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A mi familia.

“One of our most important faculties is our ability to listen to,
and follow, one speaker in the presence of others...
we may call it ‘the cocktail party problem.’
No machine has been constructed to do just this,
to filter out one conversation from a number jumbled together”

E. C. Cherry (1957)



Abstract

Sound field analysis is a fundamental tool in the design, manufacturing, testing and di-
agnosis of machines and transportation means, as well as the legislations that regulate
noise levels in order to minimize environmental pollution. Customary solutions to the
problem of sound field analysis are microphone array technologies such as near-field
acoustic holography (NAH) and beamforming. One of the challenges of using these
technologies often lies in the difficulty for separating disturbing sounds from the target
source, specially when these are correlated. For example, NAH requires that no reflect-
ing surfaces are found in the vicinity of the array, which is in theory only possible in an
echo-free chamber. On the other hand, beamforming is most suitably used to separate
uncorrelated sound sources, which is not the case of, for instance, the noise generated
by the contact between the wheel of a train and a railway track. The present thesis
examines the research problems of separating a sound source from its reflections, and
separating the rail noise from the total noise radiated by a passing train. The overall
goal of the thesis is to push the limits of microphone array technologies in the con-
text of sound field separation, to the end of minimizing the cost and complexity of
measurements and analyses. The proposed separation methods are formulated in the
wavenumber domain, and the measurements are done with uniform single layer mi-
crophone arrays. The problem of separating reflections is addressed in three different
papers: (i) compact sources and a parallel reflector, (ii) planar source and a parallel
reflector, and (iii) a perpendicular reflector with respect to the microphone array, and
the common requirement is the knowledge of the reflector impedance. The problem
of separating rail noise is studied in a fourth paper, and the proposed method is for-
mulated such that it does not require prior knowledge of the rail properties. Upon the
findings obtained in the papers, a comprehensive description of areas for future work,
as well as strategies to approach them, is given at the end of the thesis.

Keywords: sound field separation, microphone arrays, near-field acoustic holography,
reflecting surfaces, railway rolling noise
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Sammanfattning

Ljudfältanalys är ett fundamentalt verktyg i designen, tillverkningen, provningen och
diagnosen av maskiner och transportmedel, samt vid lagstiftning som reglerar buller-
nivåer med syfte att minska miljöförening. Vanliga lösningar för att analysera ljudfält
är mikrofonuppsättningstekniker som akustisk holografi i närfält (NAH) och strålform-
ning. En av svårigheterna med dessa tekniker är att separera störande ljud från mål-
källan, särskilt när de är korrelerade. Exempelvis, krävs vid NAH att inga reflekterande
ytor befinner sig i närheten av mätningen, vilket i teorin endast är möjligt i ett ekofritt
rum. Vidare kan strålformning framför allt användas när ljudkällorna inte är korrelera-
de, vilket inte är fallet för, till exempel, buller som genereras i kontaktpunkten mellan
tåghjul och järnvägsspår. Denna avhandling undersöker två olika utmaningar: att sepa-
rera en ljudkälla från sina reflektioner, och att separera spårbuller från det totala ljudet
som utstrålas från ett passande tåg. Avhandlingens huvudmål är att utvidga nuvarande
begränsningar av mikrofonuppsättningstekniker för separation av ljudfält, med syfte att
minska mätningarnas och analysens tidsförlust och komplexitet. De föreslagna meto-
derna formuleras i vågtalsdomänen, och mätningarna görs med jämnt mikrofonavstånd
och enksilda lager av mikrofonuppsättningar. Det förstnämnda problemet undersöks i
tre olika artiklar: (i) kompakta källor och en parallell yta, (ii) plan källa och en parallell
yta, och (iii) en vinkelrät yta avseende på mikrofonuppsättningen, och huvudkravet är
att kunskap om reflektorns impedans är sedan tidigare känd. Det andra problemet un-
dersöks i en fjärde artikel, och den föreslagna metoden formuleras så att det inte behövs
kunskap om spåregenskaperna. En detaljerad bedömning av framtida forskningsbehov,
som avviker från artiklarnas resultat, presenteras i slutet av avhandlingen.

Nyckelord: separation av ljudfält, mikrofonuppsättningar, akustisk holografi i närfält,
reflekterande ytor, spårbuller
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Preface

The doctoral thesis work began in May 2013, and it has been carried out at The Marcus
Wallenberg Laboratory for Sound and Vibration Research in KTH. The PhD degree sub-
ject is in Vehicle and Maritime Engineering, offered by the Dept. of Aeronautical and
Vehicle Engineering, School of Engineering Sciences, KTH. The main supervision has
been done by Prof. Ines Lopez Arteaga(i),(ii), and the deputy advisors have been Profs.
Mats Åbom(i) and Leif Kari(i). The opponent is Jean-Hugh Tomas(iii), and the jury mem-
bers are Efren Fernández-Grande(iv), Lara del Val Puente(v), and Sten Ternström(vi).

The dissertation consists of two main parts. First an overview and summary of the
work is presented, followed by a second part consisting of the appended papers:

Paper A
E. Zea and I. Lopez Arteaga, “Single layer planar near-field acoustic holography for
compact sources and a parallel reflector”, Journal of Sound and Vibration, vol. 380, pp.
129–145, 2016.

Paper B
E. Zea and I. Lopez Arteaga, “Sound field separation for planar sources facing a parallel
reflector”, submitted to Journal of Sound and Vibration, September 2017.

Paper C
E. Zea and I. Lopez Arteaga, “Space–variant sound field separation with linear micro-
phone array”, unpublished.

Paper D
E. Zea, L. Manzari, G. Squicciarini, L. Feng, D. Thompson and I. Lopez Arteaga, “Wave-
number–domain separation of rail contribution to pass-by noise”, Journal of Sound and
Vibration, vol. 409, pp. 24–42, 2017.

(i)Marcus Wallenberg Laboratory for Sound and Vibration Research, KTH Royal Institute of Technology,
Sweden.

(ii)Department of Mechanical Engineering, Eindhoven University of Technology, The Netherlands.
(iii)Laboratoire d’Acoustique de l’Université du Maine, University of Maine, France.
(iv)Department of Electrical Engineering, Acoustic Technology, Technical University of Denmark, Denmark.
(v)Departamento de Ingeniería Mecánica, Valladolid University, Spain.

(vi)Department of Speech, Music and Hearing, KTH Royal Institute of Technology, Sweden.
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Division of work in the papers

Paper A
Lopez Arteaga proposed the idea of applying seismic theory to near-field acoustic holog-
raphy. Zea formulated the theory and developed the computer implementations, as
well as performed the numerical and experimental validation of the method. The re-
sults were analyzed by Zea and discussed together with Lopez Arteaga. The paper was
written and compiled by Zea, after an iterative reviewing process with Lopez Arteaga.

