (s) Y m′−m
n′′ (s) dS. (3.6)

These coefficients relate to the Wigner 3-j [96] symbols as well as the
Clebsch-Gordan coefficients and are usually efficiently computed through
recursions. [98, 37].
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4. Sound-field Modeling

The following section presents introduces the concept of directivity, essen-
tial for the modeling sources and receivers, as well as some common source
and receiver models.

Ignoring the effects of room acoustics, sound-fields can be modelled using
sound sources, receivers and scattering bodies. We define a source as
anything that generates an acoustic wave, receivers as elements which
are capable of capturing signals within a sound-field [82] and scatterers as
neither active sources nor receivers whose presence can affect the sound-
field.

Figure 4.1. Sound-field with a source, a scattering body and a receiver.

4.1 Directivity

A useful approach to modeling the behaviour of these elements in a 3D
acoustic space is through their property of directivity. Directivity describes
the variation with which acoustic elements receive or emit sound over di-
rections in space [82]. Directivity of sources and receivers can be measured
[77, 99] as well as modelled [66]. The process of measuring directivities
can also aid in the process of modeling directivities [54]. Directivities are
usually defined for some specific distance from the origin of the acoustic
element either in their near-field or far-field. While far-field directivity
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measurements are common in industry [2], it is possible to extrapolate
far-field directivities from near-field measurements [99]. Various different
directivity models can then be combined to efficiently analyse and synthe-
size the complex interaction of various acoustic elements in a sound-scene
[63].

4.1.1 Directivity Representations

The directivity property of an acoustic element can be expressed mathe-
matically or represented graphically. While the mathematical expression
is required for the implementation of directivity in audio processes, it is
the graphical representation of directivity which easily communicates the
behaviour of a source, receiver or scatterer in space. A common graphical
representation of directivity is a two-dimensional cross-section of the ra-
diation/reception of an element, normalized to some reference direction.
Directivities can also be represented in three dimensions but can be cum-
bersome to interpret in a static two-dimensional format such as a screen
or a document.

Figure 4.2. Left: Equation describing directivity, Right: Polar plot of directivity equation
in decibels.

4.1.2 Directivity Patterns

Certain directivity patterns recurrently appear in natural phenomena
for both sources and receivers. These are the omnidirectinal pattern,
which has equal directivity for all directions, the dipole pattern which
has maximal directivity along a single axis and minimal directivity along
all other axes. Dipole patterns are observed in the first order gradient
of sound pressure. Consequently, a quadrupole pattern is produced by
two spatially separated dipole directivities in opposite directions and this
pattern is related to the second pressure gradient [82]. Directivity patterns
strongly biased towards a certain direction can be created through the
weighted summation of these patterns and their higher order forms.
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Figure 4.3. Left: Omnidirectional, Center: Dipole, Right: Quadrupole

4.1.3 Directivity Index

The directivity strength of an element can be communicated through its
directivity index (DI), a frequency-dependent value produced from the ratio
between the energy of the peak directivity direction and the average energy
from all directions [11]. Low DI values suggest that the directivity pattern
is close to omnidirectional while high values indicate that the directivity
pattern is strongly directive towards the peak direction. The directivity
index is given by:

DI( f )= 10log10

[︃
DF( f )

]︃
(4.1)

where DF( f ) is the directivity factor given by

DF( f )= 4π|prms(Ωpeak)|2∫︁
Ω |prms(Ω)|2 dΩ

. (4.2)

4.2 Sources

A basic source model is given by the point-source, a solution to the in-
homogeneous Helmholtz equation which describes the radiation of an
infinitesimally small point of omnidirectional pattern in space. The pres-
sure radiated by a point-source at a position r is given by [97]

p(r|ro)=−iρ0ckQsG(r|ro) (4.3)

where ro is the position of the center of the point-source, ρ0 is the density
of air, c is the speed of sound, Qs is the source’s strength and G is free-field
Green’s function given by:

G(r|RO)= e−ik∥r−RO∥

4π∥r−RO∥ . (4.4)

This model is useful for modeling sound-fields in close proximity to their
sources, which might contain reactive effects and might not be represented
properly by plane waves. Furthermore, sources of arbitrary geometries

33



Sound-field Modeling

which emit wavelengths much larger than their dimensions tend to have
spherical-like radiations patterns which can be modeled as a point-source.

Combinations of point-sources, in and out of phase, can be organized to
generate more elaborate source-directivities with dipole and quadruple
directivity patterns. [97].

