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Summary

Conventionally, the quality of the urban sound environment is evaluated using
assessments that involve measurements and noise maps. However, noise sources
in the urban environment vary with time and cannot be assessed by equivalent
sound levels and spectral content only. Moreover, natural sounds such as running
water can have a positive impact on the perception of environments even though
they increase the overall level of the sound field. This explains the need for auralization, which is a technique used to make the sound field of an environment
audible with the presence of all sound sources.
The propagation modeling for auralization can be done both with geometrical acoustics and wave-based methods. Urban environments are acoustically
complex and geometrical acoustics methods have limitations in capturing modal
effects and multiple diffractions from building edges inside inner city configurations, especially at low frequencies. Since noise sources such as cars in the urban
environment have a low frequency content, a method that provides high accuracy
at low frequencies could be needed. This can be achieved with the use of wavebased methods, but their downside is that they are computationally demanding.
In this thesis both geometrical acoustics and wave-based methods have been used
for auralization purposes.
This thesis contains two main subjects: 1) Modeling of directivity in the
wave-based acoustics pseudospectral-time domain method (PSTD). With regards
to acoustic modeling and auralization, directivity has a clear influence on the
perceived sound field and needs to be included in computations. 2) Designing
and evaluating car pass-by auralizations, using impulse responses computed with
PSTD, a hybrid geometrical acoustics method and measurements.

vi
Firstly, a method for the incorporation of directivity in PSTD is presented.
PSTD is a time-domain method that provides an efficient way to solve the linear acoustics equations. First, a given frequency dependent source directivity
is decomposed into spherical harmonic functions. The directive source is then
implemented through spatial distributions in PSTD that relate to the spherical
harmonics, and time-dependent functions are assigned to the spatial distributions
in order to obtain the frequency content of the directivity. Since any directivity
function can be expressed as a summation of a series of spherical harmonics, the
approach can be used to model any type of directive source. The method was evaluated with two computational examples: 1) Modeling of an analytical directivity
function in a 3D PSTD simulation; 2) Modeling of horizontal plane head-related
transfer functions (HRTFs) in a 2D simulation. Results of the 1st example showed
that this approach yields accurate directivity results in PSTD. It was also observed
that the accuracy of the results is dependent on the distance of the recording point
from the center of the modeled source. The average error across all angles and
frequency bands was approximately 0.9 dB. In the 2nd example, horizontal plane
HRTFs were modeled up to a frequency of 7.5 kHz. Almost perfect matching was
achieved up to approximately 5 kHz.
Secondly, a method for auralization of a car pass-by in a street is explored
using PSTD, including the technique developed for the directivity modeling. The
transfer paths between sound source locations and a listener are represented via
binaural impulse responses, which are computed with the PSTD method. A dry
synthesized car signal is convolved with the binaural impulse responses of the
different locations in the street, and cross-fade windows are used in order to
make the transition between the source positions smooth and continuous. The
auralizations were performed for the simplified scenarios where buildings are absent, and for an environment where a long flat wall is located behind the car. A
same/different listening test was carried out in order to investigate if increasing
the angular spacing between the discrete source positions affects the perception
of the auralizations. Signal detection theory (SDT) was used for the design and
the analysis of the listening test. Results showed that differences exist, although
they are difficult to notice. On average, 52.3% of the subjects found it difficult
to impossible to spot any difference between auralizations with larger angular
spacing (up to 10◦ ) and the reference auralization (2◦ angular spacing). This auralization methodology was extended for an urban street canyon. This time the

vii
auralizations were implemented using binaural impulse responses measured inside a real street canyon and simulated with geometrical acoustics software. The
same listening experiment was again conducted. Results showed that subjects
could detect the difference between the reference auralization and auralizations
with larger angular increments much better than in the previous case, both for
the auralizations synthesized from the measurements as well as those from the
simulations.
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Chapter 1
Introduction
1.1

Background

The sound of an urban environment is composed of human made sounds, such as
road traffic noise, and natural sounds. Road traffic noise is usually the predominant source of noise and is considered responsible for negative health effects.
Around 100 million people of the 33 European Environment Agency (EEA)1 member countries are regularly exposed to levels higher than 55 dB(A) [43], which
is the threshold for serious noise annoyance set by the World Health Organization [13].
Conventionally, the evaluation of the acoustics of an outdoor environment
is done via noise assessments, and the environment is characterized based on
equivalent noise levels such as Leq . However, noise sources in the urban sound
environment vary with time so they cannot be evaluated only by equivalent sound
levels. In contrast to traffic noise, even-though they increase the overall sound
levels, natural sounds such as bird song and flowing water actually lead to positive
effects and improve the overall acoustic environment [80]. The facts presented in
the two previous sentences highlight the importance of developing tools that will
allow better understanding of the urban sound environment and help towards its
optimization. Such a tool is auralization. Kleiner [89] defined auralization as "the
process of rendering audible, by physical or mathematical modeling, the sound
field of a source in a space in such a way as to simulate the binaural listening
experience at a given position in the modeled space". Auralization is the acoustic
1 The 33 EEA member countries include the 28 European Union Member States together with
Iceland, Liechtenstein, Norway, Switzerland and Turkey.
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analogue of vizualisation. The technique of auralization has been used in the
context of architectural acoustics since the 1960s, but it only entered the field of
environmental acoustics in the last decade [92, 148, 193].
Auralization provides much more information than noise levels regarding the
acoustics and the quality of the urban sound environment. It directly supports the
concept of soundscapes2 [5] since it can model the urban sound environments
with all the sound sources present and can be used to characterize them with
psychoacoustic metrics (e.g. eventful, chaotic etc). It can also be combined with
visual information, thereby achieving a more thorough evaluation of the urban
environment. Thus, auralization can be a great communication tool [9]. For
example, it can be used in noise control to provide an audible example of the
effect of future noise control measures instead of demonstrating the reduction as
a change in the dB level. This approach would be much more meaningful to a
wider audience than acousticians. Some examples where auralization has been
applied for the evaluation of noise control measures and urban soundscapes in
combination with visual information presented via virtual reality (VR) devices
can be found in [36, 81, 157, 185], which are described in Subsection 1.3.4.
Figure 1.1 contains a graphical presentation of a framework for auralization
of urban environments. Auralization of urban environments can be separated
into two main phases; modeling and reproduction. The modeling phase refers to
the methods used to create the auralization, and the reproduction phase refers
to the way the auralized signals are presented to the listener. Modeling consists
of three stages; source modeling, propagation modeling and receiver modeling
(receiver modeling is not a mandatory step, but it should be followed in cases
where binaural reproduction is required). Source modeling refers to the source
signal, which can be either recorded or synthesized, and the modeling of the
source directivity. Propagation modeling refers to the modeling of sound propagation inside the urban environment including reflections from building façades,
diffraction around building edges, ground and vegetation effects as well as atmospheric effects (temperature gradients, wind gradients, and turbulence). The
main purpose of this stage is the computation of the urban environment’s impulse
response (IR). After this stage, the reproduction phase via a multichannel reproduction method such as Ambisonics [48] and Wave Field Synthesis [33] can be
2 The ISO definition of soundscape is: "an acoustic environment as perceived or experienced
and/or understood by a person or people, in context" [75].
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followed. In cases where binaural reproduction is required, an extra step needs to
be followed before moving into the reproduction phase. In the receiver modeling
stage the head-related transfer functions (HRTFs) need to be taken into account.
HRTFs contain the information about how the sound propagates to the eardrum
in free space, which includes interaural time delays (ITDs) and interaural level
differences (ILDs) as well as spectral modifications caused by the head, outer ear
and body [16]3 . An IR that also contains the HRTF information is referred to as
a binaural impulse response (BIR). Head mounted devices like a head tracker can
also be used in order to capture the head movements and update the listener’s
HRTFs according to his/her head orientation, thereby improving realism, localization and sound externalization4 [23, 155, 203].
For the auralization of static scenarios (non-moving source and receiver), auralization can be treated as a linear time invariant system, meaning that the system is characterized by a single function, which in this case is the IR or BIR of
finite length (finite impulse response (FIR) filter) [193]. The input in the system
is the source signal, which is then convolved with the IR or BIR, and the output
is presented to the listener, as shown in the linear discrete convolution formula
below:
g (n) = s(n) ∗ h(n) =

M
−1
X

s(n − m)h(m)

(1.1)

m=0

where n is the time index, g (n) is the output presented to the listener, s(n) is the
source signal, h(n) is the IR or BIR at time n , M is the length of the IR or BIR, m
is the dummy integration variable, and ∗ is the convolution sign. The equation
above is valid for an infinite stream of input data s(n). If the input signal also has
finite length, then the limits of the summation in the equation above need to be
modified further (see [198] for more details).
Urban sound environments, however, are dynamic environments because they
mainly consist of moving sources such as cars and trains. Two things that need to
3 HRTFs are unique for every person [127]. For an ideal binaural reproduction, individualized

HRTFs should be used. However, the measurement of HRTFs is time consuming and needs to be
implemented inside an anechoic chamber. For this reason, head and torso simulators (HATSs) or
dummy heads have been designed. HATSs have characteristics of head, outer ear and torso of
an average human with fixed microphones inside the ears (either inside the ear canal or at the
entrance) in order to be able to record the pressure at two positions [16, 126].
4 Externalization refers to the perception of the source outside the head. Poor externalization is
a common problem in headphone reproduction.

4

Introduction
Modeling
Source modeling

Propagation modeling

Receiver modeling

• Recorded signal
• Synthesized signal
• Modeling of source
directivity

• Reflections from building
façades
• Diffraction from building
edges
• Ground reflection
• Vegetation effects
• Atmospheric effects

• Modeling of spatial
hearing
• Head tracking and realtime update of the head
position and orientation

Reproduction

Multichannel reproduction

Binaural reproduction

• Ambisonics
• Wave field synthesis
• Vector base amplitude
panning
• Directional audio coding

• Headphone reproduction
• Head tracking and real-time
update of the head position
and orientation
• Transaural reproduction via
loudspeakers using crosstalk
cancelation filters

Figure 1.1: Framework for auralization of urban environments (based on the framework
for implementing virtual acoustic environments presented in [165]).

be considered in this case are: 1) the IRs or BIRs at the different source-receiver
locations, 2) the Doppler effect produced from the moving sources (or receiver)
causing a frequency shift based on the relative speed and moving direction between the source and the receiver. The auralization in such a case is considered a
time variant system. However, in the methodologies presented in literature, auralization of a dynamic case is dealt with as a linear time invariant system sampled
in time in order to create segments of a dynamic scenario [165, 180].
An important aspect of this thesis is sound propagation modeling for the computation of IRs for auralization. The scope of this thesis is short-range in-street
sound propagation and auralization of moving vehicles, as shown in Fig. 1.2.
Section 1.2 reviews the current modeling methods for sound propagation and
also outlines their pros and cons. Section 1.3 includes a literature study on the
auralization of urban environments with moving sources. At the end of Section
1.3, the main outcomes from the literature review are discussed. Section 1.2 and
1.3 cover the main features of the auralization framework shown in Fig. 1.1 and
are the sections upon which the main objectives of this thesis are based. Regard-

1.2 Modeling methods for sound propagation
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ing the modeling of directivity in sound propagation, which is also one of the main
objectives of this thesis, a detailed literature review on this topic is presented in
Chapter 3. Section 1.4 outlines the sound propagation modeling methods used
in this thesis and the reasons why they were chosen. In Section 1.5 the research
objectives and contributions are presented. Finally, the structure of the thesis is
outlined in Section 1.6.

Figure 1.2: Urban street.

1.2

Modeling methods for sound propagation

Urban sound propagation modeling methods should take into account modeling
of reflections coming from multiple façades and other surfaces that can be both
specular and diffuse (or a mix of both) [37, 67, 115]. Façades and obstacles in
the urban environment have their own frequency-dependent reflection properties,
which cause an alteration to the amplitude and phase of reflected waves. Thus,
frequency-dependency also needs to be taken into account. The ground effect
also plays an important role in outdoor sound propagation. The wave reflected
from the ground has its amplitude attenuated and its phase altered depending

6
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on the impedance5 of the ground surface. The propagated wave from the source
and the reflected wave from the ground interfere and, depending on their amplitude and relative phase differences upon their arrival at the receiver, constructive and destructive interference occur [96, 164]. Modeling of sound diffraction
should also be included. Inside an urban environment, diffraction occurs from
multiple building edges such as roofs and building corners [189]. Moreover, meteorological effects such as wind and turbulence must be considered especially
for long-range sound propagation. Wind causes the sound to bend downwards
or upwards depending on the combination of directions of sound and wind, and
wind velocity. Turbulence causes fluctuations in the amplitude and phase of the
sound waves [164].
Modeling of outdoor sound propagation has been achieved with various methods. These methods can be split into three categories: geometrical acoustics methods, energy-based methods for a reverberant environment, and the wave-based
methods. These methods are described in the following Subsections.

1.2.1

Geometrical acoustics

The geometrical acoustics techniques consider sound waves as rays. Popular geometrical acoustics methods are ray-tracing [149] and the image sources method
(ISM) [4]. In these methods the behaviour of sound waves is modeled following
the principle of light rays [4]. The wave nature of the sound is not completely
taken into account in the ray algorithms, and these methods assume that the
wavelengths are small compared to the surfaces of the modeled space (waves that
"see" obstacles as infinite plates) [4]. In the next paragraphs ISM and ray-tracing
are presented with their pros and cons, including: the modeling of frequencydependent boundary conditions, the modeling of complex wave phenomena such
as diffraction, the combination of the methods for the creation of a hybrid geometrical acoustics method, and the design of IRs and BIRs using these methods. Engineering methods, which are specifically designed for outdoor sound propagation
modeling, and make use of geometrical acoustics methods, are also presented.
The ISM computes the locations of the reflections by mirroring the original
sound source at each wall or obstacle of the modeled space [4] (see Fig. 1.3). All
possible reflection paths can be found by mirroring the image sources produced
at the walls or obstacles. The ISM can estimate with a high degree of accuracy
5 The impedance is defined in Section 2.1.
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Figure 1.3: Top view of a street canyon (solid lines) simulated with (a) Image sources
method (b) Ray-tracing method. S represent the source, S01 and S02 the image
sources and R the receiver.

the arrival time, level and direction of the early reflections [153]. The computational cost increases with the reflection order, which makes the method only
adequate for a small reflection order. The intensity of each image source is computed based on the inverse square law (1/r 2 with r the traveled distance), the
absorption of the façades and other obstacles, and air absorption. Frequency and
angular-dependent absorption can be applied to the image sources based on the
characteristics of the boundaries (for more information on the implementation of
frequency and angular-dependent reflection in the ISM see [8] and [141]). Also,
models to simulate the ground reflection in the ISM have been developed in Engineering methods for outdoor sound propagation such as Harmonoise [83] and
Nord2000 [82]. The information computed with the ISM can be used directly
for the design of IRs (each reflection is represented by a filtered Dirac delta function arranged based on its arrival time [167]). The method is straightforward
for simple geometries but becomes more complex in irregular geometries because
visibility checks need to be conducted in order to identify the image sources that
are visible to the receiver. Diffraction has also been incorporated by using techniques such as the deterministic secondary source model, which gives accurate
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results for hard edges, but not for soft edges [167, 183, 195]. In such a case
diffraction is handled by the introduction of secondary sources placed at the top
of the edge, which are activated if the source/receiver paths are blocked by that
obstacle. For each edge source a certain directivity function is assigned. More information regarding the implementation of the diffraction model and the design
of the directivity functions can be found in [167, 183].
In ray-tracing a finite number of rays travel at the speed of sound and carry a
certain amount of energy emitted from the source (see Fig. 1.3) [171]. Once a ray
hits an obstacle it is reflected back into the acoustic environment and its energy is
reduced based on the surface absorption [193]. The receiver is represented by a
spherical volume and when a ray hits this volume, its time since the beginning of
the radiation, energy and angle of incidence are registered in the reflection histogram [95, 193]. However, there are rays that do not hit the receiver volume, so
there is a chance that not all possible paths between the source and the receiver
will be found. The histogram is not the actual IR; it basically represents an energy
envelope of the IR that can be used to compute various acoustic parameters such
as reverberation time. In order to design IRs that can be used for auralization
purposes, a finer temporal structure is needed. A finer structure can be synthesized by using a Poisson-distributed noise process [167]. Ray-tracing takes into
account sound scattering and diffusion from the boundaries by using the scattering coefficient. The scattering coefficient controls the fraction of the energy that
is not reflected in the specular direction and varies from 0-1 (higher number is
translated to a higher degree of diffusion) [31]. Usually, the angular distribution
of the scattering is determined by Lambert’s cosine law [39]. To model frequencydependent absorption, scattering and diffusion, multiple simulations need to be
implemented for different frequency bands in order to calculate an energy histogram at each frequency octave-band. Diffraction has also been incorporated in
the ray-tracing method [167].
The greatest advantage of the geometrical acoustics methods, which is one
of the main reasons that they are the most commonly used methods6 in acous6 Geometrical acoustics methods are currently the leading methods for room acoustics modeling, auralization (indoor and outdoor acoustics) and engineering methods for outdoor sound
propagation. All the commercial room acoustics software packages such as ODEON [28], CATTAcoustic [32], EASE-EARS [2] (all 3 include an auralization module) and auralization software
such as RAVEN [168] and DIVA [165] use hybrid geometrical acoustics methods. Engineering
methods for outdoor sound propagation and road traffic noise modeling like Harmonoise [83] and
Nord2000 [82] use the ISM.
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tic modeling, is that they are very computationally efficient and also provide the
opportunity for real-time dynamic7 auralization [195]. The main disadvantage
is that these techniques cannot accurately simulate complex wave phenomena at
low frequencies such as diffraction and modal effects [38]. The ISM can incorporate phase information and model sound wave interference, but since these
effects are more significant at low frequencies where the method lacks accuracy,
the incorporation of phase is not really beneficial in realistic environments with
multiple reflections [172]. The ray-tracing method, on the other hand, completely
ignores the phase information, which makes this method more applicable for the
modeling of a diffuse-field type environment where interference effects are almost
negligible [172].
ISM and ray-tracing have been combined in order to create a hybrid geometrical acoustics method that provides more precise results [194]. The ISM is used
to model the early part of the impulse response and ray-tracing is used to model
the late part. Other geometrical acoustics techniques are beam-tracing [47] and
radiosity (which assumes diffuse reflections in contrast to the ISM) [134].
In order to achieve binaural reproduction (computation of BIRs) using the geometrical acoustics methods, HRTFs need to be incorporated. In the ISM, HRTFs
can be incorporated simply by convolving the direct sound and each image source
with the corresponding HRTF based on the direction of arrival. In the ray-tracing
method this process is more complex (more information can be found in [167]).
Engineering methods based on the ISM for outdoor sound propagation and
road traffic noise modeling like Harmonoise [83], CNOSSOS [86] and Nord2000
[82] have also been developed. The frequency-dependent ground reflection and
atmospheric effects have been incorporated within these methods. Atmospheric
effects have been incorporated in these methods using linear or statistical average wind and temperature profiles, which are basically simplification approaches
for modeling wind and temperature profiles and are not valid when the profiles
are non-linear [86, 163]. Since engineering methods use the ISM, they fail to
accurately simulate modal effects at low frequencies that can be present in geometries such as street canyons, resulting in inaccurate predictions of noise levels
in streets [63, 64, 82, 83]. Moreover, these methods do not take into account the
irregular shape of building façades and balconies, which has been shown to play
7 Real-time dynamic auralization refers to an auralization that includes real-time simulation of
the acoustic environment with moving sources around a moving receiver.
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an important role in the sound field inside urban configurations, such as street
canyons [84, 85].

1.2.2

Energy-based methods

An example of an energy-based technique is the adoption of the diffusion equation into acoustics, which is based on a statistical method to compute a spatial
distribution of acoustic energy over time as a diffusion process [114, 187]. The
method assumes that the obstacles of the modeled space scatter sound uniformly
and have the same mean-free path (the average distance that a sound ray travels
before it hits an obstacle) [206]. The mean-free path is equal to 4V /S , where V is
the volume of the room and S is the surface area. These methods fail to capture
modal interference, which can be present in urban configurations such as narrow
street canyons at low frequencies [140]. This method is mainly valid for predicting the late reverberation of a space when multiple reflections have occurred,
and previous research has shown that the method is valid after two mean-free
times [42, 206]. The mean-free time of a sound particle is defined as the time
between two collisions with the boundaries and is equal to the ratio between the
mean-free path and the speed of sound [42, 206]. Escolano et al. [42] compared
different room parameters (such as the reverberation time) calculated with the
ray-tracing and the diffusion equation methods. Their results showed that by excluding at least two mean-free times from the ray-tracing impulse response, the
differences between the parameters are almost negligible. This method is also applicable to inner city environments, which are similar to indoor spaces, and whose
sound field is spatially smooth [64,140]. This method cannot model edge diffraction, but for inner city environments (especially with random building configurations) where the sound field is mainly dominated by multiple façade reflections,
this method can provide good estimations [140]. This method is computationally
efficient and provides a convenient approach to model the reverberation tail of an
impulse response by shaping pre-filtered noise with the computed energy decays
of the modeled space at different octave-bands [113].