Paper B
Zea formulated the theories, developed the computer implementations and performed
the experimental validation of the methods, including the implementation of a fully
automated measurement routine with a robotic arm. The results were analyzed by Zea
and discussed together with Lopez Arteaga. The paper was written and compiled by
Zea, after an iterative reviewing process with Lopez Arteaga.

Paper C
Zea formulated the theory, developed the computer implementation and performed the
numerical validation. The results were analyzed by Zea and discussed together with
Lopez Arteaga. The paper was written and compiled by Zea, after an iterative reviewing
process with Lopez Arteaga.

Paper D
Zea and Lopez Arteaga proposed the idea and study conception. Zea formulated the
theory and developed the computer implementation. The acquisition of the measure-
ment data was done by Manzari, Squicciarini and Feng. The data was processed and an-
alyzed by Zea, and discussed together with Squicciarini, Thompson and Lopez Arteaga.
The paper was written and compiled by Zea, of which a section was written by Squic-
ciarini, and it was reviewed by all the co-authors.
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Part I

OVERVIEW AND SUMMARY OF THE
WORK
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1 Introduction

It would be very challenging a task to talk about sound separation
without discussing the problem of sound localization

One of the first attempts to localize sound sources possibly dates back to the late 19th

century, with the invention of the topophone by Prof. A. M. Mayer [1]. The topophone,
sketched in Fig. 1.1, consists of two resonators supported on a horizontal bar, which can
freely pivot on the neck of the individual. Each resonator is then connected to a flexible
tube that is directed to each of the ears of the individual. The underlying principle of
the device is then that the exact direction of the sound corresponds with the pivot angle
at which the sound is perceived the loudest. The topophone was intended for use on
land or water, but with the particular purpose of safe navigation of ships through fog.

Figure 1.1: Sketch of the topophone (1880)1.
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4 CHAPTER 1. INTRODUCTION

Decades later, similar devices were built in order to identify approaching aircraft,
missiles and the like during World Wars I and II. An example of such devices can be
seen in Fig. 1.2. In particular, during World War II, the first designs of phased arrays
were developed, both in the form of electromagnetic (radar) and acoustic transducer
arrays [2]. Numerous technological advances emerged during these decades in what
regards sound localization by means of mechanically moving the transducers.

Figure 1.2: Amplifiers, Bolling Field (1921)2.

A related problem to sound localization is that of sound separation. In the early
1950s E. C. Cherry coined the term “cocktail party problem”, to refer to the human
ability to discriminate (or separate) a person’s voice in spite of other people talking at
the same time [3]. One of the questions Cherry posed was the possibility of replicat-
ing such a phenomenon with a machine. Through the years the question has gained
tremendous interest, for it established a fascinating overlap between the disciplines
of sound field propagation, room acoustics, speech technology, neurobiology, hearing
aids, among others.

It was not until 1975 when the first computer algorithm to process signals recorded
from multiple microphones was developed, overcoming the previous need of mechani-
cally moving the receptors. A technique called binaural source location, inspired by the
physiology of the human auditory system, made use of two closely spaced microphones
to localize sources [4]. In addition, the so-called acoustic telescope was introduced by

1
https://michaelleong.wordpress.com/2009/12/14/professor-mayers-topophone/

2
http://www.loc.gov/pictures/item/npc2007005069/

https://michaelleong.wordpress.com/2009/12/14/professor-mayers-topophone/
http://www.loc.gov/pictures/item/npc2007005069/
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Billingsley and Kinns, and it comprised the first attempt to localize sound sources on
full-size jet engines by means of using an array of fourteen microphones [5, 6].

Microphone arrays gained further popularity with the problem of moving sources,
such as passing trains, flying aircraft, and (much later) cars. For example, the acoustic
telescope was tested with a high-speed passing train by DLR [7], and with two different
aircrafts flying over the array by Rolls Royce [8]. At about the same time, the concept
of beamforming arrays was proposed. In particular, Cherry’s cocktail party problem be-
came one of the target applications of beamforming arrays, see e.g. [9] and references
therein. However, in spite of the abundant applications of beamforming to localize and
separate uncorrelated sound sources, the lack of a correlation model has often been
described as a drawback in a number of scenarios, e.g., identifying the sound radiated
by a railway track (see Fig. 1.3) during a train pass-by [10].

Figure 1.3: Microphone array measurements of a train pass-by (2016).

A rather different usage of microphone arrays was proposed in the early 1980s by
Williams et al. [11], with the theory of near-field acoustic holography (NAH). NAH is
a technique that requires near-field measurements with a certain array geometry [12,
13], and it allows for the prediction of pressure or velocity fields at a given distance from
the array. A central difference between NAH and beamforming is that no assumption
needs to be made about the source. Nonetheless, the NAH formulation does impose a
critical assumption that all target sources are confined to one of the sides of the array
and that the other side is silent. Thus, for example, the presence of additional sources
or of reflecting surfaces in the vicinity of the array will likely disturb the measured
(and predicted) sound fields, or, in simpler words, it becomes impossible to separate
the source from the disturbances. Up to present day, the customary yet costly solutions
are: (i) to transport the source to and perform the measurements in a silent (anechoic)
room, or (ii) to make measurements with an additional array, frequently referred to as
double-layer array measurements.
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1.1 Problem statement

The two particular problems investigated in this thesis can be stated as instances of
Cherry’s cocktail party problem, in which the persons’ voices are replaced by sound
sources. Then these “parties” can be described as:

• the sound radiated by a given source and its reflections from a neighbouring
surface, and

• the sound radiated by the contact between trains’ wheels and rails.

1.2 General and specific goals

The overall goal of this thesis is to push the limits of microphone array technologies in
what regards applications to sound field separation, to the end of decreasing the cost
and/or complexity of sound field analysis of machines and transportation means, and
ultimately counteract the problem of environmental noise pollution.

According to the problems stated above, the specific goals of this thesis are:

• to develop and test theories to separate a given source from its reflection, due to
the presence of a partially absorbing surface in the vicinity of the measurement,
and

• to develop and test a theory to separate the rail noise from the total noise radiated
by a passing train, without any prior knowledge of the rail properties.

1.3 Approach

The strategy to achieve the aforementioned goals can be structured into two main di-
rections: (i) separating reflections, investigated in Papers A–C, and (ii) separating rail
noise, investigated in Paper D.

1.3.1 Separating reflections

The approach is to subdivide the reflection problem into two cases, depending on the
orientation of the reflecting surface with respect to the microphone array: parallel or
perpendicular surface.

The case of a parallel reflector is further subdivided into two separate cases accord-
ing to the source dimensions with respect to the acoustic wavelength; that is, spatially
compact (Paper A) and distributed (Paper B). Both numerical and experimental valida-
tions are used to test the theories, and a planar microphone array is employed as the
measurement device. On the other hand, the case of a perpendicular reflector (Paper C)
is numerically investigated with synthetic plane waves, and it does not impose assump-
tions about source dimensions. A linear microphone array is used as the measurement
device.
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1.3.2 Separating rail noise

As the separation problem is focused on a specific source, the key ingredient of the
approach lies on the sound radiation properties of the rail. In the frequency range
between 500 Hz and 1600 Hz, it has been found that a significant part of the total noise
radiated by a passing train comes from the rail [14, 10]. In this particular frequency
range, the rail radiates plane waves with an angle to the normal of the rail’s longitudinal
axis. The proposed approach is then to measure the sound close to one of the rails with
a linear microphone array, and attempt to filter these plane waves from the total pass-
by noise. In order to estimate the radiation angles of the plane waves, the sound field
radiated by the rail can be measured both before and after the train passes by.