4.2.1 Piston on a Sphere

In virtual reality or telepresence applications, which have an emphasis on
communicating between individuals, it is practical to have models capable
of reproducing the spatial qualities of the human speech. A model which
assumes the radiation of human speech to be similar to a moving piston
on a rigid sphere [27] is given by:

p(RO,α, r,φ)= iρ0cU
2

∞∑︂

n=0

[︂
Pn−1(cosµ)−Pn+1(cosµ)

]︂ hn(kr)
h′

n(kRO)
Pn(cosψ) (4.5)

where RO is the radius of the sphere, µ is the angle from the origin between
the forward looking direction and the edge of the piston, r is the distance
from the center of the sphere, ψ is some angle away from the frontal axis
and U is the piston’s velocity in the normal direction of the piston.

4.2.2 Source Directivities as an Exterior Problems

For sources whose directivity cannot be easily modelled, their directivity
can be measured directly using a cylindrical or spherical microphone array
surrounding the source, see figure 4.4. While a description and analysis of
the directivity of the source can be acquired directly from the microphone
pressures, the collection of pressure signals is sometimes not the most
flexible format for rendering the source in a virtual environment. Therefore
it is sometimes beneficial to encode the directivity source into the spherical
harmonic domain where these coefficients can be rotated, translated and
scaled for interactive audio applications [95, 99]. Assuming the source is
at the origin and that there is sufficient well-distributed sampling points
over some radius R which does not intersect with the boundaries of the
source, the directivity of the source can be decomposed into the set of cnm

density coefficients through a discrete SHT [97].

4.3 Receivers

Two directivity models relevant are those of directional microphones and
human listeners. Directional microphone models are useful in scenarios
where it is necessary to simulate a recording setting made from common
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Figure 4.4. Source directivity captured by a microphone array.

use microphones while human listener models are useful generating effi-
cient filters for binaural reproduction [25].

4.3.1 Microphones

The fundamental work in modeling, designing and building directional
microphones was carried by out in the 1930’s by Harry F. Olson [43]. Olson
designed a variety of the well know unidirectional microphones (figure-8,
cardiod and hypercardiod) through a combination of pressure and pressure-
gradient sensors. The directivity pattern of a 1st order microphone can be
described by [66]

D(θ)= δ+ (1−δ) cosθ, (4.6)

where δ determines the pressure-gradient directivity of the microphone,
ranging from omni (δ= 1), to cardioid (δ= 0.5), to dipole (δ= 0).

4.3.2 Human listeners

The directional receiving characteristics of human-listeners depend on
their various anatomical features, i.e., pinna shape, head-size, and the
chest and shoulders. In audio signal processing, the compound acoustic
effect of all these features is contained within the Head-Related Transfer
Function (HRTFs) [16]. An HRTF model which solely considers the scat-
tering effects of the human head is given by the well-known equation of
the pressure on the surface of a sphere [80]:

HL/R(rH ,Ωs)=
N∑︂

n=0

n∑︂

m=−n

4πin−1

(kRO)2 h
′(2)
n (kRO)

Ynm(Ωs)Ynm(ΩL/R) (4.7)

where rH = (RO,ΩL/R), RO is the radius of a human head-sized sphere and
ΩL/R are the directions for either the left or right ear. While this model does
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not account for the acoustic intricacies of the pinna, it provides with an
efficient description of the inter-aural time delays needed for low-frequency
localization as well as the acoustic shadowing effects of the head on each
ear at high frequencies [25]. A more detail derivation of the scattering of a
sphere is presented in the next section.

Figure 4.5. Magnitude frequency response of equation 4.7 for two incident directions in
the azimuth plane, where black is the response of the right ear and gray is
the response of the left ear. This plot demonstrates how equation 4.7 models
the acoustic shadowing effect of a head-sized sphere on contralateral ears due
to plane waves of lateral incidence.

4.4 Scatterers

The process of modelling scattering can be challenging due to its many
parameters. Assuming a static scatterer, the acoustic contributions of its
body into a sound-field will depend mainly on its size, boundary impedance
and geometry. The size of a scatterer will determine its "acoustic visibility"
in the sound-field. In other words, if the dimensions of a body are much
smaller than the wavelengths of the sound-field in which it is immersed,
the body will hardly affect the sound-field [79]. The boundary impedance
of a scatterer will determine how much energy is reflected/transmitted
from/through its body, for a wave impinging in the normal direction to
the boundary [23]. A boundary impedance similar to the propagating
medium, will propagate the wave through the body, while an infinitely
high impedance, a rigid body, will reflect the wave back. Regarding geomet-
rical parameters, the effects of scattering can be very hard to generalize
due to infinite potential 3D geometries. Therefore, intents to model the
effects of geometry on scattering have focused on geometries commonly
found within physical spaces or relevant to specific applications.
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4.4.1 A Canonical Example: The Sphere

In this section we go through derivations for the analytical solution of scat-
tering around a sphere. While this is a very well known process that can
be found in numerous text books, it is a great example for understanding
some of the essential, and sometimes not so obvious, ideas about scattering.