1.2.3

Wave-based methods

Wave-based methods are techniques used to solve the governing partial differential equation(s) with numerical approximations. These methods are split into two
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main categories, the time-domain methods (operate in time-domain so time discretization is applied) and the frequency-domain methods (operate in the frequencydomain so frequency discretization is applied). Time-domain methods are in-line
with the nature of sound propagation, which is a time-domain process. Timedomain methods can compute with a single run an impulse response over a broad
frequency range. This property of the time-domain methods is one of the main
advantages compared to the frequency-domain methods.
Wave-based methods are physically accurate and inherently include complex
wave-phenomena such as diffraction (also modeled with high accuracy) [188].
This is the main advantage of the wave-based methods compared to the geometrical acoustics methods. Wave-based methods typically provide higher accuracy, especially at low frequencies, compared to the geometrical acoustics methods [91,188]. Also, these methods can compute IRs that can be used directly8 for
auralization. This is another advantage of wave-based methods over geometrical
acoustics methods such as ray-tracing where the time-energy histogram needs to
be converted into an IR. The main disadvantage of these methods is that they are
computationally expensive. When the high frequency limit of the simulation is
increased, the discretization step in both time (or frequency) and space needs to
be decreased, which results in an increase of the computational load. Therefore,
they become impractical at high frequencies [8].
Another disadvantage of wave-based methods is the numerical dispersion due
to time and spatial discretization. Dispersion errors need to be taken into account when wave-based methods are used for auralization purposes, especially in
outdoor environments where long range propagation occurs because dispersion
errors increase with distance and simulation time. Research into the finite difference time-domain method (FDTD) conducted by Saarelma et al. showed that in
free-field conditions this effect is audible [158]. In a more recent study, Saarelma
et. al showed that air absorption can mask the dispersion error to a certain extent, making the method applicable for auralization purposes [159]. They also
concluded that wall reflections could play an important role in masking this effect. Further research is needed to determine the audibility of dispersion errors
8 If the source function in the simulation is a Dirac delta function, the computed IR can be

used directly for auralization. However, other source functions (e.g spatial Gaussian distributions)
have frequency characteristics that need to be adjusted before using them for auralization. The
source spectrum can be compensated for via the design of inverse filters. This topic is discussed in
Subsections 3.4.3 and 4.1.3
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using other wave-based methods for the auralization of both indoor and urban
cases.
Among the wave-based methods are FDTD [14,21,91], the boundary element
method (BEM) [88], the finite element method (FEM) [186], the digital waveguide mesh (DWM) [130], the transmission-line matrix (TLM) [61], the pseudospectral time-domain (PSTD) method [63], [69, 72], the discontinous Galerkin
(DG) method [146], the equivalent sources method (ESM) [63] and the parabolic
equation (PE) [15]. Two well established element methods are FEM and BEM. In
FEM the volume of the domain is divided into non-uniform elements where the
sound pressure is computed, and in BEM only the boundaries of the domain are
discretized. Thus, FEM is considered a good method for interior problems and
BEM is appropriate for exterior problems. In order to make use of their respective advantages, these two methods have been coupled [156]. FEM and BEM are
considered frequency-domain techniques, but these methods have also been developed in the time-domain [156]. A beneficial property of these element methods is that they provide the opportunity to create a dense grid that can model
acoustically complex structures. BEM has been coupled with the fast multipole
method (FMM) and their combination is referred to as FMBEM, which makes
BEM applicable for large scale problems. Another finite element method is the
DG method [146]. The DG method discretizes the volume of the domain into
several discontinuous elements, and on each local element a combination of basis functions is used to approximate the local unknown variables. To ensure the
continuity of the global solution the numerical flux is utilized across the element
boundaries [197].
Two other wave-based methods, which are also frequency-domain techniques,
are the ESM and PE. The principle behind ESM is to divide the main computation domain into sub-domains and to populate those sub-domains with equivalent sources [63]. PE is based on the derivation of a parabolic equation for
sound propagation inside a medium, which can be solved with various techniques
such as finite differences or with the Fourier split-set solution method [199].
PE is computationally efficient but can only model one-way sound propagation
(takes only into account sound waves traveling in the direction from the source
to the receiver [164]). ESM and PE have also been implemented in the timedomain [30, 103].
A popular time-domain wave-based method is the FDTD, where the wave
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equation is solved by approximating the spatial and time derivatives with finite
differences [21,91]. The grid is regular, and the maximum resolved frequency depends on the spacing between two grid points. GPU-solvers have been developed
for the solution of the wave equation using the FDTD, which allows computation in much shorter times [123]. Two special cases of FDTD methods are the
DWM and the TLM method. DWM makes use of delay lines, junctions and filters
to construct acoustic models. DWM in its simple form has a rectangular structure where the nodes of the computational grid are connected to each other via
unit delays [130]. The node in this case is referred to as a waveguide element,
which in its basic form is made of two delay lines carrying the signal in opposite
directions. In TLM all grid points are linked with each other via transmission
lines of identical length [61]. It can be understood as a tube with traveling plane
waves. Another time-domain method is Fourier PSTD. The spatial derivative operator of a time-dependent problem such as the wave equation is computed in the
wave number domain using Fourier transforms and the time derivative is evaluated with another method, e.g. Runge-Kutta [63]. For geometries that the PSTD
method can handle, i.e. geometries that fit into a Cartesian grid (see [69]), and
for the coupled acoustic equations, PSTD needs a lower number of degrees of
freedom compared to other volume discretization methods [59, 63, 70].
It should be noted that techniques to incorporate source and receiver directivity in the wave-based methods have been developed, making them applicable for
computing BIRs. The directivity modeling in wave-based methods is discussed in
detail in Chapter 3.
The wave-based methods described in the previous paragraphs of this subsection have pros and cons. The advantages are related to the ability of the methods
to capture complex geometries, their capability to model frequency-dependent
boundary conditions and atmospheric effects and the possibility to accelerate the
methods using GPU and CPU processing. An extensive review of these methods
together with their pros and cons specifically for urban acoustics modeling has
been published by Hornikx [64], and relevant information has been incorporated
in the current research. BEM, FMBEM and DG can capture complex geometries
better than other methods. BEM, FMBEM, DG, FDTD, ESM and TLM can handle
frequency-dependent boundary conditions and produce accurate results, while
PSTD cannot handle frequency-dependency. PSTD, FDTD, TLM and PE are preferred to other methods for modeling of meteorological effects [64]. In terms
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of computational efficiency, PSTD, PE and FMBEM are ahead of the other wavebased methods but PE is only applicable for one-way sound propagation. Regarding the storage capacity requirements, PSTD and FMBEM are more efficient. In
addition, in terms of acceleration capabilities, DG, PSTD, FDTD and TLM have an
advantage [64]. Finally, time-domain methods such as PSTD, DG, TLM and FDTD
are preferable because with a single run they directly compute impulse responses.

1.2.4

Hybrid methods

Wave-based methods take into account the complex nature of sound and can
model the physical acoustic phenomena with high accuracy [63, 91]. Ideally, a
wave-based simulation over the whole audible frequency range should be used for
the computation of IRs for auralization and acoustic prediction purposes. However, these methods become impractical at high frequencies due to computational
costs. On the other hand, geometrical acoustics methods produce inaccuracies
when modeling complex wave phenomena at low frequencies but can handle high
frequencies fairly accurately. As such, recent research has been focused on the design of hybrid methods where wave-based methods are used to model the low
frequencies and geometrical acoustics methods are used to model the high frequencies [8, 173, 178] (see also Fig. 1.4). Combining wave-based methods with
geometrical acoustics methods is a complex task. This complexity arises mainly
from the different way that boundary conditions are modeled in the two methods
and the calibration of the source strength in both methods [57,173]. These methods have not been extensively validated. Furthermore, there are still many open
questions regarding hybrid methods, such as the cross-over frequency between
wave-based methods and geometrical acoustics methods, which are interesting
areas to investigate in the future.
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Figure 1.4: (a) Hybrid impulse response model where a wave-based method is used for
the low frequencies and at high frequencies the ISM is used for modeling
the early part of the response and ray-tracing for the late part. (b) Impulse
response anatomy [172].

1.3

Auralization methods for urban environments with
moving sources

The purpose of this review is to outline the methodologies for auralization of urban sound environments with moving sources. The main focus is placed on the
techniques used in those auralizations to model the sound propagation, and on
the methods used to simulate the moving sources. Before presenting the literature, a brief description of the car noise source, which is the main source signal
used in the auralization methodologies that are presented in this section, is given.
Car noise is mainly composed of three components; the propulsion noise from
the engine, the tire noise from the interaction of the tires with the road surface,
and the aerodynamic noise due to the interaction of turbulence with the vehicle’s
surface [83,90]. When the car moves at speeds up to 30 km/h engine noise is the
predominant noise source, while tire noise is the predominant source at speeds
between 30 km/h and 100 km/h and aerodynamic noise becomes significant at
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speeds above 100 km/h [7, 17, 73, 82, 83, 90]. The sound field produced by a
moving source like a car is more difficult to capture compared to sound sources in
room acoustic auralizations (voice, musical instruments, speakers etc). It would
require a large anechoic chamber with a roller bench to capture engine and tire
noise, and a wind tunnel to capture the aerodynamic noise. It would also require
different recordings at different speeds and acceleration rates. Thus, approaches
have been designed to synthesize those signals from recordings [124]. Some of
these approaches are presented in the following subsections but are not the main
focus of this research.

1.3.1

Auralization of moving cars in urban environments

The Swedish project LISTEN focused on the development of a car pass-by auralization tool that would be able to simulate a vehicle pass-by with different speeds and
at different distances from the listener, both with and without a noise barrier on
the side of the road [46]. The synthesis of the car signal is implemented by inverting the propagation effects (geometrical spreading, Doppler effect, air attenuation
and ground reflection) [46] from the recordings in order to obtain the source signal. The source signal is then split into two components, the propulsion signal and
the tire/road signal, which is then manipulated to synthesize different car speeds,
tires and road surfaces based on the Harmonoise [83] and Nord2000 [82] engineering methods. The next step is the auralization of the pass-by vehicle. The car
is auralized as two separate sources, one representing the propulsion noise and
one the tire noise. The noisy part of those signals is auralized separately from the
tonal part. The tonal characteristics are modeled from peaks of a narrow-band
spectrum of the source signals. The noise signals are shaped by modeling the air
attenuation, ground reflection and the directivity in 1/3 octave-bands, and the
remaining effects are modeled in the time-domain [46, 60, 144]. The Doppler effect is modeled by resampling the signal. Finally, the signals are altered using an
HRTF database. One development that has also been incorporated in the LISTEN
project simulator is spectral modeling synthesis [142] to model vehicles as sound
sources. Listening tests were conducted and showed that approximately 75% of
subjects (results are dependent on the pass-by speed) could detect the difference
between the synthesized auralizations and the recorded signals [46, 144]. The
SPERoN tire model [94] has also been combined with the LISTEN project simulator for the modeling of tire noise for different road surfaces [60].
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Another auralization tool of moving cars (including accelerating cars) that also
allows real-time user interactive navigation in an urban environment has been
designed by Maillard and Jagla et al. [79, 117] as part of the European project
HOSANNA. The synthesis of the source signal was carried out using two types of
recordings, one to record the tire noise (recorded with the close-proximity (CPX)
method [74]) and one to record the engine noise (recorded with a microphone
placed close to the engine). Next, from these recordings they synthesized the
car signal using granular synthesis with an enhanced pitch-synchronous overlapand-add method. The site modeling is implemented in the pre-processing stage
using a number of receivers covering the modeled area, and for each receiver a
set of propagation paths from the individual road segments is stored. The propagation paths, which are defined by the source position, sound attenuation and
image sources, are computed based on the Harmonoise model [83]. Afterwards,
these data are used in the auralization module, which can crate real-time auralizations. This module updates the signal processing nodes based on the listening
positions in order to model sound propagation in time-changing paths as the vehicle moves. Moreover, they make use of interpolation methods to model the
time-varying sound field. They consider two separate sources for rolling and engine noise. Those two signals are then sent into a delay line in order to model
the propagation delay in each path, and afterwards are fed into an FFT-based
octave-band equalizer with gains based on the propagation paths and the source
directivity. Finally, the signals are processed based on the information regarding
their angle of arrival in order to create the final reproduced signals. In more recent work, Maillard [118] used this technique to perform auralization in order to
evaluate the noise exposure along pedestrian and bike paths in the urban environments. Listening tests were performed where subjects were asked to evaluate the
realism of the auralizations on a scale from 0-10 (0 is labeled as "not realistic" and
10 as "extremely realistic"). Subjects’ average responses among different scenarios was 6.9. Finally, the effect of engine load noise has been recently incorporated
in the model [118].
Pieren et al. [148] modeled the pass-by of accelerating cars. They simplified
the car as two sound sources (as in [46, 79, 117]), one representing the tire noise
and one representing the engine noise. Pieren et al. [148] also used car pass-by
recordings to capture the tire noise. The propulsion noise produced from the en-
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gine was captured using controlled measurements on a chassis dynamometer9 .
Next, they used signal processing techniques to extract the emission model parameters, which they used for the synthesis of the source signal. The synthesis
of the car signal (including acceleration effects) was implemented with spectral
modeling synthesis. The sound propagation effects (propagation delay, Doppler
effect, geometrical spreading, ground reflection and air absorption) in the Pieren
at al. model were modeled using time-variant digital filters. Next, the synthesized source signals were filtered with these time-variant filters. Air absorption
was applied to the direct sound and the ground reflection using FIR filters. The
ground effect was modeled using the Delany and Bazley model [34] and also
took into account the spherical wave reflection coefficient. The Doppler effect
was modeled using a variable delay-line, which is a commonly used technique for
the simulation of the Doppler shift in digital signals [176]. HRTF processing was
not applied. Their method was not validated with subjective tests.
Viggen et al. [192] designed an outdoor auralization prototype using the
Nord2000 [82] model to calculate the sound propagation between the source
and the receiver and by representing the sound field using spherical harmonics (a
set of basis functions which are orthogonal upon the surface of the sphere). The
source signals are recorded with microphones placed on the front and back of a
moving car. The traffic is modeled using a line of sources along the road which
represent the location of the moving sources. The reflections are computed using
a beam-tracing algorithm. The Nord2000 model is used to determine the transfer
function (as 1/3 octave-band levels) from each source to the receiver and also
the transfer function along the reflected sound paths. After the attenuation, the
angle of each beam that arrives at the receiver is calculated and the signals are
combined into a spherical harmonics representation. This allows reproduction in
various formats (headphones, stereo, surround). The Doppler effect is also included by pre-processing the source signal via interpolation. The model is under
development and has not yet been subjectively evaluated.
A methodology to auralize background (distant) traffic noise was developed
by Zachos et al. [211]. The model relies on physical models for geometrical
spreading, ground effect and air attenuation. The sources are synthesized using 1/3 octave-band power profiles from data recorded from the LISTEN simulator [46]. Since individual car pass-bys are also perceivable in distant traffic noise,
9 A measurement device that simulates the road in controlled environments
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they are included in the model. They are modeled using spectro-temporal transfer functions, which shape the source spectrum before applying the propagation
effects. The model is under development and only preliminary tests have been
conducted.

1.3.2

Auralization of urban environments with moving sources in
the context of game audio

Outdoor space simulation and auralization has also gained a lot of attention in
the context of computer gaming using both wave-based and geometrical acoustics
techniques. Raghuvanshi et al. [151] have designed a real-time wave-based sound
propagation method for multiple moving sources and receivers. The method performs off-line numerical simulation over the space and encodes the information
from the impulse responses. The impulse responses are computed using a fast
FDTD technique. The FDTD computes the IRs up to 1 kHz and then they use a
method to extrapolate the IRs to a higher frequency limit. The IRs are separated
into the early and late reverberation parts. Next, the early responses are sampled
densely in space and the late responses are sampled sparsely. In real scenes the
early response is estimated by numerous interactions with the boundaries and the
late response is estimated using an energy decay curve captured from the scene
geometry. Finally, the impulse responses are spatially interpolated, and the source
signal is convolved with these impulse responses to produce the auralization from
a moving source to a moving receiver. Yeh et al. [210] decomposed the simulation domain into an open space domain and small domains around the objects.
Afterwards, they coupled a ray-tracing approach for the open space and a wavebased simulation around the objects. Next, they used a simplified version of the
Raghuvanshi et al. [151] method to perform interactive10 auralization. A complimentary method to Raghuvanshi et al. was developed by Mehra et al. [122], who
decomposed the scene into disjoint rigid objects and handled the scattering and
diffraction by the various objects using the ESM.
The methods presented in this subsection are attractive because they are very
computationally efficient and can allow real-time interactive auralization. However, for those applications it is sufficient to produce plausible approximations as
long as it is computationally efficient and fits the computational budget [188].
10 Interactive auralization refers to the real-time auralization of a space where the listener can
interact with, e.g. a gaming environment where the player moves freely.
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Auralization of urban environments with the use of modified
recordings

Thomas et al. [185] developed a methodology for outdoor auralization for the
evaluation of the effect of a noise mitigation measure making use of spherical microphone array recordings. The auralization of the effect of the noise mitigation
measure attenuation on the recorded sound field is implemented by weighting
the microphone signals so that the resulting directivity pattern approximates the
left and right HRTFs attenuated with the insertion loss of the mount (i.e. noise
barrier) on each direction. Basically, the target directivity pattern is the directivity
of the HRTFs attenuated with the insertion loss based on the mitigation measure.
A set of 32 weight filters (one for each microphone) that result in an array directivity pattern similar to the target directivity is computed by applying spherical
harmonic decomposition theory to the attenuated HRTFs. The methodology was
evaluated in a case study by considering the effect of an L-shaped mount (located
close to a highway) on the sound field. The insertion loss was modeled with three
different engineering methods. The most accurate results regarding the modeling
of the insertion loss (compared to measurements) were achieved with the Harmonoise model [83]. Recordings were made before and after the introduction of
the mount in order to use them as a reference for the listening tests. The listening
tests showed that the effect of the mount was perceived by the listener equally
well with both recordings and auralizations and that listeners could not distinguish between auralizations and recordings except in one case. Recordings have
also been used for the auralization of urban environments combined with visual
information via virtual reality headsets. These methodologies are presented in
the next subsection.

1.3.4

Auralization of urban environments combined with virtual
reality (VR) technology for the evaluation of urban
soundscapes

Auralization has also been combined with VR-technology (i.e. VR-headset) for
research and assessment of the urban soundscapes. Ruotolo et al. [157] used
binaural recordings in combination with computer visualizations played via a VRheadset to assess the audiovisual impacts of a new motorway. The recordings
were further processed by octave-band filters extracted from noise modeling soft-
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ware (SoundPLAN) in order to simulate the contributions of the road source to
the receiver. The noise model included the effect from buildings (the order of
the simulated reflections is not defined), ground, and traffic flows at different
speeds. Jiang et al. [81] developed a web-based VR tool for the evaluation of
an open urban square. Different sounds are included in the model such as cars,
water fountains and human voices. The synthesis of the moving sources was implemented with a simplified version of the Pieren et al. [148] model. Buildings
and ground reflections were not included in the model as they would significantly
increase the computational costs. The sound rendering was implemented using
the Unity Audio Spatializer SDK (5.2 feature). HRTF rendering was not smooth
for fast moving objects. Thus, it was not included in the model. Echevarria [36]
et al. developed a methodology where virtual reality and auralization are combined to assess the role of noise in the audio-visual design of urban spaces. The
audio is presented via headphones and the visual information is delivered via a
virtual reality headset. For the auralization, ambisonics B-format recordings of
the soundscape were used. Afterwards, these recordings were modified by applying frequency-dependent insertion loss (as filters) computed with 2D FDTD (e.g.
effect of a noise barrier). They used the Unity game engine software to perform
the audio-visual simulations. Individual vehicle pass-bys were not modeled. The
method allows the subjects to move freely inside the VR space (the method also
includes HRTF processing).

1.3.5

Summary and discussion.

A summary of the literature review is presented in Table 1.1. The main outcomes
are listed below:
• The vast majority of the methodologies have not been evaluated via subjective tests against recordings or auralizations with measured impulse responses. Subjective evaluation of modeled auralizations against real recordings was only conducted in [46] and [185]. In [46] the auralization scenario
was simplified for a car pass-by in an environment where only ground reflection was present, and 75% of subjects could detect the difference between
recordings and simulations. The method presented in [185] was extensively
assessed and the results were very positive (listeners could not distinguish
between auralizations and recordings except in one case). However, this
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method is based on modified recordings, which limits its applicability in
evaluating the effects of changes on existing developments such as the installation of a noise barrier on an existing road.
• Most of the auralization methodologies used engineering methods to model
sound propagation. Wave-based methods are used for the auralizations in
the context of game audio but for a band-limited frequency range. For example, in [151] a fast FDTD method is used up to 1 kHz, and with further
processing the frequency limit of the computed IRs is extrapolated. Also,
these methods are not subjectively evaluated. Moreover, for game audio applications the main goal is to produce computationally efficient simulations
that produce plausible approximations [188].
• The methodologies developed for the assessment of urban soundscapes by
combining auralization and visual information presented via a VR-headset
[36, 81, 157] are mainly based on modified recordings and simplified modeling methods.
• No research has been conducted on the necessity of the wave-based method
regarding auralization of urban environments.