1.4 Structure of the book

This book is divided into two main parts: (i) overview and summary of the work and
(ii) appended papers. The overview and summary of the work is structured as follows:

Chapter 1 introduces and states the problems investigated in the thesis, as well as the
goals and approaches to achieve them,

Chapter 2 presents the problem of separating reflections, the state of the art methods,
the theories of sound propagation and reflection in the wavenumber domain, as well
as matrix inversion and regularization,

Chapter 3 presents the problem of separating rail noise, the state of the art methods,
the theory of rail sound radiation in the wavenumber domain, and comments on the
knowledge of the rail properties,

Chapter 4 presents a summary of the appended papers,

Chapter 5 lists some of the limitations of the techniques proposed in the thesis, with
the aim of providing directions for future work, and

Chapter 6 concludes and summarizes the thesis work.





2 Separating reflections

Do echoes convey their origin?

As anticipated earlier in the introduction, customary solutions to the problem of sep-
arating reflections are to: (i) transport the source to and perform the measurements in
an anechoic room, or (ii) perform measurements with a double-layer array. As trans-
porting the source is often hardly (and sometimes not at all) feasible, there has been
an increased interest in double-layer techniques through the years.

2.1 State of the art

In general, two main types of double-layer array techniques exist: those formulated
in the spatial domain and those formulated in the wavenumber domain. Among the
space-domain methods, there have been applications of the spherical wave superposi-
tion method [15, 16, 17], boundary elements and the Helmholtz equation least-squares
methods [18, 19, 20, 21, 22, 23], the equivalent source method [24, 25, 26, 27, 28, 29,
30, 31], as well as the so-called statistically optimized NAH [32, 33, 34, 35, 36, 37].

On the other hand, wavenumber-domain methods, which are based on the use of
spatial Fourier transforms, have a higher computational efficiency. Examples of these
are [38, 39, 40, 41]. In addition, there is a powerful link with the so-called plane-wave
reflection coefficient [42, 43, 44, 45], which is a variable that can be used to model
wave reflections in the wavenumber domain.

2.2 Sound propagation and reflection

The following sections summarize the theoretical background needed to understand the
problem of separating reflections with a single layer microphone array in the presence
of parallel and perpendicular surfaces, presented in Papers A [46], B [47] and C [48].

2.2.1 Plane wave solutions

It will often be the case that sound waves exhibit a linear propagation behavior in space
and time, meaning that the influence of the properties of the fluid or solid through

9



10 CHAPTER 2. SEPARATING REFLECTIONS

which the waves propagate can be neglected. Furthermore, if the sound fields are
harmonic in time, they can be represented in space, per frequency component !, via
the Helmholtz equation

r2p(~r,!) + k2p(~r,!) = 0, (2.1)

wherer is a differential operator that depends on the coordinate system [49], k =!/c
is the wavenumber, and c is the speed of sound. One possible solution to this equation
is that of a plane wave, which in cartesian coordinates can be represented as

p(x , y, z) = e j(k↵ x+k� y+k⇠z), (2.2)

where j2 = �1, and the so-called dispersion relation k2 = k2
↵ + k2

� + k2
⇠ holds. The

wavenumbers k↵, k� and k⇠ correspond to the spatial frequency of the wave along the
x , y and z coordinates respectively.

The application of a three-dimensional spatial Fourier transform to Eq. (2.2) leads
to the wavenumber-domain representation of the plane wave

p(kx , ky , kz) =
$ 1

�1
p(x , y, z)e� j(kx x+ky y+kzz)d xd ydz = �(kx � k↵, ky � k�, kz � k⇠),

(2.3)
where � is the Dirac delta function. This plane wave can also be interpreted from the
perspective of its radiation angle, as depicted in Fig. 2.1. In that case, the relationship
between the wavenumbers and the radiation angles is [13]

k↵ = k cos� sin✓ , (2.4a)
k� = k sin� sin✓ , (2.4b)

k⇠ = k cos✓ (2.4c)

kz

ky

kx

k

θ
φ

Figure 2.1: Relationship between plane wave angles and wavenumbers. The plane
wave is depicted with the red arrow.
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In other words, the plane wave is propagating with an azimuthal angle � and an
elevation angle ✓ . As a conclusion of this brief mathematical detour, any sound field
that is transformed to the wavenumber domain can be interpreted as a superposition
of plane waves propagating in space with given angles � and ✓ .

2.2.2 Space-domain propagation

Huygens stated that the phenomenon of wave propagation can be described by the
superposition of so-called secondary sources that lie on a wavefront [50]. As a con-
sequence, the sound field in an arbitrary, yet source-less, volume V can be uniquely
described by the distribution of secondary sources along the surface of such volume
[51]. The mathematical description of the aforementioned statement is the Kirchhoff-
Helmholtz integral [49]

p(~rb) =
1

4⇡

á

S

j⇢!v(~ra)G(|�~r|) + p(~ra)
@

@ ~n
G(|�~r|) dS, (2.5)

which is schematically illustrated in Fig. 2.2. Here ⇢ is the density of the medium, v is
the particle velocity, and ~n is the vector normal to the surface S. The function G is the
solution to Eq. (2.1) with �(~r) replacing the zero on the right-hand side, that is,

G(|�~r|) = e� jk|�~r|

|�~r| . (2.6)

Primary sources

Surface S

r⃗b

r⃗a

θ
�r⃗

n⃗
Volume V

Secondary sources

Figure 2.2: Illustration of the Kirchhoff-Helmholtz integral.

An interpretation of Eq. (2.5) is that the pressure field at any point ~rb inside the
volume is a superposition of monopoles weighted with the particle velocity field on the
surface S and dipoles weighted with the pressure field on the surface S. The use of a
Dirichlet boundary condition in this integral leads to the Rayleigh II integral [51]

p(~rb) =
1

2⇡

" 1

�1
p(~ra) cos✓

(1+ jk|�~r|)
|�~r|2

e� jk|�~r|dS. (2.7)
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Primary sources

Surface S

r⃗b

r⃗a

θ
�r⃗

n⃗

Secondary sourcesx

z

Figure 2.3: Illustration of the Rayleigh II integral.

This expression can be understood as a spatial convolution of the form

p(~rb) = p(~ra)˛ g(~rb � ~ra), (2.8)

where g is the convolution kernel, commonly referred to as Dirichlet Green’s function
[13]. It is this expression which is the base for wavenumber-domain wave propagation.