An expression for the scattering of a sphere, as well as for the effects of
scattering of other geometries, is given by superposition:

pt = pi + ps, (4.8)

where pt is the total sound pressure of a field including the sphere, pi is an
incident field, and ps is the scattering effects of the sphere on the incident
field [97]. Using the solutions for mixed boundary value problems from
Section 2.3.3, we can model pi as an interior problem, with sources outside
a spherical region, and ps as an exterior problem where the sphere can be
considered a secondary source at the origin:

pi(r)=
∞∑︂

n=0

n∑︂

m=−n
anm(k) jn(kr) Ynm(Ω) for r ≤ RI (4.9)

ps(r)=
∞∑︂

n=0

n∑︂

m=−n
cnm(k) h(2)

n (kr) Ynm(Ω) for r ≥ RO (4.10)

where the radial distance r is bounded between the boundary of a sphere
of radius RO and the boundary of the expansion of the incident field at
a distance RI . At this point an important observation can be made: the
coefficients anm represent an arbitrary distribution of sources around
the scatterer, and cnm are the exterior problem coefficients of the sphere.
Assuming the sphere is rigid, or a rigid boundary condition, the particle
velocity at the boundary of the sphere should be 0 or:

∂

∂r

[︃
pi(r,θ,φ)+ ps(r,θ,φ)

]︃

r=RO

= 0. (4.11)

Substituting 4.9 and 4.10 into 4.11 we can express the scattering expansion
coefficients as:

cnm =−anm
j′n(kRO)

h(2)′
n (kRO)

. (4.12)

This is a quite insightful expression for it indicates that the behaviour of
the scattering field will be proportional to the distribution of the sources of
the incident field [37]. We can now express a set of scattering expansion
coefficients 1 which solely depend on the spatial frequency k of the field
1Not to be confused with termscattering coefficient which has been used in other
contexts with different meaning. In room Acoustics it refers to the ratio of
acoustic energy reflected in non-specular directions and the totally reflected
acoustic energy, while in the context of Optics, the scattering expansion coefficient
indicates the ability of a particle to scatter photons out of a beam of light [35]
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and the radius of the sphere RO as

sn(kRO)= j′n(kRO)

h(2)′
n (kRO)

, (4.13)

and outgoing scattered field of the sphere as

ps(r,RO)=−
∞∑︂

n=0

n∑︂

m=−n
anmsn(kRO) h(2)

n (kr) Ynm(Ω). (4.14)

While this is a slightly different form for the scattered field of a sphere
from the one encountered in numerous textbooks [97, 37, 78], it is relevant
for it allows one to relate the distribution of an incident field anm to the
outgoing expansion direction h(2)

n (kr) Ynm(Ω) through the scattering expan-
sion coefficients [37].

Figure 4.6 presents the evaluation of Eq. 4.14 as a function of kRO for
three boundary points on the azimuth plane φ = 0, π/2 and pi.

Figure 4.6. Scattered field at the boundary of a sphere as a function of kRO. pre f is the
reference atmospheric pressure of 2×10−5 Pascals.

Though this figure refers to the effects of a sphere, it reveals trends
which are applicable to the scattering of finite geometries. As the kRO

relation increases, due to an increase in the size of the sphere or increase
in the frequency of the field, the scattering effect of the sphere on the
incident field also increases. In other words, a sphere or finite body in
the path of a large wave, kRO << 1, will diffract around the body with
little changes to the wave’s path. This effect of the amount of scattering
due to relation between the size of the scatterer and the frequency of the
field, can be seen in the scattering of other geometries used in Publication
III and Publication V. Furthermore, at kRO = 1, the scattering effect of
the sphere plateaus and its body is fully "visible" to the incident field.
For arbitrary geometries, while the scattering responses while differ, the
relation of kR = 1 seems to be a significant threshold over which the effects
of scattering are significant.
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4.4.2 Arbitrary Scatterers

Still, for geometries which do not share the same symmetrical properties
as that of the sphere, the outgoing scattering direction of their field might
depend on the direction of the incidence field. In terms of scattering ex-
pansion coefficients, this means that certain order-dependent modes of the
incident field nm will be mapped to other order-dependent modes of the
outgoing field n′m′.