Real-time
auralization of an
accelerating car
pass-by

Real-time auralization of urban
soundscapes with
moving sources

Auralization of urban soundscapes
with
moving
sources

[148]a

[79, 117]a

[192]a

Urban
ment

Urban
ment

environ-

environ-

Only ground

Only ground and
noise barrier

Environment

The reflections are computed using a beam-tracing algorithm. The Nord2000 model is used to determine the transfer function (as 1/3 octave-band levels) from each source to
the receiver and also the transfer function along the reflected
sound paths. The sound field is represented with spherical harmonics. Thus, it can be used with any reproduction
method. The Doppler effect is also included. The model is
under development.

The propagation paths which are defined by the source position, sound attenuation and image sources, are computed
based on the Harmonoise model [83]. The car signals are
sent into a delay line in order to model the propagation delay
in each path, and next are sent into an FFT-based octave-band
equalizer with amplitudes based on the propagation paths
and the source directivity.

The sound propagation effects (propagation delay, Doppler
effect, geometrical spreading, ground reflection and air absorption) are modeled using time-variant digital filters. The
synthesized source signals are filtered with these filters.

The car signal is split into its noisy part and tonal part. Air
attenuation, ground reflection and directivity are modeled in
1/3 octave-bands. Geometrical spreading and Doppler effect
are modeled in the time-domain. The Doppler effect is modeled by resampling the car signal. Finally, HRTF processing is
applied.

Auralization methodology

papers also present a methodology for the recording and synthesis of car signals.

Auralization
of
car pass-by with
constant speed

[46, 60, 144]a

a These

Objective

References

evaluation

No subjective
was conducted

evaluation

Subjects were asked to judge
the perception of the auralization realism on a scale
from 0-10.
The average
score was 6.9 [118]

No subjective
was conducted

Comparison of synthesized
auralizations against recordings. 75% of subjects could
detect the difference

Subjective evaluations

Table 1.1: Summary of the literature review of auralization methods for urban environments with moving sources.
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Objective

Environment

Auralization methodology

No subjective
was conducted

Subjective evaluations

Table 1.1: continued.
References
Outdoor
environmentb

evaluation

[122, 151, 210]

Real-time auralization of outdoor
environments for
game audio

Both wave-based and geometrical acoustics methods are
used, as well as a combination both. A fast FDTD algorithm to compute the impulse responses up to 1 kHz was
used in [151]. The IRs are extrapolated above this limit. The
IRs are split into early and late part. The IRs are spatially
interpolated, and the source signal is convolved with these
impulse responses to produce the auralization from a moving source to a moving receiver. A wave-based method and
a ray-tracing method were coupled in [210]. The simulation domain was decomposed into an open space domain,
which was simulated using ray-tracing, and small domains
around the objects, which were simulated using a wavebased method. In [122] the scene is decomposed into disjoint rigid objects and the scattering and diffraction by the
various objects are handled using the ESM.

[185]

Microphone array recordings are used, which are processed
in order to simulate the insertion loss of a noise mitigation
measure.

environ-

Outdoor
environmentb

Auralization
of
the effect of a
noise
control
measure

Urban
ment

Results showed that subjects could not distinguish
between auralizations and
recordings except in one
case

[36, 81, 157]

These methods were used
for the assessment of urban
soundscapes. There was no
direct evaluation of the auralization methodology

methods have been developed for general outdoor environments and not specifically for urban areas.

Development of
a tool for the
evaluation of urban soundscapes
using auralization

Recordings and simplified modeling methods are used. The
recordings are modified using engineering methods and
wave-based methods. These developments are mainly focused on the application of the auralization on urban soundscapes and developing methodologies for soundscape evaluations instead of developing new modeling techniques for
auralization.

b These

1.4 Chosen sound propagation modeling methods for auralization

1.4
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Chosen sound propagation modeling methods for
auralization

Noise produced by moving vehicles, the predominant noise sources in the urban
environment, contains much energy at low frequencies (see Fig. 1.5). This is an
indication that accurate modeling at low frequencies could be of high importance.
Thus, developing a wave-based method for auralization of urban environments
could be necessary for authentic auralizations.

Relative SPL (dB)

20dB

10 2

10 3

Frequency (Hz)

10 4

Figure 1.5: Spectrum of Mercedez Benz E 220 CDI with a speed of 50 km/h recorded
5 m away from the street in a testing ground following DIN ISO 362. The
signal was truncated at 0.5 s before and after the car passes-by in-front of the
microphone. The recording was provided by Fanyu Meng [125].

Following the presumption presented in the previous paragraph, the wavebased method, PSTD, has been used for the computation of BIRs in this research.
Although it has drawbacks related to modeling of frequency-dependent boundary
conditions (see Subsection 1.2.3), it has been chosen mainly because it is less
computationally expensive compared to other wave-based methods. Moreover, it
is a time-domain method, so it can directly compute IRs. The PSTD method has
been used to compute BIRs for an environment where buildings are absent, and
for an environment where a long building block is located behind the car.
For the computations of BIRs inside a 3D street canyon, geometrical acoustics have been used because they are computationally efficient. For such large
domains PSTD is restricted to low frequencies. A hybrid method where PSTD is
used to model the low frequencies and a geometrical acoustics method is used to
model the high frequencies would be ideal for this purpose but is not yet available.
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1.5

Research objectives and contributions

The research objectives are listed below:
• Incorporation of source and head-related directivity in PSTD in order to use
this method for the modeling of auralizations. The main sources in the urban environment such as cars, trains and aircrafts, have a directional character. By including directivity in auralizations, the quality is significantly
improved [191]. Moreover, incorporation of HRTFs in PSTD is necessary
for auralization via headphone reproduction.
• Development of an auralization methodology for a car pass-by based on
BIRs computed using PSTD. The BIRs represent the discrete transfer paths
between the source (car) and the receiver’s ears along the trajectory of the
moving car.
• Extent the auralization methodology for a car pass-by inside a street canyon
using both measured BIRs and BIRs modeled with a geometrical acoustics
method.
• Investigation into whether the increment between the discrete BIRs can
be increased without affecting the perception of the auralizations. Computations of BIRs and their convolution with the source signal is a timeconsuming process. Therefore, investigating the effect of the spacing between the discrete BIRs is important because larger spacing is equivalent to
less computations and storage requirements.

1.5 Research objectives and contributions

27

The research contributions are listed below:
• Two important features that have not been developed in PSTD are source
directivity and frequency-dependent boundary conditions. In this thesis a
methodology for modeling directivity in PSTD has been developed. Modeling of frequency-dependent boundary conditions is out of the scope of
this research but has been researched by another researcher at TU Eindhoven [139]. Directivity has been previously implemented with other wavebased methods such as FDTD [40], PE and ESM [190]. In this research it
is implemented in PSTD for the first time using spatial distributions related
to spherical harmonics that were assigned to time-dependent functions in
order to obtain the frequency content of the directivity.
• BIRs computed with wave-based methods have not been previously used for
the auralization of a car pass-by. The auralizations were created for an environment where buildings are absent and for an environment where a long
building block is located behind the car. It is true that for such simplified
scenarios a wave-based method, such as PSTD, is not necessary. Analytical
solutions or the ISM, for example, would be able to achieve an equally accurate sound propagation modeling much faster. However, it was decided
to use a wave-based method as a first attempt to auralize a car pass-by in a
simplified scenario before moving to a more complex case.
• This is the first time that measured BIRs inside a street canyon have been
used to create auralization of moving sources.
• The BIRs reflect the discrete source positions of the moving car inside the
modeled space. The BIRs are convolved with the dry car signal and crossfade windows are applied in order to make the auralization sound continuous. This approach has not been previously used for the modeling of car
pass-by auralizations.
• This is also the first time that perceptual research has been used to investigate the effect of the discrete source spacing in the auralization of a car
pass-by.
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1.6

Thesis structure

• Chapter 2: Introduces the use of PSTD to solve the linear acoustic equations
including modeling of the absorbing boundaries, and outlines the current
developments in PSTD.
• Chapter 3: Presents the method for modeling directivity in PSTD. It includes
a literature study on the techniques used to model directivity in other wavebased methods and also includes two computational examples to demonstrate the performance of the developed PSTD-directivity: 1) modeling of
an analytical directivity function, 2) synthesis of measured HRTFs, which is
a real-world example.
• Chapter 4: Demonstrates a methodology for auralizing a car pass-by using
BIRs computed with PSTD. A subjective experiment was conducted in order
to evaluate whether listeners can perceive differences in the auralization if
the increment between the discrete source position is increased. The chapter
also includes a literature study on the listening test methodologies for the
evaluation of auralizations.
• Chapter 5: Presents an extension of Chapter 4. In this chapter, a car pass-by
is modeled inside a street canyon. The BIRs used are both measured and
modeled with geometrical acoustics software. The same listening test as in
the previous chapter was conducted.
• Chapter 6: Contains a summary of the research and suggestions for future
work.

Chapter 2
The pseudospectral time-domain
method
In this chapter the Fourier PSTD method is described. In the first section the
coupled linear wave equations are presented, and then it is demonstrated how
they are solved using PSTD. The method to implement perfectly matched layers
(PML) is also included. Finally, the current developments in PSTD are outlined.

2.1

Wave equation

When a sound wave travels within a medium the molecules are compressed and
spread apart. After the wave has passed, the particles return to their initial position. Sound waves in air are longitudinal waves, meaning that the displacement
of the medium’s particles is parallel to the direction of the traveling wave.
Sound waves in air are governed by the mass and momentum conservation
laws [164]. A traveling wave causes a variation in particle velocity, pressure and
density. The particle velocity u is the speed of the particles due to the traveling
wave, and the pressure p is the difference between the medium’s static pressure and the instantaneous pressure caused by the wave. Assuming that viscosity
and gravitational effects are negligible in air (stress and gravitational acceleration
terms can be neglected) the equations of mass and momentum conservation are
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written as below:
¡
¢
∂ρ a
+ 5 · ρ a ua = 0,
∂tµ
¶
∂ua
ρa
+ ua · 5ua = − 5 p a ,
∂t

(2.1)

where ρ a , ua , and p a are the total density, total fluid velocity vector and total
pressure accordingly. These quantities can be decomposed into their ambient
values and acoustic fluctuations:
p a = p 0 + p,
ua = u0 + u,

(2.2)

ρ a = ρ 0 + ρ,

where p 0 , u0 , and ρ 0 are the ambient values of the pressure, velocity and density
in the atmosphere, and p , u = [u x , u y , u z ]T and ρ denote the acoustic fluctuations.
In cases where there is no wind u0 can be ignored. Assuming the sound propagation is adiabatic (pressure variations are so fast that there is no heat flow), the
relation between acoustic pressure and acoustic density is:
p = c 2 ρ,

(2.3)

where c is the adiabatic speed of sound [164]. Thus, assuming adiabatic conditions and no wind, the coupled linear acoustic equations for velocity and pressure
can be derived by substituting Eq. 2.2 and Eq. 2.3 into Eq. 2.1:
∂p
= −ρ 0 c 2 5 ·u,
∂t
∂u
1
= − 5 p.
∂t
ρ0

(2.4)

The speed of sound is dependent on the air temperature [164] and is also
constant at all frequencies. According to the ideal gas law in dry air, the speed of
sound can be computed with Eq. 2.5:
s

c = c0

T
,
T0

(2.5)

where c 0 = 331 m/s, T0 = 273 K and T is the absolute temperature in K. The re-
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lationship between the speed of sound, wavelength λ, frequency f , angular frequency ω and wave number k is also important to note:
c = λf ,
ω
k= .
c

(2.6)
(2.7)

In general, when a wave hits a boundary such as a façade or the ground, part
of the wave’s energy is absorbed and another part is reflected. In room and urban
acoustics modeling it is often assumed that the particle velocity at a point on the
boundary’s surface is only dependent on the acoustic pressure at that point. Those
boundaries are referred to as locally reacting [91].
The boundary causes changes in both acoustic pressure and velocity. Moreover, the boundary reflection alters both the amplitude and phase of the reflected
wave. The ratio between acoustic pressure and velocity component normal to the
boundary is referred to as surface impedance ( Z s ).
p
= Zs ,
un

(2.8)

where u n is the velocity component normal to the boundary. The impedance
is a complex number and depends on the frequency and the properties of the
boundary material [91, 164]. The pressure due to the boundary condition in the
frequency-domain becomes:
p=

Zs
5 p.
j ωρ

(2.9)

A detailed derivation of the equations described in this section can be found in
[164].

2.2
2.2.1

The pseudospectral time-domain method
Spatial derivative computation

Pseudospectral (PS) methods can be used to calculate the spatial derivative operator of a time-dependent partial differential equation as the linear acoustic equations (Eq. 2.4) [63]. The time derivatives are evaluated by another method and
their combination is referred to as PSTD. Two of the most popular PS methods
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are the Fourier PS and the Chebyshev PS methods. Fourier PS is referred to as a
global method because the computation of the spatial derivative at a discrete point
depends on the entire domain, whereas in finite difference methods the computation depends only on the neighbouring points [63]. The entire domain here refers
to the single dimension of that derivative. In the computations implemented in
Chapters 3 and 4, the Fourier PS method was used because Chebyshev PSTD requires π spatial points per wavelength, which makes Fourier PSTD more efficient
as it requires only two (see last paragraph of Subsection 2.2.1). However, Chebyshev PSTD has an advantage in modeling of bounded media. Fourier PS computes
the spatial derivatives in the wave number domain using Fourier transforms [59].
This causes an issue in PSTD regarding the modeling of boundary conditions because when boundaries are introduced the system becomes aperiodic. The Fourier
PSTD relies on an eigenfunction expansion based on the linear acoustic equations
for velocity and pressure (Eq. 2.4).
In the following equation, the Fourier PS method is used to compute the pressure and velocity derivatives in an unbounded domain along the x -direction:
©
ª
∂u x
= Fx−1 j k x Fx1 [u(n∆x, y, z)] ,
∂x
ª
©
∂p
= Fx−1 j k x Fx1 [p(n∆x, y, z)] ,
∂x

(2.10)

where ∆x is the discrete equidistant spatial step in the x direction, subscripts x,
y, z denote the Cartesian coordinates, F 1 and F −1 are the forward and inverse
Fourier transform over and to the direction of the subscript, k is the wave number
vector of the direction of the subscript and −M /2 ≤ n ≤ M /2 where M + 1 is the
number of nodes in the x -direction.
The derivative operators in Eq. 2.10 are computed on a collocated grid1 .
However, by introducing a staggered grid (evaluation of the derivate halfway between the grid points) numerical dispersion is reduced and the method becomes
more stable [27, 109]. In order to evaluate the derivate halfway between the grid
± j kx
points ( ∆x
2 ), the derivative operator j k x is replaced by j k x e

∆x
2

. In Eq. 2.11 the

1 In a collocated grid all the variables (e.g. acoustics pressure and velocity) are computed and
stored at the same grid locations
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pressure and velocity nodes are staggered in space by ± ∆x
2 .
©
ª
∆x
∂u x
= Fx−1 j k x e j k x 2 Fx1 [u(n∆x, y, z)] ,
∂x
ª
©
∆x
∂p x
= Fx−1 j k x e − j k x 2 Fx1 [p(n∆x, y, z)] .
∂x

(2.11)

Staggering does not require extra storage space; it only causes a minor increase
in the number of arithmetic computations while improving the accuracy and the
stability of the method [27].
The computation of the 3D linear-acoustic equations for velocity and pressure
(Eq. 2.4) in semi-discrete form (discrete in space) is shown below. The spatial
derivatives in an unbounded cubic domain are computed with the Fourier PS
method as follows:

ª´
∆x
∂u x
1 ³ −1 ©
=−
Fx j k x e j k x 2 Fx1 [p(n∆x, y, z)] ,
∂t
ρ0
∆y
ª´
∂u y
1 ³ −1 ©
=−
F y j k y e j k y 2 F y1 [p(x, n∆y, z)] ,
∂t
ρ0
ª´
∆z
∂u z
1 ³ −1 ©
=−
Fz j k z e j k z 2 Fz1 [p(x, y, n∆z)] ,
∂t
ρ0
∆y
ª
©
ª
¡
©
∆x
∂p
= −K Fx−1 j k x e − j k x 2 Fx1 [u x (n∆x, y, z)] + F y−1 j k y e − j k y 2 F y1 [u y (x, n∆y, z)]
∂t
©
ª¢
∆z
+ Fz−1 j k z e − j k z 2 Fz1 [u z (x, y, n∆z)] ,

(2.12)
where ∆y , ∆z are the discrete equidistant spatial steps in the y and z directions
accordingly, and K = ρ 0 c 2 is the bulk modulus.
Due to the spatial discretization of the domain and the usage of discrete
Fourier transforms, only two spatial points per wavelength are required to obtain highly accurate results. Another source of error is caused by the used time
iteration scheme.

2.2.2

Runge-Kutta scheme to solve the time derivative

RK schemes belong to the category of explicit time iteration schemes because
they require only information from the former discrete time step for the calculation operation [18, 63, 72]. RK methods compute a single discrete time step by
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Figure 2.1: Simulations of three sources inside a street canyon simulated with PSTD. The
white squares represent the center of the sources.

computing several intermediate steps, thereby achieving a higher order accuracy
compared to the second-order accurate finite differences scheme [18, 63]. The
time derivative operator of Eq. 2.12 in this research is calculated with a low storage optimized six-stage RK method developed by Bogey and Bailly [18]. Bogey
and Bailly achieved optimization of the dispersion and dissipation errors for frequencies corresponding to four points per wavelength. Eq. 2.12 for the acoustic
pressure can be solved by the RK method using the following equations:
p(x, y, z, t 0 ) = p(x, y, z, t ),
¡
©
ª
∆x
p(x, y, z, t i ) = p(x, y, z, t 0 ) − γi ∆t K Fx−1 j k x e − j k x 2 Fx1 [u x (n∆x, y, z, t i −1 )]
∆y
©
ª
+ F y−1 j k y e − j k y 2 F y1 [u y (x, n∆y, z, t i −1 )]
(2.13)
©
ª¢
∆z
+ Fz−1 j k z e − j k z 2 Fz1 [u z (x, y, n∆z, t i −1 )] ,

for

i = 1...6,

p(x, y, z, t + ∆t ) = p(x, y, z, t 6 ),

where i is the integer stage number within the RK time step and γi ∈ [0, 1] is the
RK coefficients as given by Bogey and Bailly [18]. The time step is chosen to be
∆t = ∆x/(2c), since the highest resolved spatial wave number then corresponds

to 4 points per wavelength of the temporal resolved frequency, for which the sixstage RK method was optimized. This optimization criterion is more stringent
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than the stability criterion. This method has successfully been used in previous
PSTD computations [63, 69, 70].

2.2.3

Boundaries in PSTD and perfectly matched layer

One of the weaknesses of Fourier PSTD is that it cannot model general frequencyde- pendent impedance boundary conditions. Perfectly rigid boundaries can be
modeled by mirroring the whole domain. Frequency-independent boundaries
can be modeled as a second fluid with different density in order to simulate the
frequency-independent impedance [63, 72].
Simulation of unbounded media is important in many applications. A wraparound effect occurs in open boundaries (non-reflected boundaries) in PSTD due
to the periodicity assumed in the FFT [110]. In order to minimize this effect and
simulate non-reflective boundaries, a perfectly matched layer (PML) [12] should
be applied in order to attenuate sound waves that propagate into the boundary of
the domain. PML is implemented by adding an absorption layer at the edge of the
computational domain, which acts on the normal component of the velocity and
pressure. Here, the approach of Berenger, which was developed for the absorption
of electromagnetic waves, was followed. The pressure and velocity are split into
components parallel and perpendicular to the PML [12]. The PML is imposed
with an additional operator after each time step of Eq. 2.13:
p x (n∆x, y, z, t + ∆t ) = p x (n∆x, y, z, t + ∆t )e −σx ∆t
p y (x, n∆y, z, t + ∆t ) = p y (x, n∆y, z, t + ∆t )e −σy ∆t
p z (x, y, n∆z, t + ∆t ) = p z (x, y, n∆z, t + ∆t )e −σz ∆t ,
³x −x
´
³y−y
´
³z −z
´
PML m
PML m
PML m
σx = β
, σy = β
, σz = β
Dx
Dy
Dz

(2.14)

where D x , D y , D z are the thicknesses of the PML (number of nodes in the PML
area) in each direction and x − xPML are the positions of the grid points inside the
PML layer in the x direction. The coefficient β defines the maximum value of
the PML functions σ and the exponent m is a positive number (Hornikx [63] uses
m =4, β = 1·10−4 s−1 and D = 20∆x m). The values of σ are zero inside the internal

points and zero or positive in the PML layer [63]. The PML is applied to the
velocity components in a similar way. PML in PSTD produces a lower performance
for higher frequencies [63]. More information regarding the implementation of
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the PML and the values of the different coefficients can be found in Hornikx et.
al [72].