2.2.3 Wavenumber-domain propagation

The key point of using a wavenumber-domain formulation is that spatial convolutions
such as Eq. (2.8) can efficiently be solved with multiplications. This is the foundation
for wave propagation in Papers A–C. We shall begin by assuming that the surface S
is a plane at z = za, and that we are interested in propagating the sound field from
that plane towards a plane at z = zb (see Fig. 2.4). Then, the wavenumber-domain

x

z

z = za

z = zb

Figure 2.4: Wave propagation between parallel planes.

equivalent of Eq. (2.7) can be casted as

p(kx , ky , zb) = p(kx , ky , za)G(kx , ky , zb � za), (2.9)
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where G is the two-dimensional spatial Fourier transform of the kernel g, and is defined
as [13]

G(kx , ky , z) = e jkzz . (2.10)

From the dispersion relation, we know that

kz =

®q
k2 � k2

x � k2
y , k2 � k2

x + k2
y

j
q

k2
x + k2

y � k2, k2 < k2
x + k2

y .
(2.11)

It can be further said that imaginary-valued kz correspond to evanescent waves, which
carry high-resolution spatial information about the sound field although are spatially
decaying with z. On the contrary, real-valued kz correspond to propagating waves,
which only undergo a phase shift with z but preserve the magnitude3. It is worth
stressing that the reason for array measurements to be performed in the near-field of
the source is to capture evanescent waves, such that high-quality spatial information
can be obtained.

The reader may wonder what happens when we the propagation planes are not
parallel. The answer is that the convolution kernel g becomes space-variant, which
implies the convolution theorem does not hold [52, 53], and the expression (2.10) can
no longer be employed. As shown in Paper C, however, there might be circumstances
under which it can be possible to handle space-variance in the wavenumber domain.

2.2.4 Wavenumber-domain reflection

The second component of the theories presented in Papers A–C is wavenumber-domain
reflection. The locally reacting assumption comprises a first approximation to model
wave reflection from planar surfaces with angle-dependent absorption properties. A
locally reacting surface is that in which the pressure and particle velocity at a specified
point only depends on the pressure and particle velocity at that point [49]. In order
to illustrate how this occurs in the wavenumber domain, the surface impedance of a
locally reacting surface is derived in what follows.

Let us consider the geometry in Fig. 2.5, where the reflector is at z = 0, and let us
define the incident plane wave, propagating with angles (�,✓ ), as

pinc(x , y, z) = e� jk(x cos� sin✓+y cos� sin✓+z cos✓ ). (2.12)

Then, the locally reacting assumption states that the reflected plane wave must be a
constant R times the incident plane wave, and that the wavenumber along the z axis
should change its sign. In mathematical terms,

pref(x , y, z) = Re� jk(x cos� sin✓+y cos� sin✓�z cos✓ ). (2.13)

At the reflector plane z = 0, the sum of the incident and reflected fields gives

p(x , y, 0) = pinc(x , y, 0) + pref(x , y, 0) = (1+ R)pinc(x , y, 0). (2.14)
3As long as the propagation medium has no losses.
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θy

z

Locally-reacting surface

Plane wave

x φ

Figure 2.5: Plane wave reflection on a locally reacting surface.

Since the surface impedance is the ratio of pressure to normal velocity at the reflec-
tor, let us compute the incident and reflected normal velocity via Euler’s equation of
motion as follows

vinc(x , y, z) =
1

jZ0k
@

@ z
pinc(x , y, z) = �cos✓

Z0
pinc(x , y, z), (2.15a)

vref(x , y, z) =
1

jZ0k
@

@ z
pref(x , y, z) =

cos✓
Z0

pref(x , y, z), (2.15b)

where Z0 = ⇢c.
At the reflector plane z = 0, the total normal velocity is

v(x , y, 0) = vinc(x , y, 0) + vref(x , y, 0) = �(1� R)pinc(x , y, 0). (2.16)

Then, the surface impedance reads

Z = � p(x , y, 0)
v(x , y, 0)

=
Z0

cos✓
1+ R
1� R

. (2.17)

Lastly, the plane wave reflection coefficient in the wavenumber domain is defined as

R(kx , ky) =
cos✓ � �
cos✓ + �

, (2.18)

where � is the specific acoustic admittance of the reflector, and cos✓ = kz/k from Eqs.
(2.4). This filter response can then be used to predict the reflected field propagating
away from the reflector as

pref(kx , ky , 0) = pinc(kx , ky , 0)R(kx , ky). (2.19)

An example of propagation and reflection between parallel planes is illustrated in
Fig. 2.6. In this case, the array pressure is the sum of the incident (free-field) pressure
and the reflected pressure
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x

z

z = za

z = zb

Array

Reflector

Figure 2.6: Example of propagation and reflection with parallel planes.

p(kx , ky , za) = pinc(kx , ky , za) + pref(kx , ky , za). (2.20)

Then, the reflected pressure is constructed as the incident pressure that propagates
towards the reflector, is filtered with the response (2.18), and propagates back to the
array. On mathematical grounds, Eq. (2.20) becomes

p(kx , ky , za) =
⇥
1+ G(kx , ky ,�z)R(kx , ky)

⇤
pinc(kx , ky , za), (2.21)

where �z = 2(zb � za). This is one of the main relationships used in Papers A and B.

2.3 Inverse problems and regularization

Another central element of the theories presented in Papers A–C, is matrix inversion
and regularization. The general problem is stated as a linear system of equations

b= A x, (2.22)

where b is a column vector containing the pressure measured with the array, A is a
matrix describing the propagation paths and reflections, and x is a column vector with
the target pressure solution.

In order to find the solution x, inversion of the matrix A is required. One way of
doing so is to diagonalize the matrix and invert the corresponding diagonal elements,
e.g. by means of finding the singular values (or eigenvalues) [54]. In mathematical
terms

A= USVH , (2.23)

where the columns of U and V are the so-called left and right eigenvectors, S= diag{s},
with the singular values arranged in descending order in the vector s, and the super-
script H denotes the matrix transpose. Thus, naive inversion of Eq. (2.22) gives

xnaive = V S�1UHb. (2.24)

It will seldom be the case that S can be inverted in this way, because the singular
values s can often be very small (and in some cases even zero!). This is in the literature
referred to as ill-conditioning [55], and the way to compensate for it is called regular-
ization. In short, regularization is a way of smoothening the singular values, such that
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Power

s

Filter region

sc

Figure 2.7: Illustration of regularization as filtering of singular values.

large singular values are inverted directly, and inverted small values are filtered. This
is illustrated in Fig. 2.7, where the filter region starts at a given “cut-off” sc .