So replacing the order dependent coefficients of sn with a matrix of coef-
ficients Snn′mm′ of scattering expansion coefficients, which maps incident
modes to out-going modes [61], we arrive to a more general form for the
scattered pressure of arbitrary geometries:

ps(r,RO)=−
∞∑︂

n=0

n∑︂

m=−n
anm

∞∑︂

n′=0

n′∑︂

m′=−n′
Snn′mm′(kRO) h(2)

n (kr) Ynm(Ω). (4.15)

Furthermore, recovering these scattering expansion coefficients analyti-
cally might be very hard, if not impossible. Therefore a numerical approach
is suggested which is presented in publications Publication III and Publi-
cation V.
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5. Sound-field Recording: Ambisonics

In order to model acoustic problems, it is sometimes necessary to capture
their sound-fields in order to analyze their behaviour. In scenarios where
the spatial properties of a sound scene are of interest, a combination
of spatially distributed array of microphones and DSP techniques can be
applied. The specifications for the microphone array configuration (number
of microphones, types of microphones, physical arrangement, etc.) will
depend on how the audio signals will be processed. An application of
microphone array processing which is particularly useful for capturing and
analyzing and reproducing spatial sound scenes is Ambisonics.

5.1 Overview

Developed by Gerzon in 1973 [34], Ambisonics has become a popular for-
mat for recording, transmitting and reproducing spatial audio. Initial
microphone array configurations for Ambisonics recording made use of
omnidirectional and figure-8 microphones, in coincident and orthogonal
arrangements, to capture the pressure and pressure-gradients of a sound-
field in 2 or 3 dimensions. This initial format is known as First Order
Ambisonics (FOA), and while it is still popular, it also has evolved. The
modern iteration of FOA, Higher Order Ambisonics (HOA), makes use of
the theoretical concepts behind sound-field decomposition [57, ?] as well
as more elaborate array configurations to increase the spatial capture
resolution of sound-scenes. A flexible aspect of Ambisonics as a format, is
that its encoding and decoding stages are independent of each other. In
other words, once a sound-field has been encoded into Ambisonics it can
then be reproduced through various loudspeaker configurations as well as
headphones. In the last decade, Ambisonic has become increasingly more
accessible due to various commercially available Ambisonic microphones
as well as the open access to free encoding and decoding software [55, 65].
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5.2 Ambisonics Encoding

In this thesis we consider two common methods for encoding pressure
signals into Ambisonics. The first method makes use of analytical models
which assumes a Spherical Microphone Array (SMA) with ideal sensor
responses. The second method makes use of real measurements of the array
intended for Ambisonic recording. Both methods make the assumption
that the captured sound-field contains a continuous distribution of plane
waves and therefore, all recorded sources are in the far-field from the
microphone array [100].

5.2.1 Model-Based Ambisonic Encoding

The pressure signals from an SMA can be efficiently encoded into Am-
bisonics through a series of filters derived from theoretical models. This
approach for Ambisonic encoding follows the physical sound-field defini-
tions from the previous chapter and provides a general framework for
modeling the process of Ambisonic encoding. This approach can be broken
down into three steps:

I) Discrete SHT
Following the requirements for an order-limited transform and sampling
schemes described in section 2.4.1, the set of pressure signals from Q
microphones is transformed into the spherical harmonic domain via the
discrete SHT of equation 2.17. An equation which maps the SHT of the
microphone’s pressure of an array of radius RM to the density coefficients
of the field is described by:

pnm(RM ,k)= anm bn(kRM), (5.1)

where anm are the target Ambisonic signals containing the contribution of
the far-field sources as well as room acoustic effects. The bn coefficients
are radial weights containing the scattering of the microphone’s enclosure
as well as the sensor’s directivity.

II) Removal of SMA effects
The bn weights are inverted to remove the radial effects of the sampling
scheme as well the enclosure effects of the SMA.

anm = pnm(RM)
bn(kRM)

(5.2)

Two of the most common array configurations are the open array of cardiod
microphones and the array omnidirectional sensors mounted on a rigid
sphere. Models for these two configurations are given by:

bn(kR)=
{︄

in(δ jn(kRM)− i(1−δ) j′n(kRM)), open array
in−1

(kRM )2h′(2)
n (kRM )

, rigid sphere
(5.3)
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As with equation 4.6, δ indicates the amount of pressure-gradient directiv-
ity.

III) Regularization
The inversion of the bn coefficients introduces considerable amplification
at low frequencies, rising linearly towards DC with a 6n dB/octave slope
[26]. Therefore, this inversion alone is impractical because it will not only
excessively amplify low frequencies, it will also amplify the self-noise of
the sensors as well as introduce significant directional mapping errors if
the sensors of the array are not perfectly aligned.

Figure 5.1. Inversion of bn weights for a rigid sphere SMA enclosure as a function kRM
for orders 0 to 3

A regularization stage prevents this by restraining the amplification to a
specified amplification level.

ãnm = dn(kRM ,λ) pnm(kRM). (5.4)

where dnm corresponds to Tikhonov regularization

dn(kRM ,λ)= b∗
n(kRM)

|bn(kRM)|2 +λ2 (5.5)

and λ is the regularization factor

λ= 1−
√︁

1−1/g2

1+
√︁

1−1/g2
. (5.6)

The maximum allowed amplification is specified by g = 10 gdB/20, where gdB

is the allowed amplification in decibels.