2.2.4

Developments in PSTD

PSTD can include a moving atmosphere and model any type of wind field [65].
PSTD can also overcome restrictions to staircase geometries by transforming the
physical coordinate system (Cartesian grid) into a curvilinear coordinate system
allowing the modeling of relatively smooth surfaces [66]. Another development is
local grid refinement, which allows for the modeling of a finer grid locally without
needing a finer spatial discretization in the whole domain [70], and thus without
significantly increasing the computational costs. Moreover, a new method of coupling PSTD with discontinuous Galerkin (DG) has been developed, which allows
the modeling of complex shapes and frequency-dependent boundary conditions
(see Fig. 2.2) [139]. PSTD has been applied in various applications including
green roofs and façades [152], acoustics of sports halls [68], urban canyons [63],
different ground roughnesses [10] and exhaust pipe noise [71]. Finally, an open
source software with a graphical user interface named openPSTD, which uses
Fourier PSTD for sound propagation, has been developed [69].

Figure 2.2: The hybrid PSTD/DG method. The domain around the complex shaped
boundaries such as ground and buildings is discretized using an unstructured
mesh (DG is used) and the rest of the domain is discretized using an orthogonal equidistant mesh (PSTD is used) [138].

Chapter 3
Incorporating directivity in PSTD
Sections 3.1-3.3 of this chapter are based on: GEORGIOU, F., AND HORNIKX,
M. Incorporating directivity in the Fourier pseudospectral time-domain method
using spherical harmonics. The Journal of the Acoustical Society of America 140, 2
(2016)

In this chapter the methodology for incorporating directivity in PSTD is presented. This is one of the objectives of this thesis because directivity needs to
be incorporated in PSTD in order to achieve realistic auralizations. First, a given
source directivity is decomposed into spherical harmonic weights. The source is
then modeled through spatial distributions in PSTD that relate to the spherical
harmonics, and time-dependent functions are assigned to the spatial distributions
in order to obtain the frequency content of the directivity. The approach can be
used to model any type of directive source, because any directivity function can
be expressed as a summation of a series of spherical harmonics.
This chapter is organized as follows. Section 3.1 presents the literature review on the available methodologies for modeling directivity in other wave-based
methods. Section 3.2 deals with a) an introduction to spherical harmonics and
the decomposition of a directivity function using spherical harmonics, and b) the
method designed to compose a directivity function in PSTD using initial distributions related to spherical harmonic functions and digital time filters to achieve
frequency-dependent directivity. The first computational example is given in Section 3.3, utilizing an analytically designed directivity function, and the second in
Section 3.4 where horizontal plane HRTFs are incorporated in a 2D simulation.
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3.1

Introduction

Source directivity and head-related directivity play a very important role in the
perception of an acoustic field. By incorporating directivity in the auralization
the quality of the simulation is significantly improved [191]. Previously, source
directivity has been incorporated in wave-based methods such as FDTD [40, 161,
162,177], DWM [54], [55] and ESM [190,205] as well as in geometrical acoustics
methods [188, 191]. In PSTD, sources are typically modeled as omnidirectional.
To reiterate, directive sources have not yet been incorporated in this method.
Techniques to incorporate source directivity with potential applicability in
PSTD have previously been developed. A method to produce first-order directional source patterns (cardioid, sub-cardioid etc.) in FDTD was proposed by
Southern and Murphy [177]. They made use of two closely spaced monopole
sources with opposite polarity. A delay is placed on one of the sources and by
varying it the effective radiation pattern can be changed. Overall, this method
provides a good alternative to a more complex implementation of source directivity by approximating it with first-order directional patterns. An additional advantage of this method is that it provides an accurate near-field response. Methodologies described below, including the method developed in this research, focus
on accurate modeling of far-field directivity.
Escolano et al. [40] modeled directional sources based on directivity diagrams
for discrete frequencies in the time-domain methods FDTD, DWM and the functional transformation method (FTM). Arrays of monopoles were used to create a
particular sound field based on directivity diagrams taken from literature. Each
monopole source had an associated amplitude and phase in order to reproduce
a desired sound field at given points. The weights that related the pressure distribution of the sound field to the sound sources were the amplitudes of the 3D
Green’s functions and they were computed with the least-squares method. Thus,
different directivities for several discrete frequencies were created in a single simulation. As this method makes use of monopoles, it can easily be implemented
in any discrete-space method. Results showed that the directivity diagrams produced with this method were the same for FDTD, DWM and FTM. In order to
properly synthesize the sound field, the distribution of point sources must comply
with a relation between their distances. This relation depends on the frequency.
The lowest frequency in the simulation is determined by the largest distance be-
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tween monopoles whereas the highest frequency is determined by the closest distance between monopoles. Therefore, a disadvantage of this technique is that it
is only possible to correctly synthesize a sound field between a minimum and a
maximum frequency in a given source distribution. Escolano et al. [41] extended
their previous method to incorporate broadband directive sources with frequencydependent directivity. However, the method can still only correctly synthesize a
limited bandwidth for a given source distribution.
Vecherin et al. [190] and Wilson et al. [205] incorporated source directivity
in the Crank-Nicholson PE long-range sound propagation calculation. They used
two techniques, the ESM and the directional starter method. The ESM determines
compact source distributions to produce a given directivity function in the farfield [190]. The method can be divided into three steps: 1) decomposing the
directivity function into spherical harmonics, 2) relating each spherical harmonic
to an elementary source configuration, 3) composing the final source distribution
by a linear combination of the elementary configurations. Their main goal is to
produce the desired directivity function with the smallest number of point sources
as possible. In contrast to other work [40, 41], an advantage of their method is
that the source configuration is compact. PE is a frequency-domain modeling
method. Wilson et al. claim that the ESM has the potential to be applicable to
time-domain methods such as FDTD and PSTD. The directional starter method
is specifically designed for PEs and derives starter fields for narrow and wideangle PEs, which are only useful for computing sound propagation in one or a
few azimuthal directions [190].
A method to extract receiver directivity from FDTD simulations was developed
by Sheaffer et al. [169,170]. The method can be divided into 2 steps: 1) sampling
the sound field locally using a volumetric array of receivers (similar to a spherical
microphone array), 2) applying an SH transform to the sampled data to approximate a plane wave density function, and then performing binaural synthesis in
the SH domain to model the binaural impulse responses.
Sakamoto et al. [161, 162] modeled sound radiation characteristics from a
mouth simulator in FDTD using different directional source components with
spherical harmonic profiles. The method can be divided into four steps: 1) decomposing a given directivity function into spherical harmonic weights, 2) creating initial distributions in FDTD that will be used as the basis functions to model
source directivity, 3) designing inverse filters that will ensure that all the basis
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functions have identical frequency responses, 4) combining the inverse filters with
filters from the spherical harmonic weights and the distributions together in order
to form the desirable frequency-dependent directivity.
The technique used in this work is based on the method developed by Sakamoto
et al. and it is described in detail in Section 3.2. The method developed by
Vecherin et al. [190] and Wilson et al. [205], which was described earlier in this
section, has many similarities to the method developed by Sakamoto et al., but
since their method was developed for frequency-domain techniques it was not
used for further development in PSTD. Sakamoto et al.’s technique was extended
to PSTD and combined with a Runge-Kutta (RK) time scheme. Their method
was used as a basis in this work, but the following manipulations were carried
out: use of filters to remove high frequency artefacts, and application of spectral
interpolation on the time-dependent functions in order to make the method suitable for RK time integration. The techniques used to decompose the directivity
function into SH weights and the design of inverse filters for the equalization of
the spatial distributions related to SH are also discussed. Finally, the detailed error analysis of the method for different angles and distances was performed. The
analysis revealed a distance related error with this method. The main reasons that
this technique was selected for development in PSTD are: 1) the basis functions
used in this technique to model the source are spatial distributions so they can be
modeled in any wave-based method; 2) any directivity function can be modeled
using spherical harmonics [204]; 3) the bandwidth of the source is not limited
by the modeling method but rather by the spatial sampling frequency, which is
an advantage compared to the band-limited approach developed by Escolano et
al. [40, 41].

3.2
3.2.1

Incorporating source directivity
Source modeling in PSTD

Previously, sources have been modeled in PSTD as spatial Gaussian distributions
with zero valued initial acoustic velocities [63], [70], [72]. Distributions are
omnidirectional and span several grid cells in each direction. The bandwidth of
the source depends on the width of the Gaussian distribution. This method is
incorrect when the medium near the source position is inhomogeneous or when
it is moving because then the acoustic velocities are not equal to zero [63,70,72].
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To solve this issue Hornikx et al. [63, 70] used a source that is a function of time
and changes the pressure value at a single point in the spatial grid after every
discrete time step.
The basis functions that have been used here to model directive sources are
time-dependent source functions with local support from spatial distributions related to spherical harmonic functions. The spatial distributions are designed by a
combination of spatial Gaussian distributions and their derivatives. Thus, if the
medium near the directive source is inhomogeneous or the medium is moving due
to wind, the method can produce inaccuracies [63].

3.2.2

Spherical harmonic functions

In this work spherical harmonics (SH) are used as basis functions to model source
directivity. Spherical harmonic functions are a hierarchical set of basis functions
that are orthogonal upon the surface of a sphere [204]. Any directivity function
d(θ, φ) can be expressed as a weighted sum of a series of SH functions as presented
in Eq. 3.1, and can be considered as the spherical analogue of the 1D Fourier
series [175].
d (θ, φ) =

∞ X
n
X
n=0 m=−n

s

Ynm (θ, φ) =

m
Am
n Yn (θ, φ),

2n + 1 (n − m)! m
P (cos θ)e j mφ ,
4π (n + m)! n

(3.1)

where φ is the azimuth (0≤φ≤2π), θ is the elevation (0≤θ≤π), Ynm are the SH
functions of order n and degree m, P nm are the associated Legendre polynomials,
and A m
n are the SH expansion coefficients (also referred to as SH weights). The
square root term in front of the Legendre polynomial is the normalization factor.
The normalization factor ensures that the SH functions form an orthonormal basis, meaning that the integral of the product of two SH basis functions over the
surface of the sphere is zero unless the two SH functions are the same, in which
case the integral of the product is equal to one [174,175]. The complex SHs need
to be converted into real functions in order to be appropriate for time-domain
analysis because quantities are only treated based on real functions [161]. The
real SHs are also referred to in literature as Tesseral Harmonics [50, 200]. The
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formula to convert complex SHs to real functions is given in Eq. 3.2 [50].
1
X nm = p (Yn−m + (−1)m Ynm )
2

if m>0,

X nm = Ynm

if m=0,

1
X nm = p j (Yn−m − (−1)m Ynm )
2

if m<0,

(3.2)

where X nm are the real SH functions of order n and degree m, which are also
orthogonal. In numerical calculations the outer summation of Eq. 3.1 for the real
SH functions will be truncated at order l:
d (θ, φ) ≈

l
n
X
X
n=0 m=−n

C nm X nm (θ, φ),

(3.3)

where C nm are the weights of the real SH functions. Equation 3.3 is solved for each
frequency of the directivity function (see Subsection 3.2.3). The truncation of the
series in Eq. 3.3 creates an error that depends on l. To decompose head-related
transfer functions (HRTFs), Duraiswami and Zotkin [35, 213] used l = ka , where
k is the wave number and a is the radius of the scattering object (in this case the

head radius). For example, if the head-related directivity needs to be projected
on SHs for a frequency up to 20 kHz assuming a head radius of 10 cm, then
l ≈ 36. For the quantification of scattering and diffusing objects, Müller-Trapet et

al. [129] used the same relation as Duraiswami and Zotkin but they increased l
by 2.

3.2.3

Spherical harmonic weights

The first step of the implemented method is to decompose a known directivity
function d(θ, φ) into SH weights in order to later compose it in a PSTD simulation.
Two examples of directivity functions are the head-related impulse responses [35]
or impulse responses of a source measured on a spherical grid surrounding it. The
decomposition can be done with three methods: the direct integration method,
the least-squares (LS) method, and the regularized LS method [35, 213]. The LS
methods work better for an arbitrary grid as opposed to the direct integration
method, which requires specific quadrature points and fails if an arbitrary grid is
used [213]. Here, the regularized LS method with Tikhonov regularization has
been used because regularization helps to avoid instability of the approximated
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function in areas where data are not available [35] e.g. low elevation angles of
an HRTF database. The decomposition is implemented in the frequency-domain
and is done separately for every frequency component of f . Assuming that the
directivity function d(r, f ) (where r = (x, y, z) is the coordinate vector of the directivity locations and f is the frequency) consists of L locations and the frequency
response is N samples long, the d(r, f ) in matrix notation is written as:


d (r1 , f 1 )



d (r1 , f 2 )

···

d (r1 , f N )


 d (r2 , f 1 ) d (r2 , f 2 )

D=
..
..

.
.

d (rL , f 1 ) d L (rL , f 2 )

···


d (r2 , f N ) 

.
..

.

d (rL , f N )

..

.

···

(3.4)

The real type SH functions truncated at order l is a L×(l +1)2 matrix and is demonstrated below:




X 00 (r1 )

X 1−1 (r1 )

X 10 (r1 )

X 11 (r1 )

···

X ll (r1 )

 0
 X (r2 )
 0
X= .
 ..

X 00 (rL )

X 1−1 (r2 )

X 10 (r2 )

X 11 (r2 )

···


X ll (r2 ) 

.
.. 
. 

X ll (rL )

..
.

X 1−1 (rL )

..
.

X 10 (rL )

..
.

..

X 11 (rL )

···

.

(3.5)

The C matrix, which contains the SH expansion coefficients of the directivity function in the frequency-domain, is a (l + 1)2 × N matrix and reads:


C 00 ( f 1 )



C 00 ( f 2 )

···

C 00 ( f N )


C −1 ( f ) C −1 ( f )
2
 1 1
1
 0
0
 C ( f1)
C
(
f
1 2)
 1
C= 1
 C1 ( f1)
C 11 ( f 2 )


..
..

.
.

l
l
Cl ( f1)
Cl ( f2)

···


C 1−1 ( f N )


C 10 ( f N ) 

.
C 11 ( f N ) 


..

.

l
Cl ( f N )

···
···

..

.

···

(3.6)

The regularized LS method applied to compute the SH weights C nm of the q t h
frequency component is written in Eq. 3.7:
(XT X + a O)C∗,q = XT D∗,q ,

(3.7)

where D∗,q is the q t h column of D matrix and C∗,q the q t h column of C matrix (Eq.
3.6), superscript T denotes the transpose of the matrix, a is the regularization
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coefficient that controls the amount of regularization, which is usually set to a
small value, [35, 213] and O is the regularization matrix shown in the following
equation:
O = (1 + n[n + 1])I,

(3.8)

where n is the order of the corresponding SH coefficient (Eq. 3.2) and I is the
identity matrix of dimensions l × l . Eq. 3.7 is solved with the pseudoinverse
matrix:
C∗,q = (XT X + a O)+ XT D∗,q ,

(3.9)

where + is the pseudoinverse operator [132].

3.2.4

Initial spatial distributions related to spherical harmonics in
PSTD

Initial spatial distributions (ISDs) related to SH functions need to be obtained in
PSTD in order to use them as basis functions to model the desirable directivity.
Initial spatial distributions can be obtained by combining the higher-order spatial
derivatives of the pressure distribution. This method is described by Sakamoto et
al. [161, 162]. In the present work, an omnidirectional Gaussian pressure distribution was chosen as an initial condition:
p(r ) = e

− |r−r2s |

where |r−rs | =

2

w

at t = 0,

(3.10)

p
(x − x s )2 + (y − y s )2 + (z − z s )2 , (x s , y s , z s ) are the coordinates of the

distribution center and w determines the width of the Gaussian signal. If w is
p

set equal to ∆x/ 0.3, it can be regarded as being band limited up to ω∆t = π/2,
where ω is the angular frequency [63]. The ISDs, related to SH, obtained by
the linear combination of the spatial derivatives of the initial pressure condition
(see full derivation in [161]), are listed in Table 3.1. The equation below shows
the derivation of I SD 2m (third row of Table 3.1) by combining the second and
first-order derivatives of p :
³ ∂2 p

∂r 2

−

∂p ´ m 4|r − rs |2 − |r−r2s |2 m
e w X2 .
X =
∂r 2
w4

(3.11)
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Useful information about the calculation of the Gaussian derivatives and their
time and frequency properties can be found in Romeny [154].
In Fig. 3.1 the initial spatial distributions I SD 10 and I SD 20 are plotted together
with their time and frequency response. The ISDs plotted in Fig. 3.1 (a) and (b)
were used as initial conditions (p(r ) in Eq. 3.10) with zero initial acoustic velocity
in the PSTD simulation (in an unbounded domain). Then, results were stored at
35∆x distance away from their center and at 180◦ azimuth and 0◦ elevation (see

Fig. 3.1 (c)). Fig. 3.2 shows the azimuth and elevation angle relative to the
coordinate system in PSTD.
X nm in Table 3.1 contain the values of the real SH functions (Eq. 3.2) in the

locations of the PSTD grid that are spanned by these distributions. For example, in
Fig. 3.1 (a) the distribution spanned approximately 11 cells in each direction until
it decayed to zero1 , taking as a reference the maximum amplitude, which is the
center of the of the Gaussian distribution in Eq. 3.10 at (x s , y s , z s ). Thus, the X 00 in
this case contained the values of the real SH functions in the 3D domain (in Fig.
3.1 only a 2D slice of that domain can be seen) with dimensions of 23 × 23 × 23
grid points surrounding the distribution’s center and its center value is the X 00
at (x s , y s , z s ). In order to compute the values of the real SHs X nm , the Cartesian
coordinates of the PSTD grid must be converted into spherical coordinates taking
as a reference point of the coordinate system the (x s , y s , z s ).
Table 3.1: Initial spatial distributions related to SH functions ( I SD nm ) of different order
and degree.

Order n:
n=0
n=1
n=2
n=3

..
.

Initial distribution
e

− |r−r2s |
w

s|
− 2|r−r
e
w2

2

X 00

2
− |r−r2s |
w

2
− |r−r2s |
w

m=0
X 1m

4|r−rs |2
e
X 2m
w4
|r−rs |2
3
−
s|
− 8|r−r
e w 2 X 3m
w6

..
.

Degree m:

m = (−1, 0, 1)
m = (−2, −1, 0, 1, 2)
m = (−3, −2, −1, 0, 1, 2, 3)

..
.

1 In Fig. 3.1, about 5 spanned cells in each direction are visible. The ISDs spanned approximately 11 cells in each direction but their amplitudes are too low to be seen in this figure.
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Figure 3.1: The initial spatial distributions I SD 00 and I SD 10 in 2D (surface taken from the
3D plot), presented in (a) and (b) respectively. (c) The transient responses of
the distributions I SD 00 (solid) and I SD 10 (dashed) calculated at 35∆x distance
from their center and at 180◦ azimuth and 0◦ elevation. (d) The frequency
responses of (c).
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Figure 3.2: Azimuth and elevation angles relative to the coordinate system in PSTD.
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The ISD of the SH of order n is related to the n t h derivative of the Gaussian
pressure distribution p . A higher-order of differentiation of a Gaussian distribution means a higher center frequency [154], so the spectrum of the ISDs in Table
3.1 is moved to the high frequency end when the order is increased, as is demonstrated in Fig. 3.1. Therefore, the higher the order of the SH, the narrower the
ISD related to that SH. Gibbs phenomenon will occur when the ISD becomes too
narrow. Hence, w should be set to a value that will not cause ripples on the time
response of ISDs related to high-order SHs. The time responses of the ISD of SH
order n =5 and degree m =5 (I SD 55 ) when w was set to 0.3 and 0.2 are shown in
Fig. 3.3, where the previously described Gibbs phenomenon is visible. In order
to avoid this error, in the calculations presented in this chapter w was set to 0.2,
which band limits the Gaussian pressure distribution (Eq. 3.10) to approximately
ω∆t = 2π/5.
0.3

Amplitude (-)

0.2
0.1
0
-0.1
-0.2
-0.3
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24
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48

60

t/ t (-)

Figure 3.3: Recordings of I SD 55 at 14∆x distance and at 75◦ azimuth and 0◦ elevation
with w in Eq. 3.10 set to 0.2 (solid) and 0.3 (dashed).