Among the possible filter shapes, one of the most popular ones is the Tikhonov filter
[56]. The mathematical definition follows from minimizing the functional

J(x) = kb�USVHxk22 +µ2kLVHxk22, (2.25)

where µ > 0 is the regularization parameter, and L is the so-called Tikhonov matrix.
Due to the convexity of the functional J , the global minimum corresponds to the regu-
larized solution

xreg = VFS�1UHb. (2.26)

Then, the Tikhonov filter is defined as

F=
⇥

SHS+µ2LHL
⇤�1

SHS, (2.27)

and the Tikhonov matrix is defined as

L = µ2
⇥
SHS+µ2
⇤�1

. (2.28)

One detail we intentionally jumped over is the “cut-off” sc of the filter, which is
related to the regularization parameter µ, although not always as a closed-form ex-
pression. If sc is too large, meaning that the filter pass-band is too wide, the solution is
prone to blow-up due to inversion of small singular values, whereas if sc is too small,
the solution is likely to be over-smoothed due to filtering of large singular values. Opti-
mal choice of µ can then be done with parameter selection methods such as the L-curve
[57], the generalized cross-validation [58] or the Morozov’s discrepancy principle [59].

It is now opportune to put the above expressions into the context of the Papers
A–C. In the case of Papers A and B, the matrix A is already diagonal, thus there is no
need to decompose it into singular values. In particular, in Paper A, the performance
of other filter shapes is investigated, such as the exponential and the cosine-tapered
filters [60, 61]. On the contrary, as the propagation and reflection operations in Paper
C need be arranged as a “full” matrix A, the singular value decomposition is required.



3 Separating rail noise

Can we anticipate an approaching train by listening to the rail?

Any newly designed train to be used in Europe must undergo a homologation test
that requires the quantification of the noise radiated by the vehicle alone. This test is
described in the technical specification for interoperability (TSI) NOISE, which states
that the vehicle sound levels must be under specific limit values [62].

Figure 3.1: Pass-by measurement in Germany (2016).

In particular, it has been found that the noise radiated by passing trains is largely
dependent on the track on which the vehicle runs. For example, in the frequency range
between 500 Hz and 1600 Hz, the rail is likely to be the dominant source of noise for
trains travelling up to 300 km/h [63]. Therefore, the need arises to separate the rail
contribution to the pass-by in this frequency range, such that the homologation with

17
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the NOISE legislation can be done independently of the track on which the vehicle is
being tested. As such, this is one of the objectives of the Roll2Rail project4, part of the
European Union’s Horizon 2020, for which the work in Paper D [64] was done.

3.1 State of the art

Throughout the years, several investigations have been carried out to separate rail noise
and wheel noise during a train pass-by. One of the conventional approaches is TWINS
(Track-Wheel Interaction Noise Software) [65, 66], which predicts the wheel, rail and
sleeper contributions to the pass-by noise, by means of roughness and track decay rate
measurements. In addition to TWINS, there are a number of other approaches. To
begin with, the MISO (Multiple Input Single Output) method [67] estimates the rail
contribution by means of capturing the rail vibrations and defining a transfer-matrix
between the vibrations and one microphone signal. The vehicle noise is then inferred
as the sound level difference between the pass-by noise and the estimated rail contribu-
tion. The VTN (Vibro-acoustic Track Noise) method [68] aims at fitting TWINS source
models [14] for measured vertical and lateral vibrations, as well as sleeper vibrations.
The PBA (Pass-by Analysis) method [69], on the other hand, is a transfer-matrix method
that takes rail vibration measurements and one microphone located as described in
ISO3095 [70]. PBA can separate the pass-by contributions down to roughness levels.

In addition to these methods there is a number of studies with microphone ar-
ray applications. For instance, beamforming techniques both with one dimensional
[71, 72, 10] and two dimensional [73] arrays. Nonetheless, beamforming has been
found to underestimate the rail contribution by at least 10 dB [10], and this has been
attributed to the limitation of beamforming to localize spatially extended sources such
as the rail. A different approach is the SWEAM method [74], which stands for Struc-
tural Wavenumbers Estimation with an Array of Microphones, that inversely estimates
the structural wavenumbers as well as decay rates of the waves in the rail. In addition
to these methods, there are two others which are more recent: ATPA (Advanced Trans-
fer Path Analysis) and beamforming with track radiation models. A comprehensive
summary and recent application of these two to pass-by data can be found in [75].

3.2 Wavenumber-domain rail radiation

In order to gain an understanding of the wavenumber-domain radiation of the rail, as
well as the theoretical basis for the method introduced in Paper D [64], we can begin
with the sound radiation properties in the spatial domain, and attempt to interpret
these in terms of plane waves (in a similar way as in Section 2.2.1).

In the frequency range between 500 Hz and 1600 Hz, the rail behaves as a spatially
distributed source, thus it radiates plane waves at an angle to the normal of the rail’s
longitudinal axis (as shown in Fig. 3.2). Since the wheel is spatially compact, its

4See http://www.roll2rail.eu/ for further details

http://www.roll2rail.eu/
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radiation is nearly omnidirectional (or equal in all directions) [14], and its wavenumber
spectrum is expected to be broadband due to the duality property of Fourier transforms
[76]. This thus implies that, in principle, there should be a clear distinction between the

x

z

�

�

B

�

Figure 3.2: Plane wave radiation of the rail [64]. The radiation angle � is related to
the wavelength of the wave propagatingt in the rail �B, as well as the wavelength of
the wave propagating in the air �.

wavenumber spectra of the wheel and the rail. This can be illustrated in Fig. 3.3, where
wheel and rail noises are sketched in the wavenumber domain. There are two distinct

p(kx)

kx

Figure 3.3: Illustration of wavenumber spectrum of linear microphone array measure-
ments of rolling noise. Orange: rail noise, represented as plane waves. Blue: wheel
noise, represented as a broadband signal.

narrow peaks, which correspond to the radiation due to the waves that are excited
by the wheel/rail contact and propagate towards the positive and negative directions
of the rail’s longitudinal axis. There is also a broadband signal, which corresponds to
wheel (and potentially sleeper) noise.
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In practice, unlike in Fig. 3.3, there is more than a pair of waves, due to the vertical
and lateral excitation of the rail, and different modes that can appear within each of
these excitation types, as well as the coupled interaction between them. However, as
shown in Paper D [64], the use of acceleration sensors located in the vertical and lateral
direction on the rail allows to distinguish, at least, between the two types of excitation.

3.3 On the knowledge of the rail properties

The direct consequence of measuring a spectrum such as that in Fig. 3.3, is that a
band-pass filter could in theory be used to extract the rail noise from the wavenumber
spectrum, as long as the rail-to-wheel signal ratio (or signal power difference from
the narrow to broadband content) is sufficiently large. It becomes then opportune
to consider the question posed at the beginning of the chapter: can we anticipate an
approaching train by listening to the rail? From a physical viewpoint, the rail is expected
to vibrate and emit sound some seconds before (and after) the train has passed, as
the speed of the bending waves in the rail is about five times higher than the speed
of sound in air [64]. The significance of the aforementioned fact, is that the sound
field measured with the array before (and after) the train has passed corresponds to
a pass-by measurement with a rather high rail-to-wheel ratio (RWR), allowing for the
peaks of the rail signature to be identified and used for the filter design. Therefore, the
knowledge of the structural properties of the rail, generally required to estimate the
bending wavenumbers of the rail, is not needed. This, in turn, avoids the need of any
static measurements prior to the pass-by test, decreasing the measurement time and
instrumentation costs.