5.2.2 Measurement-Based Ambisonic Encoding

A second method for Ambisonics encoding of SMA signals makes use of
responses measured from a specific array to generate an encoder E. This
encoder transforms the pressure signals of the array of Q sensors into
Ambisonic signals of order L and can be expressed in matrix notation as

ã=EpQ . (5.7)
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Figure 5.2. Effects of regularization on inverted bn weights for a rigid sphere SMA with
an allowed amplifications of 20 dB.

where a is a vector with (L+1)2 entries containing the Ambisonic signals
ãnm, pQ is a vector containing pressures from Q microphones and E is the
encoding matrix of dimensions (L+1)2 ×Q. The matrix for E is generated
from solving the minimization problem

argE min∥|EHD −YT
D ||2F (5.8)

where HD is a Q ×D matrix containing the collection of Q microphone
responses from D directions and YD is a matrix of spherical harmonic
values up to order L for the same D directions. The solution to equation
5.8 is given by the weighted least-square:

E=YT
DWDHH

D (HDWDHH
D +λ2Is)−1 (5.9)

where WD are sampling weights for the grid of impulse response directions
and λ are the regularization coefficients given by equation 5.6.

A benefit of this encoding method is that it is agnostic of the sensor
positions and that it accounts for the potential design inaccuracies of an
SMA of interest: mismatches between the responses of the sensors, miss-
alignment of the sensor position, variable directivity of the sensor capsules,
etc [68]. A downside to this approach, is that the regularization stage will
affect the loudness of the array at low-frequencies and the least-square
might not be able to provide a proper fitting at high frequencies above
the aliasing limits. To compensate for these limitations, a series discrete-
time filters derived from the analytical solutions can be derived using
the bi-linear transform and impulsive invariance method [70]. Still, the
presented encoding method is a relevant step for the further parametric
encoding methods presented in Publication I.
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5.3 Manipulations of Ambisonic scenes

The manipulations methods presented in Chapter 3 can be applied to
Ambisonic scenes. Rotation of Ambisonics scenes is a commonly use in
combination with head-tracking to rotate the sound scene according to
a listener’s orientation. The inclusion of head-tracking in rendering am-
bisonic scenes allows listeners to solve binaural cues and improve spatial
localization of sound sources [5].
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6. Acoustic Simulation

The publications presented on this thesis make use of simulations to evalu-
ate models as well as validate new proposed methods. In order to motivate
the importance of acoustic simulations, one should consider a process
that is its physical compliment, acoustic measurements [10]. An essential
step in the development of acoustics, and most applied fields of science,
is the measurement procedure. Standard definitions for the process of
measurement exist [1], but we can think of measurements as controlled
and repeatable observations of some physical phenomena, a sample of the
real world which provides some information related to its nature. Data
from measurements, while prone to human error and noise, are the closest
representation to the phenomena of interest and useful for generating and
validating hypotheses and models. In the case of acoustics, measurements
allow us to produce reliable information regarding characteristics of acous-
tic systems, such as the reverberation time of a room [85] or the scattering
effects of the human pinna [40].

As an alternative process, acoustic simulations allow us to generate data
from models which are based on physical and mathematical principles.
The quality and accuracy of the data generated from a simulation directly
reflects the capabilities and limitations of the models from which it is gener-
ated. And though these models can only produce a limited representation
of a natural process, and it is difficult to determine all its parameters,
simulations can produce reliable observations if their limitations and error
margins are known. Furthermore, the reliability of acoustic simulations
continues to grow thanks to the active, and patient, research field of acous-
tic verification and validation [64, 71].

There are many advantages of acquiring data through simulations.
Thanks to modern computing, calculations and repetitive tasks required
to produce large data sets can be acquired in short periods of time with
minimal human error. And though high performance computer clusters
needed to produce simulations require better sustainability solutions [3],
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a simulation environment provides an almost infinitely flexible virtual
environment which reduces the use and disposal of physical samples as
well as human labor [22].

The various simulation methods commonly used in physics and engi-
neering have found applications in all fields of acoustics. Finite Element
Method (FEM) [83] and Finite Difference Time Domain Method (FDTD)
[13] can provide detailed descriptions throughout entire discrete domains
of an acoustic model at a high computational expense. For free-field acous-
tic problems, the Boundary Element Method (BEM) [50] provides an ef-
ficient solution, as it only needs to solve the acoustics over surfaces and
extrapolate results for the rest of an acoustic domain. Hence, the type
of simulation method applied to an acoustic problem depends on its re-
quirements. The development of wave-based room acoustic simulations
has made use of FDTD [15] as well as ray tracing methods which make
geometrical assumptions on sound propagation [84]. Furthermore, FDTD
and BEM approaches have used to study HRTFs and the complexities
of the acoustic scattering of the pinna [62, 72]. Moreover, the various
components of electroacoustic systems, such as a loudspeaker, are now
commonly optimized using FEM [24, 46]. Also, BEM has been used to
study the influence of microphone arrays with non-spherical enclosures
on Ambisonics recording [49] and Beamforming. Finally, the use of FDTD
has even been applied to the development of sound synthesis for various
musical instruments [14].