3.2.5

Inverse filtering

When composing a directivity function from a combination of initial spatial distributions related to SH functions it is desirable that all the distributions have
identical frequency responses [161]. As is demonstrated in Fig. 3.1, the I SD 00
and the I SD 10 calculated at 35∆x at 180◦ elevation have different spectral and
transient characteristics. The time response of I SD 00 (see Fig. 3.1 (c)) is used as
a target response and the goal is to design inverse filters that make all the other
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responses of the spatial distributions identical to this target response.
LS deconvolution with frequency-dependent regularization was used to design the inverse filters [128, 133, 166]. The LS deconvolution minimizes the error
between the target response and the filtered response of a spatial distribution.
A frequency weighting is used to control the amount that the inverse filter will
correct for the transient response of the initial distribution across frequency. This
frequency-dependent regularization has been implemented in the time-domain.
Assuming that p 0 is the target response (in the time-domain) and p 1 is the transient response of the I SD 01 , then the inverse filter h1 is calculated by the following
expression:
h 1 = [PT1 P1 +βBT B]−1 · PT1 p 0 ,

(3.12)

where P1 is the convolution matrix of p 1 , β is the regularization weighting factor,
which is a scalar ∈ [0, 1], and B is the convolution matrix of the regularization
filter. The frequency response of the regularization filter is shown in Fig. 3.4.
The filter was designed so the regularization is the highest for frequencies above
ω∆t = 2π/5, meaning that the inverse filter will not try to correct the frequencies

above that limit (which is also the limit of the Gaussian pressure distribution in
the simulation (Eq. 3.10)). β controls the level of the highest regularization value
and was set to approximately 3·10−5 . This value was found using an optimization
routine in MATLAB [184]. The algorithm is designed to optimize the response of
the inverse filter h1 in order to minimize the difference between the frequency
response of the target response and the response of p 1 convolved with the inverse
filter h1 for ω∆t below 2π/5.
High frequency artefacts (low amplitude ripples in the response of the inverse
filter) occurred due to the used LS deconvolution. To minimize these artefacts
a low-pass filter (LPF) with a cut-off frequency at ω∆t = pi /3 was applied to the
inverse filter (Fig. 3.5). The response of the inverse filter (computed with Eq.
3.12) after the low-pass filter was applied is shown in Fig. 3.6. The result of the
convolution of p 1 with h1 and the LPF and p 0 with the LPF is depicted in Fig. 3.7.
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Figure 3.4: Frequency response of regularization filter used to design the convolution
matrix B in Eq. 3.12.
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Figure 3.5: (a) Transient response and (b) frequency response of the low-pass filter used
to remove high frequency artefacts from the inverse filter.

The initial distributions of SHs of the same order have the same responses.
Hence, one inverse filter needs to be designed and applied to every set of SH distributions of the same order. The inverse filters have been designed such that the
0t h degree SH distribution of every order will match the response of the I SD 00 (target response of Eq. 3.12). Also, the calculations of the SH distributions that were
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selected for deconvolution with the target response were made at 35∆x distance
from the center of the distribution at 180◦ elevation. The reason for this choice is
that the SH of all different orders and 0 degree at 180◦ elevation have a positive
sign and have their maximum value at this point [174]. Another important aspect
that must be considered is that the SH functions (Eq. 3.2) have magnitude differences. These differences also exist on the corresponding ISDs related to the SH
functions designed in PSTD (Table 3.1). It is very important that these magnitude
differences are maintained on the ISDs after the application of the inverse filters.
As mentioned previously in Subsection 3.2.2, the SH are normalized to respect
orthogonality. For example, the ratio for the maximum amplitudes between X 10
and X 00 , which is located at 180◦ elevation, is approximately 1.7321 (the transient
responses of the I SD 10 and I SD 00 calculated at that angle also have the same ratio). Therefore, the inverse filter computed from Eq. 3.12 should be multiplied by
1.7321 in order to maintain the correct magnitude differences between the basis
functions, as is also shown in Fig. 3.7. Thus, the ratio between the maximum
amplitudes of the real SH functions X n0 and the real SH X 00 (see Eq. 3.2 ) need
to be computed and then multiplied with the inverse filters of the corresponding
order.
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Figure 3.6: Impulse response of the inverse filter h1 (computed with LS deconvolution
with frequency-dependent regularization using Eq. 3.12) convolved with the
low-pass filter.
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Figure 3.7: Transient responses (a) and frequency responses (b) of p 0 ∗ LP F (dashed
black) and p 1 ∗(h1 ∗LP F ) with (solid black) and without (solid grey) multiplication with the ratio 1.7321 of the maximum magnitudes of the corresponding real SH X 01 and X 00 at 180◦ elevation. The ∗ denotes the convolution (see
Eq. 1.1).

3.2.6

Overview of the method and RK resampling

An overview of the method developed to incorporate directivity in PSTD is presented in Fig. 3.8. The finite impulse response (FIR) filters g are computed with
the inverse Fourier transform (IFT) of the rows of the C matrix in Eq. 3.6, e.g. g 00
is the IFT of the first row of C . The convolution of the inverse filter with the LPF
and with g is done in the pre-processing stage. These filters are called f i l t nm . The
multiplication between I SD nm and the corresponding f i l t nm takes place during the
equation update with an RK time stage. Since RK time steps are non-integer numbers of time steps ∆t , all the f i l t nm time signals need to be resampled at the RK
time steps. The resampling is implemented in the frequency-domain by multiplying the frequency response of f i l t nm by e j ω∆t ·γ(i ) as in the following equation:
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³
´
m
f i l t n,i
= F −1 e j ω∆t ·γ(i ) F [ f i l t nm (l ∆t ]

for

(3.13)

i = 1...6,

m
where l is the time index and f i l t n,i
is the interpolated f i l t nm .
m
in the
The method used to insert the I SD nm with the corresponding f i l t n,i

update equation (Eq. 2.13) is demonstrated in the next equation:
p(x, y, z, t 0 ) = p(x, y, z, t )
¡
©
ª
∆x
p(x, y, z, t i ) = p(x, y, z, t 0 ) − γi ∆t K Fx−1 − j k x e j k x 2 Fx1 [u x (n∆x, y, z, t i −1 )]
∆y
©
ª
+ F y−1 j k y e − j k y 2 F y1 [u y (x, n∆y, z, t i −1 )] ,
ª
©
∆z
(3.14)
+ Fz−1 j k z e − j k z 2 Fz1 [u z (x, y, n∆z, t i −1 )] ,
¢
0
−1
+ I SD 00 · f i l t 0,i
(t i −1 ) + I SD 1−1 · f i l t 1,i
(t i −1 ) · · · ,

for

i = 1...6,

p(x, t + ∆t ) = p(x, t 6 ).

It should be also noted that ISDs are only spatially-dependent. Their values are
limited to the cells that are spanned by these distributions. See further explanation in Subsection 3.2.4
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Figure 3.8: Overview of the method. The convolution between the inverse filters h of
different order, low-pass filter LPF and g of different order and degree is
demonstrated in the "Time filter design" section. These convolutions form the
m
filter f i l t n,i
which are multiplied at every time step with the initial spatial
distributions in the "Time iteration" section.
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3.3

Computational example 1: Analytical directivity

3.3.1

Modeling of the analytical source and PSTD simulation
settings

A 3D source was modeled analytically by summing real-valued SH sources of
different order and degree, which were processed with FIR filters in order to give
frequency-dependent characteristics to the source. The SH functions that were
used to model the real-valued SH sources are the following: X 1−1 , X 10 , X 20 , X 12 ,
X 30 , X 33 , X 40 , which were also multiplied by their corresponding scalar weights:

1, 1, 0.9, 0.25, 0.7, 0.7, 1. The scalar weights were chosen arbitrarily (their
values should be > 0 and ≤ 1). The real SH functions were multiplied by the
time response of Fig. 3.9, which is band limited to 2π/5, and formed the real
SH sources. Every real SH source was convolved with an individual FIR filter
designed in Matlab in order to provide frequency-dependent characteristics to the
modeled source. A 3D plot of the source directivity for the octave-band ω∆t = π/19
is presented in Fig. 3.10.
The source directivity was then decomposed into SH weights and incorporated
in the PSTD simulation following the steps presented in the previous section. In
the PSTD simulation the spatial discretization was set to ∆x = ∆y = ∆z = c/(2 f max )
and the time step was set to ∆t = ∆x/(2c), where c = 343m/s is the speed of sound,
f max is the maximum frequency that the PSTD grid can solve with two points per

wavelength, and w (Eq. 3.10) was set to 0.2. The source was modeled in PSTD
as described in Section 3.2.
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Figure 3.9: The real-valued SH sources were designed by multiplying the time response
(a) by the real SH functions (Eq. 3.2). The frequency response of this time
response is shown in (b).
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Figure 3.10: Directivity plot of the analytical source for the octave-band 2π/19.
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Results and discussion of the analytical directivity

In Fig. 3.11 the analytical directivity is plotted against the modeled directivity in
the horizontal (xy) plane (z/∆x = 0) for three different octave-bands ω∆t = π/19,
2π/19 and 4π/19. Figure 3.12 is the same as Fig. 3.11 but plots the directivity

in the vertical (yz) plane (x/∆x = 0). The time responses as calculated in the
PSTD method were normalized to the maximum values and then transformed
to the frequency-domain. Next, summation per octave-band was implemented
to generate these figures. The calculations were made at 35∆x distance from
the center of the source and with 5◦ angular resolution. Comparisons of the
absolute errors between the analytical directivity and the modeled directivity at
different distances are shown in Fig. 3.13 for the vertical (yz) plane (x/∆x = 0).
The errors are demonstrated over different r d i s /∆x , where r d i s is the radius from
the origin of the source. The absolute error was evaluated on the 72 circular
calculation points (5◦ resolution) surrounding the center of the source. The errors
were computed by subtracting the modeled directivity data from the analytical
directivity data (in dB) at 10 different distances and, next, the absolute value of
the subtractions was taken. For example, every box plot displayed above r d i s /∆x =
35 in Fig. 3.13 represents 72 data points, which were computed by taking the

absolute value of the subtraction between the modeled directivity data from the
analytical directivity data shown in Fig. 3.12 for each of the 72 measured angles
and at each octave-band. The errors are presented in a box and whisker plot,
showing the lower and upper quartile values and the median value. The whiskers
represent the remainder of the data, with extreme values (outliers) displayed
as a circle. Furthermore, Tables 3.2 and 3.3 present the average absolute error at
different calculation distances (r d i s /∆x ) in the horizontal plane and in the vertical
plane.
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Figure 3.11: Horizontal plane directivity, analytical directivity (solid) and the modeled
directivity (dashed) in PSTD calculated at 35∆x distance from the source
origin and for every 5◦ and for the octave-bands ω∆t = π/19 (a), 2π/19 (b)
and 4π/19 (c). The match between the two directivities is almost perfect,
which is why it is difficult to notice both curves (in (c) at 10◦ the analytical
directivity is visible).
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Figure 3.12: As Fig. 3.11, but results for the vertical plane.

Table 3.2: Average absolute error of horizontal directivity for the octave-bands ω∆t =
π/19, 2π/19 and 4π/19 at different calculation distances (r d i s /∆x ).
Horizontal directivity average absolute error (dB)
Recording distance r d i s /∆x :
ω∆t :

7

10.5

14

17.5

21

24.5

28

31.5

35

70

π/19

4.23

3.32

2.54

1.91

1.34

0.86

0.49

0.26

0.22

0.92

2π/19

2.20

1.71

1.22

0.82

0.53

0.31

0.16

0.08

0.06

0.39

4π/19

2.25

1.58

1.14

0.84

0.63

0.47

0.35

0.26

0.17

0.53
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Table 3.3: Same as Table 3.2 except for vertical directivity.
Vertical directivity average absolute error (dB)
Recording distance r d i s /∆x :
ω∆t :

7

10.5

14

17.5

21

24.5

28

31.5

35

70

π/19

3.79

2.66

1.63

1.00

0.62

0.38

0.24

0.16

0.14

0.38

2π/19

1.81

0.93

0.55

0.35

0.23

0.15

0.10

0.06

0.04

0.16

4π/19

1.10

0.61

0.40

0.30

0.24

0.20

0.16

0.10

0.06

0.18

Figures 3.11 and 3.12 show that a high level of agreement exists between the
modeled and the analytical directivity at different octave-bands both for vertical
and horizontal planes. Errors appear in the very extreme dips of the directivity. A
maximum error (3.8 dB) occurs at 10◦ in the 4π/19 octave-band in the horizontal
plane (Fig. 3.11). However, the average error on that plane for that octave-band
is less than 0.25 dB, which is also the case for the other octave-bands both for
horizontal and vertical planes (Tables 3.2 and 3.3).
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Figure 3.13: Box and whisker plots of the absolute error between PSTD modeled and
analytical directivity on the vertical plane for the octave-bands ω∆t = π/19
(a), 2π/19 (b), and 4π/19 (c), at 10 different distances from the center of
the source. The errors are plotted over different r d i s /∆x , where r d i s is the
radius from the origin of the source.

Fig. 3.13 demonstrates that errors decrease with distance. This decrease is
more pronounced for the lower frequencies because the receivers are in the near-
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field of the source. Indeed, the error at r d i s /∆x = 7 and 10.5 is very large because
the ISDs spanned approximately 11 cells in each direction (x, y, z ), so the calculation locations are within the excitation grid. However, for distances above
r d i s /∆x = 17.5 the error is almost the same at all calculation distances. This high-

lights a drawback of the method, which is the inaccurate near-field reproduction,
resulting from the source not being compact and being dependent on the width
of the ISDs. The extreme outliers in Fig. 3.13 demonstrate the maximum error
at the three octave-bands occurring in the directivity dip at 315◦ (see Fig. 3.12).
At this angle there is a significant reduction of the error for calculations closer
to r d i s /∆x = 35 where the error is smaller than 0.6 dB at all octave-bands. The
reason for this reduction in error is that r d i s /∆x = 35 is the distance at which the
ISDs were calculated in order to form the inverse filters (see Eq. 3.12 and Fig.
3.7). Accordingly, at this distance the inverse filters give an almost perfect match
between the frequency characteristics of all the ISDs of different orders, which
increases the accuracy of the modeled directivity.
Fig. 3.14 sheds light on the higher error observed in the π/19 octave-band
compared to the other octave-bands at different distances shown in Fig. 3.13. In
Fig. 3.14 the small difference between the normalized I SD 30 calculated at 17.5∆x
and 35∆x distance is demonstrated. However, it is noticeable that the difference
is larger at low frequencies (frequencies belonging to the π/19 octave-band). This
is also the case for ISDs of different orders. Since the responses of ISDs vary with
distance and the variation is higher at low frequencies, the inverse filters designed
based on the 35∆x calculations produced higher errors at low frequencies at other
distances (Fig. 3.13).
Observations made depended on the error versus distance in Fig. 3.13 for the
vertical directivity also apply for the horizontal directivity. Errors that appear and
that are discussed here are mainly due to the directivity method presented. Dispersion and dissipation errors due to the used RK time iteration scheme increase
over calculation time, see [18]. Therefore, at long distances, the RK error would
be dominant over the presented error.
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Figure 3.14: Transient (top) and frequency (bottom) response of I SD 30 calculated at
17.5∆x (dashed) and 35∆x (solid) distance at 180◦ elevation. Amplitude
normalization has been applied to the calculations.

3.4

Computational example 2: HRTF

In this computational example, horizontal plane head-related directivity was incorporated in a 2D PSTD computation. More specifically, a source with the same
directivity as the horizontal plane HRTFs was modeled. The acoustics reciprocity
principle is used, which states that the transfer function between the source and
the receiver remains the same if they are interchanged in an unchanged environment [147] i.e. placing the sources in the ears of the receiver and calculation the
HRTFs on the source positions surrounding it. The reciprocity principle is only
valid if the source is omnidirectional. The maximum resolved frequency in this
simulation f max was set to 9 kHz. It should be noted that since the low-pass filter
shown in Fig. 3.5 was used to remove the high frequency artefacts the solution is
truncated at approximately 7.5 kHz. This method is used to compute BIRs for the
auralization of car pass-by, as discussed in Chapter 4.
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Circular harmonics

Since the computation is in 2D, circular harmonic functions (CH) were used instead of SH functions. CH functions are given by Fourier series and are the 2D
analogue of SHs. CHs hold the same properties as SHs but for functions whose
values vary only in one angular plane (e.g. 2D horizontal plane directivity). CH
functions are real functions. Any 2D directivity function d(φ) can be expressed as
a weighted sum of a series of CH functions, as in the following equation:
d (φ) =

∞
X

L n G n (φ),

n=0

1
Gn = p
2π
¢
1 ¡
G n = p cos(nφ), si n(nφ)
π

for n=0,

(3.15)

for n>0,

where φ is the angle (0≤φ≤2π), G n are the CH functions of order n, and L n are
the CH weights. In numerical calculations the summation of Eq. 3.15 for the CH
functions is truncated at order l (see [35,213] and Subsection 3.2.2). The decomposition of d (φ) into CH weights is implemented with the same methodology as
used for SH weights (Subsection 3.2.3).
The design of the ISDs related to CH functions is implemented by the combination of higher-order spatial derivatives of the initial Gaussian pressure distribution (Eq. 3.10) in the x and y directions [162] (similarly to the modeling of
the ISDs related to SHs presented in Subsection 3.2.4). Since the processing is in
2D, |r − rs | =

p

(x − x s )2 + (y − y s )2 . ISDs related to CHs are presented in Table 3.4.

Finally, the same method presented in Fig. 3.8 is used to incorporate horizontal
plane HRTFs in 2D PSTD simulation.
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Table 3.4: Design of initial spatial distributions related to CH functions of different order
(Same as Table 3.1 except for CH functions).

Order n:
n=0
n=1
n=2

..
.

3.4.2

Initial distribution:
e

− |r−r2s |

2

G0

w

|r−r |2

s
s | − w2
− 2|r−r
e
G1
w2
|r−rs |2
2
4|r−rs | − w 2
e
G2
w4

..
.

HRTF database and pre-processing

The HRTFs that were incorporated in the PSTD simulations are the TU Berlin
KEMAR horizontal plane HRTFs measured at 3 m distance and in the angular
range of 0◦ to 359◦ for every 1◦ [202]. The response of the loudspeaker used in
the measurements was corrected for in the frequency range between 100 Hz-10
kHz [202].
HRTF databases have poor low frequency response (below 200 Hz) due to the
poor low frequency performance of the measurement source and of the anechoic
chamber [208]. Therefore, a correction needs to be applied to these frequencies.
The fact that noise sources in the urban environment produce a lot of energy at
low frequencies highlights the importance of this processing step for the auralization of urban environments.
The low frequency correction was applied using the method developed by
Xie [207, 208]. Xie proposed a low frequency correction where the magnitude
response of the HRTFs at low frequencies is set to a constant value based on
the mean magnitude between 100-300 Hz and the phase is linearly interpolated.
The correction was implemented with the code provided in [209]. Finally, before
decomposing the HRTFs into CHs weights they were truncated at the maximum
resolved frequency f max in the PSTD grid using a low-pass filter designed with
the f i r 2 Matlab function and then they were re-sampled to sampling frequency
f s = 1/∆t = 36 kHz.

Following the formula of Duraiswami and Zotkin [35, 213], which was presented in Subsection 3.2.2, to achieve an accurate decomposition (and composition) of the HRTFs up to 7.5 kHz (maximum frequency of the modeled HRTFs)
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the order of CHs in Eq. 3.4 should be truncated at approximately 13. However,
the inverse filters computed to achieve an equal spectrum for all ISDs with CH
profiles produced errors in ISDs related to CHs of order 11 and over. More specifim
cally, the spectral differences between the I SD 11
and the I SD 00 were too large2 , so

it was not possible to be corrected for and large errors occurred. The response of
m
the I SD 10
was the highest one that could be compensated for without significant

errors. Therefore, the order of CHs was truncated at 10. These HRTFs whose CH
order was truncated at 10 are referred to as reduced-order HRTFs (ROHRTFs).
These HRTFs are the ones incorporated in the PSTD simulations.

3.4.3

Results and discussion of HRTF modeling

In the three following bullet points the different types of HRTFs that are included
in the analysis are defined:
• Measured HRTFs: The measured HRTFs that were taken from the TU Berlin
KEMAR database. A low frequency correction was also applied to those
HRTFs (see Section 3.4.2).
• ROHRTFs: The CH order of the measured HRTFs was reduced to l =10.
These HRTFs were acquired by expanding the measured HRTFs into series
of CHs, as shown in Eq. 3.15, and then transform them back to HRTFs with
the CH series truncated at order 10 rather than infinity.
• Modeled HRTFs: The ROHRTFs that were incorporated in the PSTD simulation and computed in the PSTD domain.
The modeled HRTFs were computed in the PSTD domain at 5 m distance from
the center of the source with the HRTF directivity and at 1◦ angular resolution.
The calculations of the modeled HRTFs included the spectral characteristics of
the Gaussian source (Eq. 3.10), which is basically the response of the I SD 00 convolved with the low-pass filter (Fig. 3.5). A correction (equalization) filter was
designed to correct this effect using LS deconvolution with frequency-dependent
regularization, as presented in Subsection 3.2.5.
Figure 3.15 plots the magnitude of the left ear modeled HRTFs, measured
HRTFs, and the ROHRFTs at angles 0◦ , 90◦ ,180◦ and 270◦ . Figure 3.16 presents
2 I SD 0 is the target response for all ISDs (see Subsection 3.2.5).
0
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the directivity plots of the modeled HRTFs and measured HRTFs at octave-bands
125 Hz - 4 kHz.
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Figure 3.15: Magnitude of left ear HRTF in the azimuthal plane, measured HRTF (solid),
modeled HRTF (dashed) and ROHRTF (dotted) at angles 0◦ , 90◦ ,180◦ and
270◦ .