Rail

Train

Array

Figure 3.4: Illustration of an approaching train on a track with low decay rate.



3.3. ON THE KNOWLEDGE OF THE RAIL PROPERTIES 21

3.3.1 Influence of track decay rate and train speed

It is of utmost importance to remark that the measurement data available before and
after the train passes depends on the track decay rate and the train speed [64]. To
illustrate this, consider the sketches in Figs. 3.4 and 3.5, in which a train is approaching
the microphone array, and the railway track has low and high decay rate respectively.

Rail

Train

Array

Figure 3.5: Illustration of an approaching train on a track with high decay rate.

The track decay rate (TDR), typically defined in dB/m, depends to a great extent on
the stiffness of the pads supporting the rail, and it comprises a measure of how quickly
the waves decay along the rail longitudinal axis [77]. Thus, a low (high) TDR implies
a slow (quick) vibrational decay, and this, in turn, affects the amount of time ⌧ under
which the array measurement is of high enough RWR to identify the rail signature. A
graphical illustration of this phenomenon can be seen in Fig. 3.6, showing the influence
of the decay rate. The RWR is defined as in [76].

The quantities ⌧L and ⌧H are the time instances at which the RWR is above a given
threshold �. On the other hand, ⌧T is the time at which the train is in front of the array.
When t > ⌧T , the locomotive and the first set of wheels of the train are in front of the
array, thus the RWR is likely to be negative. Then, the available time can be defined as
⌧= ⌧T�⌧�, where, for the sake of simpler notation, ⌧� is defined as the threshold time
for either a track with low (� = L) or high (� = H) TDR. Therefore, if the train speed
is the same irrespective of the decay rate, ⌧ decreases as ⌧� increases, or, equivalently,
as the decay rate increases. In practice, ⌧T can be estimated by means of detecting the
passage of the wheels with an acceleration sensor mounted on the rail in the vertical
direction [64]. Furthermore, the TDR could in principle be estimated with acceleration
data measured during the pass-by as proposed in the work by Janssens et al. [69].
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TimeτTτHτL

σ

Low decay
High decay

Figure 3.6: Hypothetical illustration of the rail-to-wheel ratio (RWR) versus time, right
before a train passes in front of the array. The train speed is the same in both curves.

Naturally, the train speed, vT , is yet another parameter that influences the available
time ⌧. A train running at a low (high) speed prolongs (shortens) the available time ⌧,
because the wheel/rail contact point takes more (less) time to reach the array position.
In principle, the actual formula for estimating ⌧ would be more of the form

⌧ �
�

vT
, (3.1)

where � is the distance between the array and the train at which RWR = �. � is a
function of the TDR and the desired threshold �. In fact, from the analysis above, �
is inversely proportional to both the TDR and �. For example, in Paper D, the track
on which the train ran was found to have a rather low decay rate in a wide frequency
range, as shown in Fig. 14(a) in [64]. Thus it is expected that the available time ⌧
would decrease if the TDR was higher, and that the estimation of the rail signature
before and after the pass-by would be more challenging. It is unfortunately out of the
scope of this thesis to provide an expression for �. All the same the author hopes to
motivate the idea of improving the robustness of the estimation of the rail signature in
cases of high track decay rates.



4 Summary of contributions

A synopsis of the appended papers can be given as follows:

Paper A: Development and numerical as well as experimental validation of a
Fourier-based NAH method for compact sources in the presence of a reflector
that is parallel to a single layer planar microphone array

Paper B: Development and experimental validation of two Fourier-based NAH
methods for planar sources facing a reflector that is parallel to a single layer
planar microphone array, and study of the influence of source vibrations in the
scattered sound field and reconstruction accuracy

Paper C: Development and numerical validation of a Fourier-based NAH method
in the presence of a reflector that is perpendicular to a single layer linear micro-
phone array

Paper D: Development and experimental validation of the wave signature ex-
traction (WSE) method to separate the rail contribution to pass-by noise, with-
out prior knowledge of the rail properties, by means of linear microphone array
measurements and wavenumber filters
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4.1 Paper A

Single layer planar near-field acoustic holography for compact sources and a par-
allel reflector

The paper introduces and examines a wavenumber-domain reconstruction method,
called WRW-based planar NAH, whose aim is to separate compact sources from their
reflections due to a surface that is parallel to a single layer microphone array. The main
requirement is the knowledge of the reflector impedance. The initial idea is to propose
the use of a seismic model (WRW model [51]), and reformulate it as an inverse problem
in the wavenumber domain. Tikhonov filters are introduced in order to address a stable
inversion. The use of different regularization filters is also examined. A numerical val-
idation is performed with two different reflecting materials: one highly-reflecting and
one porous, yielding reconstruction errors in the range of 10%-30%. In addition, an ex-
perimental validation is carried out, with a monopole-like source and a steel reflector. A
linear array of eight microphones is shifted in order to obtain a two-dimensional array.

Figure 4.1: Experimental setup with
monopole source, reflector and mi-
crophone array [46].

Since no knowledge of the surface is given,
the reference solution (in the absence of the
reflector) is used in order to find an optimal
impedance that minimizes the reconstruction
error. A crucial finding is that the general-
ized cross-validation is not appropriate to se-
lect the regularization parameter provided the
microphone spacing chosen in the experimen-
tal validation (1 cm). Therefore a combinato-
rial approach is adopted in order to find both
the reflector impedance and the regularization
parameter that minimize the reconstruction er-
ror, provided the knowledged of the reference
solution. In this case, the reconstruction er-
ror is in the order of 3%-25%. Other methods
to choose the regularization parameter, such as
the L-curve or the discrepancy principle, may be
able to give more accurate reconstructions. Fur-
thermore, it should be stressed that, in practice,
it is not the goal of the method to estimate the
impedance, but rather the free-field pressure at
a plane closer to the source. In order to estimate
the reflector impedance other techniques can be
used such as Tamura’s method [43], which is
compatible with the plane-wave reflection coef-
ficient used in WRW-based planar NAH.