6.1 Boundary Element Method

Several analytical methods exist for solving free-field acoustic problems
for simple geometries such as the flow around a cylinder or the pressure
over a sphere. For more complex geometries, acoustic problems can become
very hard, or even impossible, to solve analytically. The boundary element
method is a well established numerical method for solving boundary value
problems which can be applied to the acoustic field surrounding arbitrary
geometries.

At its core, the BEM applies the Helmholtz Integral Equation (HIE),
a boundary integral derived from solving the inhomogeneous Helmholtz
equation using Green’s second identity. The derivation of the HIE is out of
the scope of this thesis, but a detailed derivation can be found in Chapter
8 of [97]. In similar fashion to the homogeneous Helmholtz, the solutions
to the HIE also depends on its boundary conditions and can be divided
into interior and exterior problems. Assuming some rigid scatterer of
surface S within a three dimensional sound-field of volume V , as presented
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V

S

n
pi

Figure 6.1. Domain definition for Helmholtz Integral problem

in Figure 6.1, the HIE which describes the sound-field takes the form:

Ψ p(r)= pi(r)+
∫︂

S
p(rs)

∂

∂n
G(r|rs) dS (6.1)

where r ∈ V , rs ∈ S, ∂
∂n is the gradient in the normal direction to the

surface of the scatterer, pi is the incident field, G is the free-field Green’s
function from Eq. 4.4 and

Ψ=

⎧
⎪⎪⎨
⎪⎪⎩

1, if r is outside S
1
2 , if r is on S

0, if r is inside S

(6.2)

An interpretation to these equations has been elegantly given in [49]
as: "The HIE states that a continuous distribution of monopole and dipole
sources on the surface of a closed domain weighted by the sound pressure
and its normal derivative is sufficient to represent any kind of homoge-
neous and source-free sound-field."

For the implementation of the HIE, the continuous geometry of the
boundary is discretized through smaller elements shapes, triangular or
quadrilateral, and the HIE is solved at the nodes of the elements. The
process of discretizing the geometry into elements is known as meshing
and the collection of all elements describing the geometry is called a mesh.
The HIE is solved for each element through a dense matrix either directly,
through inversions, or indirectly, through approximations. As a rule of
thumb, in order for a BEM simulation to produce good results, the largest
size of the mesh elements of the geometry should be at least λ

6 or smaller,
where λ is the wavelength of the simulated frequency.
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6.2 Simulation Workflow

While Publication I and Publication II of this thesis made use of analytical
models which could be easily calculated on a single computer, namely the
scattering over the surface of the sphere and the piston on a sphere model,
Publication III, Publication IV and Publication V made use of large amount
of BEM simulations which required a workflow as well as more computa-
tional resources. An example of this workflow is presented in figure 6.2.
An initial step in the simulation process involved deciding and designing a
3D model whose geometry display a certain acoustic scattering behaviour,
which could not be easily described analytically, for the purposes of some
real world application. In the case of Publication III, a 3D model of 50 cm
sided cube was chosen for it was a medium sized common geometry with
hard edges capable of producing complex scattering patterns at mid to high
frequencies. For Publication IV, the model of head-mounted display on a
human-sized manikin head was designed to demonstrate the potential of
the proposed Ambisonic recording method on a wearable device. The 3D
model in Publication V, a work desk with a computer screen, was chosen
for a scattering geometry commonly found in a work environment whose
scattering region of interest is its upper hemisphere. The 3D models would
then be meshed following the standard guideline for largest element size
of λ

6 , and choosing an element shape, triangular or quadrilateral, which
reduced the mesh to the smallest amount of elements to minimize simula-
tion time.

Once the model was meshed a simulation grid was determined follow-
ing some requirement. The simulation grid determined the directions
for the incident field and/or the sampling points. Three different types
of regularly distributed grids were used: T-design [7], Fliege [29] and a
maximum determinant grid [88], with the last two being the most efficient
in terms of using the least amount of points to sample the pressure over
a sphere. The acoustic quantities were sampled either on the surface
of the geometry or enclosing the geometry. Simulations would then be
run using plane waves for multiple incident directions according to some
requirement of the methods. For the methods presented in Publication III
and Publication IV, the simulation scheme depended on producing enough
sampling points to perform the SHT while Publication V required suffi-
cient grid array responses to solve the directions of arrival of active sources.