The results presented in Fig. 3.15 show a good match between the modeled
HRTFs and the ROHRTFs. There is a large error at the extreme dip at approximately 6.7 kHz in Fig. 3.15 (b). A similar error in an extreme dip was also
observed in the previous computational example in Subsection 3.3.2. The discrepancies between the ROHRTFs and the modeled HRTFs are caused by the method
itself and more specifically by the inverse filters. In this example, the CH order
was truncated at 10, which means that the total number of ISDs used to model
the HRTFs was 21. Thus, the inverse filters were applied 20 times (excluding
I SD 00 ). Therefore, even small errors, i.e. mismatches between the basis functions

after the inverse filter is applied (see Fig. 3.8), can produce a noticeable error.
Fig. 3.15 and 3.16 demonstrate a good match between the measured HRTFs
and the modeled HRTFs up to 5 kHz. At frequencies above that limit, errors
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Figure 3.16: Left ear HRTF directivity in the azimuthal plane, measured HRTFs (solid)
and modeled HRTF (dashed) for the octave-bands 125 Hz (a), 250 Hz (b),
500 Hz (c), 1 kHz (d), 2 kHz (e) and 4 kHz (f) .

occur most noticeably at 90◦ , which is the largest error observed between the
HRTF of all angles and not only the ones plotted in this section. The reason
for this difference between the measured HRTF and the modeled HRTFs at high
frequencies is the reduced order of the CH functions that was used to synthesize
the HRTFs in PSTD. As described in Subsection 3.4.2, the CH order should have
been truncated at 13 in order to achieve an accurate HRTF composition up to 7.5
kHz. However, the inverse filters computed to achieve an equal spectrum for all
ISDs with CH profiles produced errors for ISDs related to CHs of orders 11 and
higher. Thus, the HRTFs were modeled using CHs of orders up to 10.
The performance of the method can benefit significantly from the design of
filters that can achieve equal spectra across ISDs of orders higher than 10. This
development will allow the modeling of HRTFs of higher orders and achieve better
accuracy at high frequencies. In this example, the error at different distances was
not evaluated but it is expected to follow the same trend as in the computational
example of Section 3.3. The inverse filters here were designed based on the ISDs
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calculations at 5 m from the source’s center. Thus, the error is expected to increase
at distances farther away from the source (see discussion in Section 3.3.2).

Chapter 4
Car pass-by auralization - Simple
scenario
The research presented in this chapter is divided in two parts: 1) the development of a methodology for the auralization of a car pass-by1 from discrete source
positions, which are represented virtually by BIRs computed with PSTD; 2) an
investigation into whether the increment between the discrete source positions
can be increased without affecting the perception of the auralizations. Regarding
the second part, in a traffic scenario, many cars pass-by, thus, many IR computations need to be implemented in order to update the transfer functions between
the source and the receiver, which must be then convolved with the car signals to
create the auralizations. The computations of the IRs and their convolution with
the car signals is a time-consuming process. Because large source spacings allow
for fewer IRs computations, less computational storage requirements and fewer
convolutions for the creation of auralizations, it is important to investigate how
large the spacing between the BIRs can be without affecting the perception of the
car pass-by auralization.
In Section 4.1 the computation and processing of BIRs for auralization is presented. The transfer paths between discrete sound source locations and a listener are represented by BIRS computed with PSTD following the method demonstrated in Section 3.4. In Section 4.2 the auralization methodology is described.
Dry synthesized car signal segments are convolved with the binaural impulse responses of the different locations in the street and cross-fade windows are used
1 The literature review of auralization techniques for moving cars was presented in Section 1.3.
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in order to make the transition between the source positions smooth and continuous. Auralizations were performed for the simplified scenarios where buildings
were absent, and for an environment where a long flat wall was located behind
the car. In Section 4.3 a literature review on listening test methodologies for the
evaluation of auralizations is outlined. An introduction to signal detection theory,
which was used for the design and analysis of the listening tests, is presented in
Section 4.4. Next, a subjective evaluation was carried out, which is presented in
Section 4.5, in order to investigate if perception of the auralizations is affected
by the increase of the spacing between the discrete source positions. Finally, in
Section 4.6 the results of the subjective tests are presented and discussed.
It should be noted that for such simple geometries a simpler modeling approach, such as the ISM, is preferable. Such a model can provide accurate results
more quickly and can include the effects of the ground reflection, source directivity and air absorption and it allows the modeling of the Doppler effect [182].
However, for more complex geometries, such as a street canyon, the ISM and
other geometrical acoustics techniques fail to accurately simulate low frequencies.
This limitation of the geometrical acoustics techniques could reduce the accuracy
of the auralizations, because urban noise sources like cars contain a great deal
of energy at low frequencies. Thus, high accuracy at low frequencies could be
of importance (see Section 1.4). The research presented in this chapter is initial
work on auralization using a wave-based method. More complex cases will be
considered in future work.

4.1
4.1.1

Computation and processing of BIRs for auralization
Computational settings

The layout of the 2D discretized domain in PSTD is shown in Fig. 4.1. The reason
that the simulation was implemented in 2D was to limit the computational costs
in order to allow BIRs to be computed at higher frequencies. Due to its computational demands, a 3D simulation would have to be limited to low frequencies for
such a large domain. Two main limitations of the auralization method arise from
the choice of a 2D simulation. The first limitation arises from the fact that the
source and the receiver are at the same height, whereas in reality the main road
traffic noise sources such as tire and engine noise are below ear height (when the
listener is standing). The second limitation is the absence of ground reflection.

4.1 Computation and processing of BIRs for auralization
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These limitations are discussed in detail in Subsection 4.2.3.
Boundary of the
computa�onal domain (PML)
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120 m
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Figure 4.1: Layout of the 2D PSTD domain where S is the source, r n are the receivers
used to simulate the direct sound and r n0 are the receivers used to synthesize
the 1st order specular reflection (mirrored image of r that represents a flat
building façade). The receiver positions were much denser since the BIRs
were calculated at 0.25◦ intervals, but for a better visual demonstration fewer
points were included in the figure.

In the PSTD domain the spatial discretization was set to ∆x = ∆y = c/(2 f max )
and the time step was set to ∆t = ∆x/(2c), where c = 343 m/s is the speed of sound
and f max =9000 Hz is the maximum frequency that the PSTD grid can solve with
two spatial points per wavelength. The parameter w in (Eq. 3.10), which controls
the frequency content of the spatial source, was set to 0.2 in order to avoid Gibbs
phenomena (see Subsection 3.2.5). Therefore, the source spectrum was truncated
to approximately 7.5 kHz.
Thanks to the acoustic reciprocity principle, only one simulation is needed,
in which the modeled source is placed at the physical receiver location and the
receivers r n are placed at actual car positions [147]. Because in this case there
were two receivers (left and right ear), two simulations were executed in parallel.
The source S was placed in the middle of the domain and faced perpendicular to
the line of receivers (see Fig. 4.1). Thus, the auralization was implemented for
the scenario where the listener was placed in the middle of the domain and faced
perpendicular to the direction of the moving source. There were only absorbing
boundaries at the boundaries of the PSTD domain, which were modeled using
a PML with a thickness of 50 grid points. The imaginary receivers r n0 were the
images of the receivers r n mirrored on the imaginary wall, as shown in Fig. 4.1.
These were used to simulate the 1st order specular reflection from the imaginary
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wall. The distance between the source and the line of receivers r n was 5 m as
was the distance between the receivers and the imaginary wall. The BIRs were
calculated at 0.25◦ intervals.

4.1.2

HRTF processing for car pass by auralization

The HRTF source was modeled for the same HRTFs (TU Berlin KEMAR) as presented in Section 3.4. However, apart from the low frequency correction, diffusefield equalization was also applied in order to remove the effects that are not
incident-angle dependent like the ear canal resonance (KEMAR manikin has the
microphones inside the ear canal).
The first step to perform diffuse-field equalization is to calculate the power
average of the HRTFs’ magnitude across all measured positions; the result of the
power average is referred to as the diffuse-field average and is computed with the
following equation:
v
u
N
u1 X
Hd (ω) = t
|Hn (ω)|2 ,
N n=1

(4.1)

where Hd is the diffuse-field average, H is the measured HRTF of position n and
N is the number of positions in the HRTF database (in this research only the

horizontal HRTFs were used to compute the diffuse-field average). The diffusefield average is then inverted to generate the diffuse-field equalization filter, which
is applied to all original HRTF’s. In cases where the diffuse-field average has sharp
peaks, smoothing needs to be applied in order to avoid the creation of artefacts
(see [49] for more details).
Larcher et. al [97] outline three methods for diffuse-field equalization, including the one described above. Diffuse-field equalization causes a flattening in the
spectra of the HRTFs. A disadvantage of the diffuse-field equalization is that it
requires a large HRTF database in order to calculate the optimum diffuse-field
average. In the literature it has also been proposed to calculate the diffuse-field
average using only the horizontal plane HRTFs (horizontal field average) [49],
which is the method implemented in this research.
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BIR post-processing

The modeled source in PSTD did not excite the grid from the time t = 0 s because
the time function that was applied to the spatial distributions (see Subsection
3.2.6) had some zero values at the beginning. In the simulation presented here,
the source excited the grid after 30 ms, thus, the samples before this time limit
were removed from the BIRs.
As in the case of the HRTF calculations in PSTD presented in Section 3.4, the
BIRs calculations also include the characteristics of the basis functions used to
simulate the source directivity (the I SD 00 (solid line Fig. 3.1 (d)) convolved with
the low-pass filter (Fig. 3.5)). Therefore, a compensation filter was designed and
applied as described in the 1st paragraph of Subsection 3.4.3.
Another factor that needs to be considered is that the BIRs were computed in
a 2D simulation grid. Hence, the pressure over distance reduces by a factor of

p
1/ r and not by 1/r (where r is the distance from the source). In order to correct

this, the BIRs were multiplied by the following time-dependent correction factor

p
1/ c t , where c is the speed of sound and t is the time vector of the BIRs samples.

Finally, a reflection coefficient of 0.9 was used for the imaginary wall. This
was applied to the mirrored BIRs (calculations at r 0 in Fig. 4.1) at all frequencies
by multiplying their pressure values (in the time-domain) by this coefficient. A
post-processed BIR is shown in Fig. 4.2.

4.2
4.2.1

Auralization methodology
Dry car signal

Methods for the synthesis of car signals can be found in Subsection 1.3.1. The dry
car signals used in this research were provided by Chalmers University of Technology and were synthesized with the Listen project simulator, which was developed
at the same institute [46]. Three different car signals were used for the auralizations: 1) a car moving at a speed of 50 km/h without its tonal components, 2) a
car moving at a speed of 70 km/h with its tonal components, 3) a car moving at
a speed of 70 km/h without its tonal components. The dry signal of a car moving
at a speed of 50 km/h with tonal components sounded very unnatural, so it was
not used in the auralizations. The tonal components refer to the low frequency
tonal components produced by the engine. Figure 4.3 shows the spectrum of the

72

Car pass-by auralization - Simple scenario

(a)

Amplitude (-)

0.5
0
-0.5
-1
0

0.01

0.02

0.03

0.04

0.05

0.06

Time (s)
(b)

Relative SPL (dB)

10dB

10 2

10 3

Frequency (Hz)

Figure 4.2: (a) Post-processed and normalized right ear BIR for the receiver at 35◦ and
6.1 m from the source including the corresponding mirrored image (see Fig.
4.1) and (b) its frequency response.
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Figure 4.3: Spectrum of a dry car signal (70 km/h) with (grey) and without (black) tonal
components
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Cross-fading between discrete source positions

The goal of the auralization methodology is to achieve a continuous switch between the discrete source positions such that the car is continuously moving along
the line (see Fig. 4.1). The dry car signal was split into blocks of lengths equal
to the time it takes the car to travel from location r n−1 to r n+1 . The signal blocks
were chosen randomly so that they were not correlated (for reasons described
in the following paragraphs of this subsection). Afterwards, a non-symmetrical
cross-fade sine window was multiplied by the signals in order to achieve a continuous and smooth switch between the discrete source positions (see Fig. 4.4
(a)). The windows were designed such that their center is at the location of r n
and their length is equal to the time it takes the car to travel from r n−1 to r n+1 .
The window function is shown in the equation below:

w(n) =

³
´

π n

sin
· N1

2





sin

³

π
2

π
2

+ ·

for 0 ≤ n ≤ N1
(4.2)
n−N1
N2

´

for N1 + 1 ≤ n ≤ N1 + N2 ,

where N1 is the time (in samples) it takes the car to travel from r n−1 to r n and N2
is the time it takes the car to travel from r n to r n+1 . Next, the windowed dry car
signals were convolved with their corresponding BIRs (r n ) and shifted by the time
it takes the car to travel between r n−1 and r n as shown in Fig. 4.4 (b). Finally,
the signals were summed in order to create the final auralization signals (see Fig.
4.5).
The reason that sine windows were used is that the car signal blocks are uncorrelated. Therefore, a sine window needed to be applied in order to achieve an
equal power cross-fade and to avoid audible fluctuations of the signal loudness
(see Fig. 4.4 (a)) [53]. Another cross-fading method that can be used is the one
proposed by Fink et al. [45], in which the cross-fading curves are a function of
the correlation between the signals. However, since the correlation of the signals
(computed with the equations from [45]) in this case was almost zero, the sine
window provided the desired results.
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Amplitude

Figure 4.4: (a) Window functions according to Eq. 4.2 that were multiplied by the dry
car signal blocks. (b) Overlapping windowed car signal blocks convolved with
their corresponding BIR.

Time

Figure 4.5: Final auralization signals for left (black) and right (blue) ears. These signals
were created by adding the signal blocks shown in Fig. 4.4 (b) (which has to
be done for the left and right signal separately).

As mentioned previously, the BIRs were calculated every 0.25◦ . However, the
auralizations with such small spacing produced audible artefacts (repetitive amplitude fluctuations of low frequency noise bursts). This artefact was produced
due to the fast switch between the discrete positions and due to the window function, which assumes that the signals are uncorrelated. However, the short signal
segments contain some correlated components, mainly at low frequencies (i.e.
tonal components shown in Fig. 4.3), which the window did not cross-fade well.

4.2 Auralization methodology

75

For auralizations with the dry car signal moving at 70 km/h with tonal components, this artefact was still present even for a source spacing of 1◦ . The shortest
angular increment that did not produce any audible artefact was 2◦ . For dry car
signals without tonal components, the shortest increment that did not produce
any artefact was 1◦ .

4.2.3

Limitations of the auralization method

The main limitations of the auralization method presented in this chapter are: 1)
the BIRs were computed in a 2D domain and not in 3D; 2) the Doppler effect was
not simulated; 3) car directivity was not incorporated.
Due to the 2D dimensionality, the source and the receiver were at the same
height, whereas in reality the main noise sources in cars are below ear height.
In engineering methods such as Harmonoise, Nord2000 and others [83] the car
is modeled by point sources at different heights (e.g. 0.01 m, 0.30 m and 0.75
m) depending on the vehicle type. Those sources represent the different noise
components of the vehicle i.e. tire, propulsion and aerodynamic noise. The research conducted by Jonasson et. al [83], as part of the Harmonoise project,
concluded that for cars pass-by the 0.3 m source height gives a good fit (in terms
of A-weighted SPL) with measurements up to 800 Hz, and the source height of
0.01 m provides a good fit at 2 kHz and above (for frequencies in-between they
suggest that a good fit can be achieved by weighting the two heights).
Another limitation of the auralization method arising due to the 2D dimensionality is that ground reflection is absent because the ground is not included in
the simulation. The scenario presented in this chapter is a close approximation of
a source on a dense asphalt ground surface.
The frequency of the sound wave arriving from a moving source to a moving receiver, which may also be moving, is affected by their speed and moving
direction. When the source moves towards a receiver, the wavefronts generated
from the source are compressed until the point where the source passes-by the
receiver, which makes the received frequency higher (see Fig. 4.6), and thereafter the wavefronts are expanded, which makes the received frequency lower.
The same effect occurs when the receiver moves towards the source, and in this
scenario the received frequencies become higher as the receiver approaches the
source and lower after the receiver passes-by and moves away from it [164, 193].
This well-known effect is referred to as the Doppler effect. The frequency shift of
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a moving source and a static receiver at any observation point can be computed
with the following equations:
Source moving toward the receiver (Fig. 4.6):
f0=f

c
,
c − u cosθ

(4.3)

Source moving away from the receiver:
f0=f

c
,
c + u cosθ

where f 0 is the shifted frequency, u is the speed of the moving source, c is the
speed of sound and θ is the angle formed by the observer, the source, and the
direction that the source is headed [131].
Moving source

u

Source path

θ

Receiver

Figure 4.6: Doppler effect. The circles represent the spherical wavefronts generated from
the moving point source (small black dot).

In a reverberant environment the Doppler shift on the direct sound is different from the shift on the reflected sound. Therefore, the receiver perceives
different frequency shifts between the direct and indirect sound [135, 181, 182].
The Doppler effect is also affected by a moving medium (e.g. due to atmospheric
wind and turbulence) [160].
When the Doppler effect is included in the auralization the system basically
becomes time variant. That means that the IR from a location of the moving
source no longer contains all the information regarding the acoustic behaviour
between the moving source and the receiver. The Doppler effect is a dynamic
effect and cannot be modeled by switching between static sources as in the car
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pass-by methodology developed here [93]. Thus, further processing is required
to simulate the Doppler effect.
In the auralization and virtual acoustics literature, simplified methods have
been developed to model the Doppler effect using variable delay lines and interpolation of the signal (asynchronous resampling process) [148, 160, 176, 182].
These methods have potential applicability here. The Doppler shift can be applied
to the dry car signals blocks, but it should be ensured that the same Doppler shift
is applied in both signals in the overlapping region (see Fig. 4.4).
As mentioned at the beginning of this chapter, the purpose of the listening
experiments (described in detail in Section 4.5) is to investigate the audibility of
switching between the discrete source positions when the distance between the
discrete source positions is increased. The Doppler effect is a parameter that will
affect the perception of the auralized signals, but as mentioned previously the
main focus of the listening tests presented in this thesis is the perception of the
switch between the discrete source positions. Thus, it was decided to exclude the
Doppler effect from the listening tests stimuli and focus entirely on the switch
between the discrete source positions. The impact of the Doppler effect on the
perception of the switch between the discrete source positions when the source
increment is increased was left for future work.
Directivity of the car source was not included in the simulation. However,
the source directivity could have been modeled by making use of the approach
developed in engineering methods such as Harmonoise and Nord 2000 [82, 83].
In these methods directivity functions have been developed, which approximate
measured data, and these functions are applied to the point sources used to model
vehicle noise. These directivity functions can be decomposed into SH weights and
can then be incorporated into PSTD, as presented in Chapter 3. However, in this
simulation the acoustics reciprocity is used (the source with the directivity of the
HRTFs is placed at the physical receiver location and the receivers r n are placed at
actual car positions (Section 4.1.3)), in order to calculate all the BIRs with a single
run. Therefore, a different approach needs to be used. The method developed
by Sheaffer et al. [169, 170] could be a potential solution. Firstly, the sound
field in locations surrounding each of the receivers should be calculated using a
volumetric array of receivers (similar to a spherical microphone array). Next, the
spherical harmonic transform needs to be applied in order to approximate the
plane wave density function, and finally, the synthesis of the directivity needs to
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be performed in the spherical harmonic domain. Therefore, the effect of the car
directivity can be modeled in the post-processing stage.