4.2 Paper B

Sound field separation for planar sources facing a parallel reflector

One of the limitations in Paper A is that the source must be compact. Thus, the case of
extended, yet planar, sources is the problem of interest in this paper. Two wavenumber-
domain methods are introduced and investigated, in order to separate the source from
its reflections with single layer microphone array measurements performed between a
vibrating plate and a reflecting surface. The difference between the two methods is
the way the plate scatters sound. In the Method I, the plate is assumed to be locally
reacting and the influence of its distributed vibrations in the sound field is neglected.
In the Method II, the plate vibrations are accounted for. Closed-form expressions are
derived in the wavenumber domain, so as to consider infinitely many reflected and
scattered waves. The performance is investigated with experimental measurements, as
shown in Fig. 4.2. The plate, as well as the reflector, are made of aluminium. The plate
is excited with a shaker, driven with white noise, and the sound field is measured with
a microphone attached to a robotic arm. In a similar way to Paper A, the impedances of
both the plate and the reflector, as well as the regularization parameter, are estimated
by using the reference pressure and minimizing the reconstruction errors. A key finding
is that the reconstruction accuracy is not affected by the vibrations of the plate, thus
the locally reacting assumption can be made. In addition, it is shown that the L-curve is
capable of choosing the appropriate regularization parameter, and the estimation of the
impedances is cross-validated at a different reconstruction plane. The reconstruction
error is in the order of 20%-60%. Nonetheless, the methods lead to an improvement
over the method in Paper A, as well as the free-field NAH method [13].

Figure 4.2: Experimental setup with vibrating plate, shaker, reflector, and robotic arm
holding the microphone [47].



4.3 Paper C

Space-variant sound field separation with linear microphone array

Single layer Fourier-based NAH has been extended to account for the presence of a
parallel reflector in Papers A and B. In this occasion the reflecting surface is perpendic-
ular to the array, which, as explained in Section 2.2.3 of this thesis, introduces space-
variance in the convolution operators. In spite of this, the theory in Paper C comprises a
possible first approach to separate perpendicular reflections in the wavenumber domain
with single layer microphone arrays. Consider the geometry depicted in Fig. 4.3(a),
and assume specular reflections. If a wave is propagating in the +x direction towards
the reflector, it should be expected that the reflected wave propagates in the �x direc-
tion, all the same preserving the radiation angle of the incident wave. Then, by means
of defining the reflected wave as a weighted version of the incident wave, it is possible
to formulate a system of equations that describes the total sound field measured at a line
z = zh as a function of the free-field sound field at a line z = zs. The theory is tested with
synthetic plane waves, contaminated with noise, and the reconstruction performance is
compared with that of the free-field NAH method. In addition, a careful investigation
of spectral leakage is included. When there is no leakage, that is, when the plane waves
have wavelengths that are a multiple integer of the array length, the reconstruction er-
rors are in the order of 20%. In the case of greatest leakage, that is, the wavenumbers
of the plane waves are exactly in the middle of two adjacent wavenumber bins, the
errors can rise up to more than 100%. However, it is shown that the leakage can be
accounted for in the phase of the so-called reflection filter, and the errors decrease to
no more than 40%.
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Figure 4.3: (a) Geometry of the acoustic problem. (b) Reconstruction error versus
frequency with the proposed method and the free-field NAH method [48].



4.4 Paper D

Wavenumber-domain separation of rail contribution to pass-by noise

Trains to be used in Europe need to pass a certification test that requires the vehicle
noise to be below a specific value during pass-by situations. However, the measurement
procedures in the certification test are strongly dependent on the track on which the
vehicle runs. To the end of making the test independent of the track, the wave signature
extraction (WSE) method is introduced in this paper, allowing the separation of the rail
noise by means of near-field linear array measurements and wavenumber filters. WSE
is experimentally validated with pass-by measurements and compared with predictions
from the reference method (TWINS [65]). The frequency bands of interest range from
500 Hz to 2 kHz. An advantage of WSE is that it does not require prior knowledge of
the structural properties of the rail, which implies that no static measurement needs
to be done before the pass-by test. This is achieved by means of measuring the rail
noise before and after the train passes in front of the array. Another advantage is that
it has the potential to separate the sound contributions due to vertical and lateral rail
vibrations. Comparison of WSE and TWINS predictions of rail spectra yields differences
within 2 dB SPL up to 1250 Hz, and about 4 dB SPL at 1600 Hz and 2000 Hz. The
largest differences are attributed to the presence of higher-order bending waves in the
rail that are not accounted for in the filter design. It is shown in Fig. 51 in [75]
that a “simplified” WSE method, accounting for the higher-order waves, can decrease
the differences with TWINS predictions. The simplification lies in the use of low-pass
instead of band-pass wavenumber filters, at the cost of no separation between the sound
contributions due to vertical and lateral rail vibrations.

Figure 4.4: Experimental setup at the test site in Germany [64].





5 Directions for future research

“There could be no fairer destiny for any physical theory
than that it should point the way to a more comprehensive theory

in which it lives on as a limiting case”

A. Einstein (1916)

Seeking for potential future research is equivalent to identifying the situations which
the proposed methods fail to describe. In what follows, not only areas for future re-
search are presented, but also possible ideas to approach them. It is worth stressing
that there may be more areas than those presented here, and it is the author’s intention
to acknowledge and welcome these as possible developments of the proposed methods.

– Straightforward developments of Paper C:

As mentioned in Paper C, future developments are to account for spectral leakage in
the model, expand the theory to two-dimensional arrays, investigate the presence of
partially absorbing surfaces, and perform an experimental validation.

– Arbitrary reflecting plane orientation:

A natural question is the presence of a reflecting plane with an orientation other
than parallel or perpendicular to the array. An example of this situation is the ballast
under a railway track. In principle, to account for other plane orientations would
imply an extension of the method proposed in Paper C, such that the angle of the
reflected plane wave is a function of the angle of the incident plane wave and the
relative angle between the reflecting plane and the array. To be more precise, the
anti-diagonal matrix J in Eq. (16) in [48] should be circularly shifted by a number
of rows equal to the difference in wavenumber bins between grazing incidence and
the reflector’s orientation relative to the normal of the array.

– Non-stationary acoustic fields:

Sources that exhibit transient behaviour can be a challenge for the methods proposed
in Papers A–C, as the assumption of time-harmonic fields may only be locally valid
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or not valid at all. Therefore, the calculation procedure would require the inclusion
of time-dependent propagation and reflection functions. To this end there exists a
few strategies, such as time-domain NAH [78, 79], real-time NAH [80, 81], or time-
domain plane wave superposition [82], whose Green’s functions may be replaced by
those proposed in the appended papers.

– Non-locally reacting reflecting planes:

The assumption of local reaction may not always hold in practical scenarios. An ini-
tial step towards modelling non-locally reacting surfaces in the methods proposed in
Papers A–C, is to account for a spatial-dependence of the impedance, which is equiv-
alent to deriving a reflection coefficient whose impedance depends on the incidence
angle of the waves. The research on non-locally reacting surfaces is a popular topic
in the field of impedance estimation methods (see e.g. [83] for an extensive review
of such methdos), and it is possible that much of the work and findings can be ap-
plied to the research on sound field separation techniques. In particular, Tamura’s
method [43] makes in principle no assumption about the local reaction of the sur-
face. Thus, if the latter is non-locally reacting, the estimated reflection coefficient
with such method could be used as the reflection operator in Papers A–C. All the
same, care must be taken of distortions introduced due to the use of spatial Fourier
transforms. A recently introduced method that avoids the spatial Fourier transform
makes use of a spherical array and sparse signal processing techniques [84], although
the estimation accuracy is limited to incidence angles below 60�.