The software package used to mesh, simulate and sample the data for
these simulations was COMSOL Multiphysics. Most of the simulation time
was spent monitoring the simulation process to ensure that the simulation
would converge. In order to save time, dozens of simulation were run
in parallel using Aalto University’s TRITON high-performance computer
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cluster. Once all simulations were completed, data was transferred and
processed on Matlab.

3D Modeling

Meshing

Sampling

Simulation

Analysis

Figure 6.2. Simulation Workflow
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7. Contributions

Publication I - "Effects of Near-field Sources on Ambisonics
Recording and Playback"

Traditional Higher Order Ambisonics encoding assumes that all the recorded
sources are in the far-field. Publication I evaluates and formalizes the
effects of Ambisonic recording near-field sources which do not meet the
plane wave assumption. When recording with high-order directional micro-
phones, near-field sources will introduce a frequency-dependent proximity
gain. This proximity gain, which is most prominent at low frequencies,
is then somewhat constrained by the Ambisonic encoding stage of regu-
larization. The article argues that Ambisonics signals containing near-
field effects will affect the directional properties of virtual microphone
post-processing techniques as well introduce audible differences when
binaurally reproduced.

Publication II - "Near-Field Evaluation of Reproducible Speech
Sources"

The development of spatial speech reproduction methods in telepresence
applications requires calibrated and repeatable sources with similar spatial
properties to that of human speech. Publication II is an article which
evaluates the near-field spatial speech reproduction properties of the GRAS
45BC KEMAR head & torso with mouth simulator. The mouth simulator
was evaluated through objective and subjective comparisons with the
directivity of 24 individuals (12 male, 12 female), a 8020B GENELEC
loudspeaker, an analytical model and cylindrical harmonic model derived
from average speech. The measurements and listening test argue that
though the directivity of the mouth simulator follows the trend of human
speech directivity, its off-axis response includes salient frequency notches
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which create audible differences detrimental to its perceived quality.

Publication III - "Spherical Decomposition of Arbitrary Scattering
Geometries for Virtual Acoustic Environments"

Publication III proposes a method for encoding the scattering properties
of arbitrary geometries into the spherical harmonic domain as multiple-
input multiple-output (MIMO) system. Using a simulation environment
such as BEM, the field scattered by an incident plane wave impinging
on a geometry can be sampled and encoded into a series of scattering
expansion coefficients. By simulating enough incident directions, the scat-
tering expansion coefficients can be encoded into a matrix which describes
the incoming and outgoing scattering modes of the geometry. scattering
expansion coefficients can then be manipulated in a similar fashion to
ambisonic signals to simulate the rotation, translation and scaling of the
scattering geometry in space. The method is validated through a large
scale simulation of the scattered field of 50 cm sided cube showing accurate
results between references and synthesis. The publication also proposes
ways to integrate this method into existing virtual acoustic frameworks.

Publication IV - "Parametric Ambisonic Encoding of Arbitrary
Microphone Arrays"

Publication IV proposes a method for parametrically encoding signals
of a microphone array with irregular sensor distribution and enclosure
geometry, into HOA. The method relies on the level and phase differences
of the array response to build a signal model that considers the number of
sources, their position with the sound-scene as well as the diffused field.
The asymmetrical scattering of the array facilitates solving the position of
multiple sources due to the increased incoherence between array responses.
The method was validated through a case study in which an acoustic BEM
simulation of a head-mounted display with 7 sensors was encoded using
traditional linear Ambisonics as well as the proposed parametric method.
Objective and subjective evaluations indicate that the proposed parametric
method outperforms standard linear Ambisonics encoding.

Publication V - "Sector-Based Encoding and Data Compression of
Virtual Acoustic Scattering"

Publication V extends the work presented in Publication III by proposing
a method for encoding the scattering of limited sectors of a geometry
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body for applications which do not require entire spherical descriptions of
scattering, such as objects of the floor or uneven surfaces. This sector-based
encoding approach reduces the required sampling of the scattered field to
only the regions of interest, reduxing also the required data to produce the
scattering matrix. A second optimization is also proposed to reduce the
memory requirements for storing the scattering matrix using frequency-
dependent Singular Value Decomposition compression. The proposed
methods are validated through the simulation of the upper hemisphere
of the scattered field of a 80 cm wide work desk with a computer screen.
Results for the root-mean-square error between reference simulations and
scattered pressure synthesized from the sector-based encoded scattering
matrix, with SVD compression, indicate minimal reconstruction error.
Through the compression method, a scattering matrix is compressed to
15% of its original memory size, while maintaining 99% of its singular
values.
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8. Future Work

Future work remains to validate the analytical results presented in Pub-
lication I, through measurements and/or listening tests, to evaluate the
effects of near-field sources on Ambisonics recording and playback. Fur-
thermore, the findings and conclusions from Publication II could be used
to develop efficient near-field speech rendering models for telepresence
applications. Moreover, the method proposed in Publication III leaves
many open research questions which could facilitate the generation of
scattering expansion matrices as well as optimized them for real-time
rendering environments. Some of these questions are:

• Is there a direct relation between the geometry of the scatterer and the
structure of its scattering expansion matrix and if so, what are they?