4.3

Introduction to subjective tests for the evaluation of
auralizations

There is no standardized way to evaluate an auralization. Thus, different methodologies have been used depending on the quality of the auralization that is being
assessed. Many of those evaluation methods have been used previously to conduct research in other fields. These subjective evaluation approaches can be split
in two main categories; direct and indirect scaling methods. In direct scaling
techniques the subjects are asked to directly convert their judgment into a magnitude estimation and note it on a scale [11, 201]. Indirect methods measure the
subject’s ability to distinguish differences between two or more stimuli. Some
popular listening test methods are the paired-comparison, ABX-test, 2 and 3 alternative force choice (AFC), double-blind triple stimulus and the MUSHRA test.
Parts of this section are based on the book by Lawless on sensory evaluation of
food [98]. An overview of the methods presented in this section can be found in
Table 4.1
Indirect scaling tests are used when the researcher would like to evaluate
whether two stimuli are perceptually different e.g. a room acoustic auralization
using measured vs modeled IRs. They can also be used to evaluate differences
between a specified attribute of two signals e.g. externalization performance of
auralizations using individualized vs non-idividualized HRTFs. It is recommended
to perform preliminary tests in order to gain a first impression of the difference
between the stimuli that are to be evaluated. If the difference between the stimuli
is large, indirect methods are not recommended because the results will be useless. In such a scenario it is recommended to use a direct scaling method in order
to estimate the level of difference between the tested stimuli [98].
A popular listening test methodology for the evaluation of auralizations is
the paired-comparison (AB-comparison). In such a test the subject is presented
with a pair of stimuli (A and B). The task could be to indicate whether the two
sounds are the same or different (same/different task) without specifying the
attribute upon which they should base their judgment, which means that if the
signals are rated as being different the experimenter will not know the nature of
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that difference [98]. Therefore, subjects are not required to be trained on how
to evaluate a particular attribute such as realism, spaciousness etc. The test is
considered one tailed, meaning that the experimenter knows the correct answer
in advance. If the experimenter is looking for differences in a specified attribute
(e.g. which is more spacious, A or B?) the subjects need to be trained in order
to fully understand how to identify that particular attribute. This type of test is
named 2-AFC. At every trial in paired-comparison tests the probability of choosing
sample A is equal to choosing sample B simply by guessing [98].
Two other commonly used indirect methods are the 3-AFC and ABX. The 3AFC test features three stimuli, which are presented in random order. Two of
the stimuli are the same and one is different. Subjects are asked to point out
which of the 3 samples is different. It should be noted that the task can be to
point out which of the 3 samples is different based on a specified attribute e.g.
reverberation, tonality. In every trial there is a 33.3% possibility for the subject to
select the right answer by guessing. Therefore, if 66.7% of a subject’s answers are
wrong, it would mean that the subject could not identify any difference between
the stimuli [98]. In the ABX test, the subject is again presented with 3 stimuli of
which X is the reference and either A or B is equal to X. The task is to indicate
which from A or B is equal to X. The probability of providing a correct answer by
guessing is 50%.
Direct scaling methods involve the use of numbers to assess perceived attributes and differences of the test stimuli. Subjects are presented with a stimulus
and are asked to reflect their perception of the specified attribute or list of attributes (e.g. spaciousness, realism) on a scale. The experimenter should ensure
that test subjects understand the attribute that they need to evaluate. Training
subjects to ensure a good understanding of the attributes may be performed [98].
Popular scaling methods are line marking and category scales. In line marking the
amplitude of a specified attribute is marked on a continuous scale. Usually, only
the endpoints of the line are labeled, but sometimes intermediate labels are also
used (e.g. Rate the difference in externalization of signal A vs B on a line where
the lower end point is labeled as "very different" and the higher "very similar").
The response is then defined as the distance of the mark from the endpoint (usually the lower one). In category scaling the intensity of the sensation is marked on
a discrete line that can consist of check boxes, phrases, or integer numbers. (e.g.
Rate the difference in externalization of signal A vs B on a vertical line of increas-
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ing numbers from 1 to 10 where the lower end point is labeled as "very different"
and the higher "very similar"). Labels in line marking and category scaling should
use terms that are easily understandable.
Two direct scaling listening test methodologies that have been developed for
the subjective assessment of audio coding systems are the double-blind triple stimulus, which is the recommended method presented in ITU Recommendation BS.
1116 (ITU-R BS. 1116) [76], and the multiple stimulus with hidden reference
and anchors (MUSHRA) [78], which is presented in ITU-R BS. 1534 [78]. In the
double-blind triple stimulus method the subjects are presented with three stimuli
(A, B, C) where C is the reference and either A or B is equal to C. The task is to
identify which from A or B is the hidden reference and grade how much A or B
differs from the reference on a 5-point impairment scale. Scales should be continuous based on the recommendations of ITU-R BS.1284-1 [77], with a resolution
of one decimal point. Subjects can pick only one slider to rate the difference (e.g.
if they move the slider of A to 4 the slider of B will be at 5 (’imperceptible’),
indicating that B is the hidden reference). In the MUSHRA test the listeners are
presented with multiple stimuli of which one is the hidden reference and one is
the hidden anchor. The hidden anchor is a low pass (cut-off at 3.5 kHz) version
of the reference signal. The subjects are asked to play the stimuli presented and
rate their difference compared to the reference. Subjects are expected to rate the
hidden reference with the highest value and the hidden anchor with the lowest.
Those two extreme stimuli are used in order to encourage the subjects to use
the whole rating scale. In contrast to the double-blind triple stimulus method,
MUSHRA tests use a continuous scale with intermediate labeling. Also, MUSHRA
is a sorting and grading process whereas double-blind triple stimulus is a detection and grading process. Due to the sorting and grading process, MUSHRA tends
to yield more consistent inter-subject data compared to the double-blind triple
stimulus. The main limitation of MUSHRA is that it cannot guarantee that subjects are not simply guessing. Therefore, if the differences between the stimuli
are very difficult to detect, it is recommended to use a double-blind triple stimulus test [78]. Both of these methodologies have been used for the evaluation of
auralizations.
In the following paragraphs of this section examples of listening test methodologies used for the evaluation of auralizations are presented. The main focus is
the test methodology and not the outcomes of the experiments.
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Lokki and Järveläinen [111] performed a listening test in order to assess the
difference between room acoustic auralizations using the DIVA auralization software [165] and real recordings. Subjects were presented with 24 sound pairs
(recording vs auralization). Eight of these pairs were pseudo-pairs (A&B signals
were the same) in order to check for reliability or possible bias. Afterwards, the
subjects rated the samples according to sound source location, externalization,
sense of space and timbre on a scale from 1 ("very different") to 5 ("very similar").
Malecki et. al [119] used the paired comparison-method for their research on
the assessment of auralization reproduction via multi-channel systems. Two sets
of signals were compared: a) recordings of dry signals (musical samples) inside
the examined room, b) signals that were prepared using convolutions of the dry
signals and the IRs of the examined room. The test subjects were presented in
each trial with two signals and were asked to judge if they were different or not
(same/different task). After that they were asked to rate the difference on a scale
of 1-5 (this was not a mandatory step). Subjects were not given any information regarding which is the recorded or the convolved signal. Lindau et al. [106]
used paired-comparison to test if subjects could distinguish differences between
the natural presentation of a sound via loudspeakers inside a room and an auralization using measured BRIRs of that room played via transparent headphones
which were worn by the subjects during the whole test duration. Subjects were
presented with a pair of sounds (one was played via the speaker and the other
was the simulation via headphones) and had to indicate which stimulus was the
simulation. Upon completion of the test, subjects had to fill out a questionnaire
where they stated which attributes they used to discriminate between real sounds
and simulations.
Otondo and Rindel [137] developed a method to represent virtual sound
sources that vary their directivity over time. They performed a 2-AFC test where
subjects had to evaluate the quality of the auralization using their method compared to an auralization with sources that had a fixed directivity. Subjects were
presented with a pair of clarinet auralizations. One auralization was created using their method and the other had a fixed directivity. Subjects had to select one
preferred stimulus in each trial according to their perception of spaciousness of
the modeled room and the naturalness of the clarinet’s timbre. The reason that
they chose those two attributes was that their previous work showed that those
two attributes are easily understandable by the subjects [136].
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Masiero [120] performed a 3-AFC test to evaluate if auralization using bin-

aural reproduction via individually equalized headphones is equally authentic as
an auditory event generated from a real loudspeaker. Listeners wore headphones
during the whole duration of the test as in the Lindau et al. [106] experiments.
Wearing the headphones leads to a significant attenuation of frequencies above
2 kHz, but by removing them this experiment would be impossible. The subjects
were presented with 3 stimuli, of which two were played via the loudspeaker and
one via headphones, or the other way around. Listeners had to indicate which of
the 3 stimuli were different without basing this judgment on a specified attribute.
No instructions were given prior to the test on the kind of differences that subjects
should pay attention to.
Lindau et al. [107] investigated the minimum BRIR grid resolution for dynamic binaural synthesis. They looked into finding the maximum angular increment where cross-fading between the BRIRs would be inaudible both in azimuth
and elevation positions. They performed an adaptive 3-AFC test where the two
signals were the reference 1◦ resolution and the reduced resolution. The BRIR resolution in the presented stimuli was adapted based on the responses of the subject
(whether they could recognize the difference or not). The resolution tested was
changed according to a maximum likelihood method [143].
Lindau et al. [105] performed double-blind triple stimulus tests for the evaluation of headphone equalization methods. Headphone equalization depends
mostly on the coupling between the individual’s ears and the headphones. Most
of the open type headphones work as a volume cavity system for frequencies
below 4 kHz, and above this frequency standing waves are created [121]. Headphone equalization minimizes those physical effects on the sound field between
the headphone and the eardrum resulting in better externalization [87]. The
headphone equalization is implemented first by measuring the headphone transfer function (HpTF) with the use of miniature microphones inside the listener’s
ears and then the equalization filter is computed by inverting the measured transfer function. Lindau et al. evaluated three equalization methods: individualized,
generic and non-individualized. Individualized equalization was conducted using
the individuals’ HpTF. For the generic equalization, they used the average HpTFs
of multiple individuals, and for the non-individualized equalization they used a
HpTF measured with a HATS. The reference signal was generated from a real
loudspeaker. The task was to compare signals A and B, of which one was the hid-

4.3 Introduction to subjective tests for the evaluation of auralizations

83

den reference, against the reference signal and rate the difference using a slider
on a scale from 1-5 with endpoints ’identical’ and ’very different’. Only one of the
sliders could be moved from their initial points.
Lokki and Savioja [112] performed double-blind listening tests to validate the
authenticity of auralizations created with the DIVA auralization software [165].
Since the double-blind triple stimulus test only provides information on whether
the stimuli are different or similar and it does not give any information regarding
the nature of the difference, the researchers also studied the spatial and timbral
differences between recorded sounds and simulations. Subjects were told to judge
spatial differences between the recorded (authentic) sounds and the simulated
auralizations based on source location, reverberation time and size of space and
timbral differences based on frequency content and the color of sound.
Borß and Blauert [20] conducted a MUSHRA test to validate their methodology for the auralization of near-field sources. This near-field effect is related to
the HRTFs, which are both angular and distance-dependent (HRTFs vary substantially for distances below 1 m providing a distance cue at near distances) [24].
The near-field binaural room impulse responses (BRIRs) were synthesized by manipulating the HRTFs of the direct part of the BRIRs using their proposed method,
which predicts a near-field HRTF based on a far-field HRTF. They compared auralizations created with the BRIRs modeled with their method against auralizations
created with two other BRIRs. The researchers slightly altered the conventional
MUSHRA method by changing the hidden anchor. Instead of using a low-pass
filtered version of the reference signal as the method’s standard states, they used
an auralization created with a BRIR computed at a distance two times greater
than the one tested. Furthermore, they developed a new category rating scale
for small to moderate differences. In addition, the verbal anchors on the scale
followed those of Borg’s CR10 scale [19].
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3-AFC

2-AFC

yes/no
same/different

Test name

Direct

Indirect

Indirect

Indirect
Indirect

Scale
category

A1 -An , Ref, Hidden-Ref,
Hidden-Anchor

Ref-A, A, B or Ref-B, A, A

A, B, A or B, A, B

A, B

A or B
Ref-A, A or A, B

Answer Yes or No based on a criterion.
Chose if stimuli are same or different
Select A or B based on a criterion or
the most specified attribute
Chose which of the 3 samples is the
different one (attribute can be specific or not)
Choose which sample is different and
rate the difference on a numerical scale
Rate differences of the test stimuli
against the reference.

Task

Table 4.1: Listening test methods for evaluation of auralizationsb .

double/blind
triple stimulus
Direct

Samples presented
at each trial

MUSHRA

N/A

N/A

1/3

1/2

N/Aa
N/Aa

Chance
probabilty

[20]

[105]

[107, 120]

[106, 137]

[108]
[119]

References

a The chance probability may not be equal to 1/2 because the criterion may be set by the individual subject [98].
b The method of Lokki and Järveläinen [111] should also be mentioned here, which is a paired-comparison where subjects had to rate the
difference of multiple attributes between the modeled and measured auralizations. It was not included in the table because it does not belong to a
main test category.
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Signal detection theory

Signal detection theory (SDT) was used in this thesis for the subjective evaluation
and analysis, and its basics features are presented in this section.
Decisions made during a listening test take place under some uncertainty and
can be influenced by multiple parameters which might not be directly related to
the stimulus properties. For example, in a signal-in-noise detection test where
subjects have to respond with "Yes" if they hear a signal and "No" if they do not,
some subjects might be more willing to choose "Yes" over "No" (be more liberal)
or the other way around. SDT is a framework to analyze and explain the response
of a subject in psychophysical tasks [116].
SDT was initially developed to detect planes from noisy radar measurements
during World War 2 [150]. Later, it was used in various disciplines such as speech
perception, audiology and psychology [102, 116]. Lindau et al. [108] also used it
for the evaluation of auralization plausibility.
The basics of SDT will be explained using a signal-in-noise detection test example. Assuming that the subjects are presented with a set of noise stimuli of
which some include another signal component e.g. a tone, if the subject is presented with a Noise + Signal stimuli and responds "Yes" (hears the signal), then
this is considered a hit. If the response is "No", then it is a miss. If in a test trial
with the Noise stimuli the response is "Yes", then this is considered a false-alarm,
and if it is "No", it is considered a correct rejection. See the response matrix in Table 4.2. In standard SDT approaches the sensory distributions of Noise and Noise
+ Signal are both normal (Gaussian distribution) [116,179] as shown in Fig. 4.7.
A fundamental measure of difference in the perception of the two stimuli is the
d 0 , which is also referred to as sensitivity. d 0 is basically a measure of the subject’s

ability to recognize the difference between the samples and is expressed by the
distance between the means of the two distributions (Noise, Noise + Signal) in
units of their standard deviation, as shown in Fig. 4.7 [6, 116, 179]. If there is
no perceived difference between the stimuli, d 0 will be equal to zero (the two
distributions will overlap completely). If the signal is not completely masked by
noise and subjects can detect it, the distribution Noise + Signal is expected to
shift to the right. To compute d 0 the percentage of hit and false-alarms needs to
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be known. In a Yes/No task d 0 is computed with the following equation:
d 0 = z(H ) − z(F ),

(4.4)

where H and F are the hit and false-alarm rates respectively and z is the inverse
cumulative normal distribution [116].
Table 4.2: Signal detection theory stimulus response matrix.

Subject responds "Yes"

Subject responds "No"

Hit

Miss

False-alarm

Correct rejection

Noise + Signal
Noise

Probability

d'
Noise
distribution
Noise + Signal
distribution

Internal response

Figure 4.7: Internal response (subject’s decision) probability functions for Noise and for
Noise + Signal trials. x-axis is given in units of the standard deviation.

SDT takes into account the structure of every test and their discrimination
difficulty in the computation of d 0 [102, 116]. The computation of d 0 depends
strictly on the cognitive process used in the test [101,102,104,116]. For example,
a subject will perform better in the Yes/No task than in the same/different task
(process would be easier in the Yes/No task) due to the different cognitive strategy
used in those two tests [116]. The full explanation and derivation of the formulas
for the computation of d 0 for different test methods can be found in Macmillan
and Creelman [116] and a briefer version is included in Liang et al. [104].
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Subjective test set up
Reference increment

The initial plan was to use the angular increment of 1◦ , which is the minimum
audible angle in the horizontal frontal plane [16], as a reference increment. Minimum audible angle, which is both dependent on the type of stimulus and the
direction, is the smallest angular separation that humans can detect between two
sound sources. However, since the 1◦ increment produced artefacts, especially
in the auralizations with the car signal with tonal components (see Subsection
4.2.2), it was not used as the reference increment.
The angular increment of 2◦ was chosen as a reference for all test conditions.
As mentioned in Subsection 4.2.2, the 2◦ increment was the smallest angular
increment that produced a smooth and continuous cross-fade for cars moving at
speeds of 50 km/h and 70 km/h (including the tonal components).
It should be noted that 2◦ is also very close to the lowest reported minimum
audible movement angle (MAMA) [25, 26, 145]. MAMA is defined as the minimum angular distance that a source needs to move in order for it to be discriminated from a static source or a source moving in the opposite direction [26]. Reported angles of MAMA vary between 1.5◦ -21◦ and are dependent on the velocity
and the bandwidth of the moving source [25]. MAMA decreases with frequency
bandwidth and increases with velocity. Also, the review conducted by Carlile and
Leung [25] based on the previous work of [22, 51, 52, 58, 145] suggests that the
MAMA is 2 to 3 times larger than the minimum audible angle of a static source
in the horizontal plane when measured under the same conditions. This supports
the conclusion that the choice of 2◦ as the reference increment is also a sound
choice from the MAMA perspective.

4.5.2

Test signals

The reference auralization was compared against different increments for the test
scenarios with buildings absent and with a long building block with flat wall behind the car, and for different speeds and car signals, as presented in Table 4.3.
Those test signals were selected based on pilot tests with 3 subjects. The preliminary test aimed to indicate the difficulty of detecting the difference between
the auralizations with the reference increment and the auralizations with larger
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Table 4.3: List of the 11 different test conditions and their notation.
Speed

Tonal component

Building absent or with

Increments

Test condition

◦

(km/h)

in car signal

building block

tested vs 2

notation

50

No

Buildings absent

4, 6, 8, 10

50NA4, 6, 8, 10

50

No

Building block

4

50NB4

70

No

Buildings absent

4, 6, 8

70NA4, 6, 8

70

Yes

Buildings absent

4, 6, 8

70TA4, 6

increments in order to aid in the selection of the test signals that would be used
in the main test. For the environment with a long building with flat wall behind
the car (modeled with the mirrored image calculated at r n0 in Fig. 4.1) only one
increment of 4◦ was tested, because results from the preliminary test showed that
when the spacing between the sources was increased it was easier to perceive the
difference due to the comb filter effect caused by the reflection (see Fig. 4.2).
The 70NA and 70TA were not tested for 10◦ increment in order to shorten the
duration of the test.
In Fig. 4.8 the spectrum of the signals compared in test condition 70NA8 (car
moving at a speed of 70 km/h in an environment where buildings are absent and
for a car signal without tonal components where the 8◦ increment is compared
against the 2◦ reference) are plotted. The spectrum of the two test signals is very
similar. Differences are noticeable at low frequencies below 50 Hz.
Since the signals will be compared against each other in a same/different task
(see Subsection 4.5.3), short signals will make the task easier for the subjects
(low short-term memory load). Therefore, the test signals from Table 4.3 were
truncated for a moving distance from -28.8 m left to 28.8 m right from the subject
even-though the length of the simulation grid was 120 m (Fig. 4.1). This truncation led to test signals of 2.9 s for the speed of 70 km/h and 3.9 s for 50 km/h.
The sound files were stored in WAV format at 44.1 kHz and 32 bits.

4.5.3

Test methodology and test interface

A same/different test [101] was conducted in which the subjects were presented
with two stimuli and had to indicate whether the stimuli were the same or different. The reason that a same/different test was chosen is that the task is subject-
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Figure 4.8: Spectrum of auralization signals of test condition 70NA8 (car moving at a
speed of 70 km/h in an environment where buildings are absent and for a
car signal without tonal components where the 8◦ increment (grey line) is
compared against the 2◦ reference (black line))

friendly because the responses "same" and "different" are familiar and easily understandable [104]. The design and the analysis of the test was based on SDT (see
Section 4.4). Each of the 11 test conditions presented in Table 4.3 consisted of 50
trials; 25 of those trials were reference vs reference and 25 reference vs larger increment (the reference stimuli were always played first). Each test condition was
tested individually; i.e. subjects had to complete 50 trials of that condition in one
run. For every subject the test conditions order and the trials of each condition
were randomized.
The test interface was programmed in Cycling ‘74 Max 7. The stimuli were
played once with a 200 ms break between them. After the end of the second stimulus, the window shown in Fig. 4.9 (a) appeared where the subject had to reply
"Same" or "Different". After the subjects responded, the window shown in Fig. 4.9
(b) appeared and the new pair of signals was played automatically. Subjects could
stop the stimuli by pressing the "Break" button. The subjects were only allowed to
listen to each trial once. Subjects were given both oral and written instructions.
The written instructions are presented in the "Informed consent form" in Appendix
A.1, which was handed to the subjects before the test. Subjects were encouraged
to take as many breaks as they wanted. They were also given the opportunity to
stop the test and continue on another day if they felt tired. After completing the
50 trails of each test condition, they were asked to write a short feedback on how
difficult they found the test and how they identified the differences between the
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stimuli. This step was not mandatory.
The test was implemented inside a quiet room at TU Eindhoven. The stimuli
were presented via Sennheiser HD 800 headphones, which were connected to a
laptop via the E-MU 0204 USB audio interface. The maximum sound level that
the subjects were exposed to was approximately 84 dB(A) (instantaneous sound
level), which occurred when the car was directly in front of the receiver (max
peak in Fig. 4.5). Subjects were asked if the level was comfortable for them,
and they were allowed to decrease or increase it. However, their chosen level
had to remain the same over the whole duration of the test. On average, subjects
completed the 50 trials of each test condition within 7-8 minutes, and the total
test duration was around 1 hour 40 minutes including breaks.

Figure 4.9: Test interface in Max 7. (a) Answer window which appears after the stimuli
are played and (b) the window while the stimuli are played which appears
after the subject responds.