– Diffusely reflecting surfaces:

It can also occur that the reflecting surfaces have irregularities of comparable size
with the acoustic wavelength. An example of this situation is, again, the ballast
layer under a railway track. The spatial distribution of the stones is such that low
frequency waves5 may specularly reflect, for their wavelengths are much larger than
the irregularities. On the contrary, high frequency waves are likely to diffusely re-
flect from the ballast. Unlike specular reflectors, diffuse reflectors scatter waves in all
directions. With the hope of marrying specular and diffuse reflections, extensive re-
search has been carried out in the field of room acoustics (see e.g., [85, 86, 87, 88]).
A first approximation to account for diffuse reflections in the context of this thesis
would be to use the acoustic analogy of Lambert’s law [89], which states that the
reflected acoustic intensity is proportional to the cosine of the reflection angle, ir-
respective of the incidence angle [90]. A diffusely reflected plane wave would then
manifest as a broadband signal in the wavenumber domain, whose amplitude shape
is dictated by the amplitude of the incident plane wave times the cosine of the reflec-
tion angle. Lastly, the bandwidth of such a signal could be parametrized according
to a ratio, ⇧, of the acoustic wavelength to the size of the surface irregularity. Thus,
as ⇧� 1 the bandwidth decreases and the reflection becomes increasingly specular.

5The meaning of low/high frequencies corresponds to wavelengths that are much larger/smaller than
the size of the surface irregularities.



– Multiple reflecting surfaces:

Another likely scenario is the presence of multiple reflecting surfaces. A practical
example could be to separate the sound radiated by tire/road contacts and the re-
flections coming from the vehicles’ chassis and the asphalt surface. Departing from
the method in Paper C, the idea could be to develop a summation of successive reflec-
tion paths between the two surfaces, and attempt to find a closed-form expression
of infinitely many paths (possibly in a similar way to the methods in Paper B).

– Scattering due to finiteness of reflecting surfaces:

In Papers A–C, the reflector dimensions are considered to be large compared to the
acoustic wavelength. However, this assumption may not hold in practice, and the
measured sound fields may be contaminated with scattering due to the finiteness
of the reflector. This is a widely investigated problem in the research discipline of
impedance estimation methods, and a number of studies have proposed methods
that account for the finiteness of the reflector (see e.g. [91, 92, 93] and the references
therein). It is likely that the research findings of these as well as coming studies may
be useful in the context of sound separation techniques.

– Reflection from non-planar surfaces and scattering from non-planar sources:

The problem of non-planar geometries introduces an additional layer of complex-
ity to propagation, reflection and scattering operations in Papers A–C. In particular,
since the spatial Fourier transform is based on planar geometries, it becomes trou-
blesome to formulate appropriate wavenumber-domain expressions. However, there
is abundant research on electromagnetic scattering on bodies with different types of
geometries [94], all of which may be applicable in the context of sound field sepa-
ration. For instance, a recent formulation of modified Green’s functions for wedge
propagation geometries in NAH has been proposed by Hoffmann et al. [95].

– Non-uniform array measurements:

One of the main limitations of using spatial Fourier transforms is the need for a uni-
formly sampled transducer array as well as to satisfy the Nyquist sampling criterion.
In the past years there has been an increased interest in the topic of random mea-
surements, due to the introduction of the theory of compressive sampling (CS) by
Donoho [96]. Let us consider the system of equations in Eq. (2.22). In a nutshell,
CS theory states that if the solution x is sparse on a given transformation basis (e.g.
Fourier, wavelet, etc.), then it can be recovered from substantially less observations,
as long as the columns of A are as incoherent as possible [97]. Since then, a num-
ber of studies have investigated the use of non-uniform arrays in NAH applications,
by means of promoting sparsity on the inverse solutions [98, 99, 100, 101]. In the
context of the appended papers, using CS theory would then imply to impose a spar-
sity constraint in the optimization procedures. For example, the optimization of the
wave signature extraction method in Paper D could promote the sparsity of the rail
contribution in the wavenumber domain.



– Presence of acoustic flow:

This situation can also be a challenge for the methods proposed in Papers A–C. Ex-
tensions of the original (Fourier-based) NAH formulation [13] to the case of acoustic
flow have been proposed by Ruhala et al. [102] and Kwon et al. [103]. The idea
would then be to propose extensions of the methods in Papers A–C in a similar way
as that in [102, 103]. A recent application of real-time NAH in the context of mov-
ing media has been published by Dong et al. [104]. It should be mentioned that the
presence of flow for high train speeds may make the problem of separating rail noise
much more challenging, since the aerodynamic noise is greater than the rolling noise
at such speeds [105].

– Rail signature and high track decay rates:

As it is discussed in Section 3.3.1, the accuracy of the estimation of the rail signature
before and after the pass-by depends on the available measurement time before (and
after) the train passes in front of the microphone array. This available time is depen-
dent on the train speed and the track decay rate. In general, the time is shorter if
the train runs faster, and/or the track decay is higher. An interesting idea for future
work is then to find the optimal measurement time that can be used to estimate the
rail signature given the dependent parameters. The train speed is usually a known
variable, and, as proposed by Janssens et al. [69], the track decay rate could be
estimated with acceleration data during the pass-by.



6 Concluding remarks

The present thesis is concerned with the problem of sound field separation with mi-
crophone arrays. The overall goal is to improve existing microphone array technologies
that are used for sound field analysis of machines and transportation means. In partic-
ular, this thesis examines two scenarios for sound field separation: (i) a sound source
and its reflection from a neighbouring surface, and (ii) the sound generated by the con-
tact between trains’ wheels and rails. Four studies are performed in order to address
these challenges, three of which aim at separating reflections and one at separating rail
noise. These studies are included in the thesis in the form of appended papers A–D.

The main advantage of the methods proposed in Papers A–C is that the microphone
array is single layer, that is, it only consists of one measurement plane (or line), which is
half the amount of measurement data compared to state of the art methods. The main
requirement in Papers A–C is the knowledge of the surfaces’ impedances, for which
impedance estimation methods ought to be used. In particular, the method in Paper
C seems to be promising although it lacks experimental validation and a model for
wavenumber spectral leakage. On the other hand, the benefit of the method proposed
in Paper D is that it does not require prior knowledge of the rail properties. This cir-
cumvents the need of the static characterization of the track before the actual pass-by
event, typically required in state of the art approaches. The present challenges found in
Paper D are the need of a modified filter design that can account for higher-order waves
at frequencies above 1250 Hz, and, most importantly, the robustness of the estimation
of the rail signature before and after the pass-by in situations in which the track has a
high spatial decay rate.

Areas for further research are identified upon the findings from all the papers, and
preliminary ideas to approach these areas are proposed in this thesis. Some of these
areas are to model arbitrary reflecting plane orientations and non-stationary acoustic
fields, to account for the finiteness of reflecting surfaces, and to estimate the rail con-
tribution to pass-by noise in tracks with high decay rates.
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