• Is symmetry of the geometry somehow reflected in the matrix?

• How does the matrix change once the geometry of the scatterer is
changed?

• Are there relationships between frequencies of the matrix and if so, what
methods can be developed to interpolate between frequencies?

• How audible is the scattering pattern of a geometry and can perceptual
thresholds be determined to simplify the scattering patterns.

Finally, regarding Publication IV, methods should be developed to evalu-
ate the performance of the COMPACT algorithm in various array geome-
tries to optimize the placement of sensors and maximize the algorithm’s
performance.

57





References

[1] The international vocabulary of metrology—basic and general concepts and
associated terms (VIM). Joint Committee for Guides in Metrology, 3 edition,
2012.

[2] Methods of measuring and specifying the performance of loudspeakers for
professional applications - drive units, 2012.

[3] Impacts of the digital transformation on the environment and sustainability.
Institute of Applied Ecology, 2019.

[4] V. Ralph Algazi, Richard O. Duda, Ramani Duraiswami, Nail A. Gumerov
A., and Zhihui Tang. Approximating the head-related transfer function
using simple geometric models of the head and torso. J. Acoust. Soc. Am.,
112(5):2053–2064, 2002.

[5] V. Ralph Algazi, Richard O. Duda, and Dennis M. Thompson. Motion-
tracked binaural sound. J. Audio Eng. Soc., 52(11):1142–1156, november
2004.

[6] Andreas Asheim and U. Peter Svensson. An integral equation formulation
for the diffraction from convex plates and polyhedra. J. Acoust. Soc. Am,
133(6):3681–3691, 2013.

[7] Bela Bajnok. Construction of spherical t-designs, 1989.

[8] Kasra Barkeshli. Advanced Electromagnetics and Scattering Theory.
Springer, 2015.

[9] Leo Beranek. Concert Halls and Opera Houses: Music, Acoustics, and
Architecture, Music and Acoustics. Springer New York, 2004.

[10] Leo L. Beranek. Acoustical measurements. Acoustical Society of America
New York, 1988.

[11] Leo L. Beranek and Tim J. Mellow. Acoustics: Sound Fields and Transduc-
ers. Academic Press, 2012.

[12] Danielis Bernoulli. Hydrodynamica. Joh. Deckeri, 1738.

[13] Stefan Bilbao. Numerical Sound Synthesis: Finite Difference Schemes and
Simulation in Musical Acoustics. John Wiley Sons, Ltd, 2009.

[14] Stefan Bilbao, Charlotte Desvages, Michele Ducceschi, Brian Hamilton,
Reginald Harrison-Harsley, Alberto Torin, and Craig Webb. Physical mod-
eling, algorithms, and sound synthesis: The ness project. Computer Music
Journal, 43(2-3):15–30, 2020.

59



References

[15] Stefan Bilbao, Brian Hamilton, Jonathan Botts, and Lauri Savioja. Finite
volume time domain room acoustics simulation under general impedance
boundary conditions. IEEE/ACM Transactions on Audio, Speech, and
Language Processing, 24:161–173, 2016.

[16] Jens Blauert. Spatial Hearing: The Psychophysics of Human Sound Local-
ization. The MIT Press, 1996.

[17] Alam Blumlein. Patent 394325: Improvements in and relating to sound-
transmission, sound-recording and sound-reproducing systems, 1931.

[18] Ingolf Bork. Report on the 3rd round robin on room acoustical computer
simulation – part i: Measurements. Acta Acustica united with Acustica,
91:740–752, 07 2005.

[19] Fabian Brinkmann, Lukas Aspöck, David Ackermann, Steffen Lepa,
Michael Vorländer, and Stefan Weinzierl. A round robin on room acoustical
simulation and auralization. J. Acoust. Soc. Am, 145(4):2746–2760, 2019.

[20] L. Caminos, J. Garcia-Manrique, A. Lima-Rodriguez, and A. Gonzalez-
Herrera. Analysis of the mechanical properties of the human tympanic
membrane and its influence on the dynamic behaviour of the human hearing
system. Appl Bionics Biomech, 2018.

[21] Trevor J. Cox and Yiu W. Lam. Prediction and evaluation of the scattering
from quadratic residue diffusers. J. Acoust. Soc. Am, 95(1):297–305, 1994.

[22] Niki Derlukiewicz, Anna Mempel-Śnieżyk, Dominika Mankowska, Arka-
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