4.5.4

Test subjects

Fourteen subjects participated in the listening test. One subject quit the test after
20 minutes because (s)he claimed that (s)he was unable to perceive any differences between the stimuli. Therefore, the analysis is based on the 13 subjects
who completed the tests. Four subjects completed the test in two different days
because they found the task demanding and required a long break. They were
strictly advised not to discuss the experiments with other subjects. From the subjects 10 were male and 3 were female. The average age of the participants was
34.2 years. Ten of the subjects had participated previously in a perceptual test.
Eleven of those subjects have a profession related to sound and acoustics. None of
the subjects reported any hearing problems. Ten of the subject were fine with the
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playback level (maximum instantaneous SPL of 84 dB(A), one of them reduced it
to 79 dB(A), one to 81 dB(A) and one increased it to 86 dB(A).

4.6

Results and discussion

In Section 4.4 the basics of SDT are explained. The sensitivity d 0 is a measure of
the subjects’ ability to identify whether the stimuli are the same or different; the
greater the d 0 , the more sensitive the subjects are in recognizing the differences.
The equation to compute d 0 for the same/different test conducted here is shown
below and is taken from Chapter 9 of Macmillan & Creelman [116]:

pc = Φ

³ z(H ) − z(F ) ´

2
³1n
o´
p
d 0 = 2z
1 + 2p c − 1
2

(4.5)

where p c is the unbiased proportion correct, H and F are the hit and false-alarm
rates, Φ is the cumulative normal distribution function and z is the inverse cumulative normal distribution. The hit in the same/different test is defined when
the two stimuli are different and the response is "Different". The false-alarm is
defined when the stimuli are the same and the response is "Different".
The d 0 for every test condition, shown in Table 4.3, was computed separately
for each subject. Figure 4.10 demonstrates with Box-and-Whisker plots the d 0
scored in every test condition. In Fig. 4.11 the d 0 scores for every subject are
plotted (each colored marker represents a different test condition). The data
plotted in Fig. 4.10 and Fig. 4.11 are shown in Table A.1 in the Appendix A.2.
Here, the limit to consider two auralizations to be different was d 0 ≥1, which is a
limit commonly used in literature (see [99]).
Results show that differences exist, but they are difficult to notice. On average,
from all test conditions 52.3% (average of the numbers in the parentheses in Fig.
4.10) of the subjects scored d 0 < 1, meaning that they found it very difficult to
identify any differences between the reference auralizations and the auralizations
with larger increments. Subject 8 scored d 0 <1 in two test conditions and subjects
6, 7 and 13 scored d 0 <1 in four conditions. The rest of the subjects scored d 0 <1
on average in 6.8 test conditions. Generally, the subjects did not score a higher d 0
in the test conditions with larger angular source spacing, as seen in Fig. 4.11. For
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(54%)

(46%)
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Test conditions

Figure 4.10: Box-and-Whisker plots of the d 0 scored for every test condition (x -axis). The
plot shows the lower and upper quartile values, and the median value (red
line). The whiskers represent the remainder of the data. The numbers in the
parenthesis show the percentage of subjects who scored d 0 <1.

example, subject 12 scored d 0 >1 for the conditions 70TA4 and 70TA6 showing a
good discriminability, but scored d 0 =0 in the 70TA8 condition. Multiple examples
like the one described previously can be observed in Fig. 4.11 and Table A.1.
Paired t-tests were also conducted in order to investigate if there were significant differences between the discrimination performance of the test conditions
with the same reference auralization i.e. between the test condition shown on
each row of Table 4.3 e.g. 70TA4 vs 70TA6, 70TA4 vs 70TA8, 70TA6 vs 70TA8.
The p-values were larger than 0.05 (varied between 0.35-0.82), meaning that
there are no significant differences between them. This is also visible in Fig. 4.10
from the amount of overlap between the box-plots of the test conditions with the
same reference auralization. Before performing the t-tests, Kolmogorov-Smirnov
tests were conducted to test for normality. The p-values varied between 0.32-0.99,
so the assumptions to conduct the t-test were met. T-tests were also conducted
between the test conditions with the same angular increment that have a different
reference auralization. In all conditions p>0.05. The smallest p-values were at
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Figure 4.11: Plot of the d 0 scored by each subject for the 11 different test conditions. The
colors represent the first 3 columns of Table 4.3 (speed, car signal, building
block behind the car or not). Black: 50NA, Blue: 70NA, Red: 50NB, Green:
70TA. The markers represent the angular increments. Square: 4◦ , Diamond:
6◦ , Triangle: 8◦ , Dot: 10◦ .

50NA8 vs 70NA8 (p=0.066) and 70NA8 vs 70TA8 (p=0.075), the other values
were >0.35.
The results highlight three main aspects:
1. Speed and tonal components do not affect the results.
2. The specular reflection also did not play a role in the perception of the
switch between the BIRs of larger increment. However, the maximum angular increment was limited to 4◦ (condition 50NB4), whereas in the other
conditions it was limited to 8 or 10◦ . This result was unexpected because
the subjects who participated in the preliminary tests could detect the differences in this scenario much more easily. The subjects who participated
in the preliminary test were subjects 8 and 12. Subject 8 scored the highest
d 0 of all subjects, whereas subject 12 performed similarly to the rest of the

subjects.
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3. The fact that there is no significant difference in discriminability scores between the test conditions with the same reference signal between the lowest
angular increment and the highest suggests that the increment might be further increased without affecting the subjects’ perception.
In the feedback that all subjects gave after each test condition and at the end

of the test, 10 out of 13 subjects mentioned that it was very difficult to perceive
any differences, and as such in many cases they simply guessed. All of the subjects
mentioned that the task was demanding and that they had to be very focused to
identify any possible differences. This finding could also be an indication that subjects may have lost interest during the test soon after the task revealed itself to be
so demanding. However, the results did not indicate any rise or drop of the subjects’ performance with time. Subjects also wrote other remarks on the feedback
forms, but it was not possible to extract any solid information because the responses were very random. Also, the performance of the subjects who completed
the test in two days did not vary. Finally, the results are valid for the levels used in
this listening test. It might be possible that at higher levels the spectral differences
at low frequencies between the reference auralization and the auralizations with
larger source angular spacing (see Fig. 4.8) could be more perceivable, thereby
making the task easier.

Chapter 5
Car pass-by auralization - Urban
scenario
In this chapter the methodology presented in the previous chapter for the auralization of a car pass-by is extended for a car pass-by in an urban canyon. The
BIRs were measured and simulated with geometrical acoustics methods using
the ODEON acoustics simulation software. PSTD was not used for the modeling of BIRs because of the computational expense arising from the 3D domain
being very large, which restricts the method to low frequencies. Even-though geometrical acoustics methods have limitations, especially at low frequencies (see
Subsection 1.2.1), they were used because they are computationally efficient. In
Section 5.1 the measurement methodology and post-processing of the measured
BIRs is described. In Section 5.2 the modeling method is presented together with
the post-processing of the modeled BIRs. Next, in Section 5.3 the same subjective test as presented in Chapter 4 was conducted for auralizations inside the
urban canyon. There was no direct comparison between the auralizations with
measured and modeled BIRs, perceptual tests with both methods were done separately. Finally, in Section 5.4 the results from the subjective tests are presented
and are compared against the results from the listening tests presented in Chapter
4.
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Impulse response measurements in an urban canyon

5.1.1

Test site

The test site where the measurements took place is shown in Fig. 5.1. The test
site is located in the outskirts of Eindhoven in an industrial area. The reasons that
this test site was selected are: 1) the geometry of the canyon between the long
building and the four smaller buildings (buildings heights between 11-13 m) is
very similar to an urban canyon, 2) it is located away from residential areas, which
allowed the source to be played at high levels thereby achieving a higher signalto-noise ratio, 3) on the weekends the site is closed so no pedestrians or cars pass
through the street. The test site consists of logistics warehouses. Permission to
conduct the measurements was given by Jan de Rijk logistics, who are based on
the site.

Figure 5.1: Aerial view of the test site (Map data ©2017 Google Netherlands). The street
where the measurements were implemented is marked in red.
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The main noise sources in the area are:
1. Traffic noise from the highway located 270 m from the site.
2. Construction noise coming from approximatively 170 m away (coming from
the bottom right building in Fig. 5.1). The main noise source was drilling,
although it was not constant.
3. Plane flyovers at a frequency of 5-10 minutes for a duration of 30-45 s.
4. Intermittent wind noise.
5. Intermittent loading and unloading of the trucks from building E (see Fig.
5.2).
It is known that noise sources can have a negative impact on the quality of the
measurements because they add noise into the measured IRs. In Subsection 5.1.3
the measurement procedure is described together with actions taken to minimize
the effect of those noise sources in the BIR measurements.

5.1.2

Measurement set up and equipment

The measurement equipment is listed in Table 5.1. A Toshiba laptop running on
Windows 8 and the Dirac impulse response and analysis software were used for
the measurements. The output of the laptop was sent to the Triton sound card
via a USB cable and the output of the sound card was connected to the Amphion
power amplifier. The signal from the amplifier was sent via 2×20 m Speakon
cables to the dodecahedron source. The outputs from the two ear microphones
of the HATS were sent via 4×50 m BNC cables via the sound-card to the laptop.
The level of the amplifier was set to -5 dB and the output level from the Dirac
software was set to -3 dB. The laptop and the amplifier were placed on top of a
trolley so that they could be moved.
At octave-bands below 1 kHz the dodecahedron source becomes almost perfectly omnidirectional and above 1 kHz the source becomes highly directional.
The source is somewhat omnidirectional in the 1 kHz octave band. Specifically,
there is almost a 4 dB difference between angles in the directivity pattern of the
1 kHz octave-band [56]. More information about the directivity of the dodecahedron source can be found in Hak et al. [56].
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Table 5.1: Measurement equipment.

Equipment type
Laptop

Details
as

Toshiba satellite with Windows 8

Measurement software

Acoustics Engineering-Dirac

Battery

Goal Zero, model Yeti 400

Dedecahedron source

B&K Omnipower source 4292-L

Power amplifier

Acoustics Engineering-Amphion

Sound card

Acoustics Engineering-Triton +10 dB gain

HATS

B&K 4128-C

Humidity meter

Rotronic hydrolog HL-10

Wind instrument

Windmate WM-200

Cables

4×50 m BNC, 2×20 m Speakon cables

A detailed description of the test site and the measurement plan can be found
in Fig. 5.2. The source was placed on the ground on top of a 4 cm thick rubber
panel and was not rotated during the measurements. The distance between the
lowest speaker of the source and the ground was approximately 10 cm (the center
of the dodecahedron source was approximately at 30 cm). The reason for this
position is that it allowed BIRs to be captured from a near-to-ground location
in order to use them for auralizations of a car pass-by where the main noise
source for speeds above 30-40km/h comes from the tires [7, 17, 73, 82, 83, 90].
However, this approach is not ideal and highlights a significant limitation in the
auralization of moving cars, since as mentioned in Subsection 4.1.3, the main
noise sources that make up the car sound (exhaust, motor, tire and aerodynamic
noise) are located at different heights. For this reason, in engineering methods
such as Harmonoise and Nord2000 [83] the car is modeled by point sources at
different heights. The distance between the source and the façade of building A
(Fig. 5.2) was 2.54 m. The HATS was mounted on a stand facing the wall of
building A and was placed in the middle of the façade of building B. The ears
were 1.56 m distance from the ground. The distance between the HATS and the
source line was 3 m.
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Building B
Height: 11 m

80.6 m d4

Building A
Height: 13 m

100 m

d5

43.4 m

d2

d1: 11.8 m
d2: 16 m
d3: 12 m
d4: 18 m
d5: 12.7 m
d6: 10 m
d7: 28.9 m
Receiver
Height: 1.56 m
Distance from
source line: 3 m

d3

Building C
Height: 11 m
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103 m

d6

56 m

d1

Building D
Height: 11.5 m
d7

Location of sources
Height: 0.1 m
Distance from
Building A: 2.54 m

Building E
Height: 14 m

Figure 5.2: Geometrical model of the test site. The same model was imported in ODEON
to compute the BIRs.

In order to minimize the wind effect on the in-ear microphones, windshields
were mounted in the ears using tights (Fig. 5.3). The effect of the windshield and
the tights is shown in Fig. 5.4. These measurements were taken in the transmission room of the Echo building at TU Eindhoven Campus with and without the
windshields. As demonstrated in Fig. 5.4, the windshield caused a drop of 1-2 dB
at frequencies between 4-10 kHz.
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Figure 5.3: B&K HATS with windshield.
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Figure 5.4: 1/3 octave band energy plots of the BIR measured with the HATS inside the
transmission room of the Echo building at TU Eindhoven with (cross) and
without (dot) windshield. The BIR is not corrected for the source’s spectrum.

5.1.3

Measurement procedure

A measurement grid was manually created using a tape measure and gaffer tape
(see Fig. 5.5) to plot the distance between the points in the street (the points were
located along the dashed line in Fig. 5.2). Since the scale was relatively large (70
m), the small errors between the points were considered reasonable. Measurements were taken for every 2◦ (angle between two neighbouring measurement
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points and the receiver).
The measurements were taken on a Saturday morning (30/07/2016) between
06:00-12:30. Measurements were not taken at times when: planes flew over; a
vehicle passed from a near distance; construction work was noisy. The wind
speed was approximately 0.7 m/s and during the measurement the maximum
speed was 3 m/s. The wind was measured at a distance of 5 m from the HATS.
The measurement was repeated if the wind exceeded the speed of 3 m/s. The
average temperature was 20 C◦ and average humidity was 70.5%.
The main difficulty with outdoor measurements for auralization purposes is
that it is very difficult to get good signal-to-noise ratios, especially at far distances.
The time varying background noise level affects the quality of the measurements.
Also, changes of wind can alter the transfer function between the source and
the receiver. In order to avoid risking changes in the weather and to ensure
enough battery life during the whole duration, the measurements had to be taken
efficiently.

Figure 5.5: Measurement photo. The source was placed above a 4 cm thick rubber panel.
The gaffer tape was used to create the measurement grid.
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Multiple trial measurements were implemented in order to determine which
measurement signal gave the best results. The distance between source and receiver in those trial measurements was 30 m. Both maximum length sequence
(MLS) and exponential sine sweep (e-sweep) test signals [44] were used. The
e-sweep clearly produced the best results. Long e-sweeps did not produce good
results because during the measurements the background noise and wind speed
varied. The best results were produced by the shorter e-sweeps which were repeated multiple times in order to improve the impulse-response-to-noise ratio
(INR)1 . As such, it was decided to use e-sweeps of 3×10.9 s. In Fig. 5.6 the INRs
(computed with the Dirac software) of 3 measured BIRs at different locations are
plotted. At low frequencies the INR dropped significantly with increasing sourcereceiver distance. The INR reduced less at frequencies above 1k Hz as distance
increased. The reason for this finding is probably the low frequency nature of the
background noise sources in the measurement environment. The most distant
BIR used in the auralizations of the car pass-by was the one measured at 82◦ .
Further analysis of the BIRs is demonstrated in Subsection 5.2.4 where measured
BIRs are compared against modeled BIRs.
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Figure 5.6: Impulse-response-to-noise ratio of the right ear BIRs measured along the receiver line of Fig. 5.2 for different octave bands at 60◦ (square), 74◦ (triangle), 82◦ (cross). These locations correspond to a source/receiver distance of
5.2 m, 10.46 m and 21.35 m.

1 INR is equal to the maximum root-mean-square (RMS) level of the IR (in dB) minus the noise
level (in dB) [1]
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Post-processing of BIR measurements

A high frequency artefact was present in the left channel (ear) measurements due
to a defect in the measurement cable. In order to solve this issue, the opposite
hemisphere right ear BIRs were mirrored for the auralizations. For example, the
left ear BIR measured at 358◦ was replaced with the right ear BIR at 2◦ and the
left ear BIR measured at 2◦ was replaced with the right ear BIR at 358◦ . This
mirroring was possible since from the position of 28m to the left and right sides
of the HATS the street canyon is almost symmetrical.
The frequency response of the dodecahedron source was not flat, so the measurements had to be corrected. In Fig. 5.7 the average spectrum of the dodecahedron source measured inside an anechoic chamber at 45◦ intervals is plotted.
It can also be seen in this figure that the dodecahedron source does not generate much energy at frequencies below 50 Hz and above 9 kHz. The spectrum of
the source was corrected from the BIRs for frequencies between 50 Hz-9 kHz by
designing an inverse filter based on the response shown in Fig. 5.7. The inverse
filter was designed using the least-square deconvolution method with frequencydependent regularization, which was presented in Subsection 3.2.5. Figure 5.8
presents a measured BIR before and after the inverse filter was applied to correct
the source spectrum.
Relative SPL (dB)
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Figure 5.7: Average frequency response of the dodecahedron source. The source was
measured inside an anechoic chamber by rotating every 45◦ (8 measurements
in total) and the average spectrum is plotted here.
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Figure 5.8: Measured right ear BIR at 74◦ along the receiver line (see Fig. 5.2) before
(black) and after (grey) correcting the spectrum of the dodecahedron source
(see Fig. 5.7). In (a) the time response plotted is truncated at 0.2 s (whole
duration is 2.5 s). The two plots overlap, which is why the time response of
the BIR before the correction is not visible. In (b) the frequency response of
the full BIR is plotted.

5.2
5.2.1

Simulation with ODEON
Geometry and materials properties

The ODEON software version 12 [28] with the auralization toolbox was used for
the acoustic modeling of the test site. ODEON uses the image source method to
model the low order reflections and the ray-tracing method to model the late reflections. The layout of the test site model imported in ODEON is demonstrated
in Fig. 5.2. The wall surfaces of buildings B, C, and D have a rectangular periodic
shape, as shown in Fig. 5.9. However, in the model the surfaces were modeled as
flat surfaces because the periodic shapes are too small for ray-tracing. To account
for these periodic shapes, a scattering coefficient was applied to these surfaces
based on the research of Lee and Sakuma [100]. ODEON only allows a single
scattering coefficient to be entered at one frequency (ODEON suggest specifying
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Table 5.2: Scattering and absorption characteristics on the surfaces in the ODEON model.
Scattering

Absorption coefficient (-) at each octave band

Reference

Material

coefficient (-)

63 Hz

125 Hz

250 Hz

500 Hz

1000 Hz

2000 Hz

4000 Hz

8000 Hz

Building A

Concrete

0.05

0.02

0.02

0.03

0.03

0.03

0.04

0.07

0.07

Buildings B,C,D

Aluminium

0.15

0.1

0.1

0.1

0.1

0.1

0.1

0.1

0.1

Building E

Aluminium

0.05

0.1

0.1

0.1

0.1

0.1

0.1

0.1

0.1

Ground

Asphalt

0.05

0.02

0.02

0.029

0.044

0.13

0.17

0.2

0.2

the scattering coefficient at 700 Hz) and then uses interpolation and extrapolation to calculate the values at the different octave bands. Table 5.2 includes the
types of materials of the different test site buildings together with the absorption
and scattering values used in the model. The absorption value of Building A (concrete) was taken from the ODEON library (material 100). The absorption of the
aluminium surfaces was set to 0.1 at all frequencies. However, it is likely that the
aluminium walls of buildings B, C, and D (see Fig. 5.2) absorb low frequencies
more than high frequencies due to transmission through the lightweight wall. The
asphalt absorption coefficient was taken from Wang et al. [196]. The vegetation
and fence seen in Fig. 5.5 were not included in the model. The computation
settings used in ODEON are shown in Table 5.3.
3 cm

10 cm

11 cm

Figure 5.9: Profiled wall (top view) of buildings B, C, and D of Fig. 5.2.

Table 5.3: ODEON computation settings.

Max reflection order

2000

IR resolution

3 ms

Number of early scatter rays

100

Number of late rays

16000
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HRTFs and type of sources

The location of the sources and the receiver in the ODEON model were the same
as in the measurements presented in Section 5.1. The sources were the omnidirectional sources with flat spectrum. The CIPIC HRTF [3] database of subject
12 were used for the modeling of BIRs. The measurements of the CIPIC HRTF
database were implemented in the entrance of the blocked ear canal. The spectrum of the measurement loudspeaker used in the CIPIC HRTF measurements
was compensated for [29]. In this research, low frequency correction was applied to the HRTFs (see Subsection 3.4.2) before they were imported in ODEON.
The database has a resolution of 5◦ . ODEON pre-filters the imported HRTFs into
octave-bands in order to reduce calculation time [28]. Each reflection in ODEON
is converted into an FIR filter and that FIR filter is convolved with the left and
right ear HRTF based on the angle of incidence. ODEON selects the nearest HRTF
to that angle of incidence from the discrete HRTF database. ODEON does not
provide information regarding the limit of the reflection order that is processed
with HRTFs.

5.2.3

Processing of ODEON BIRs

The BIRs computed with ODEON had a large drop of energy at low frequencies
below 500 Hz (up to 20 dB at 100 Hz). This issue has previously been reported in
Zhu et al. [212]. In order to further investigate this issue (in the work presented
in this thesis) HRTFs were computed inside an anechoic room in ODEON. As
shown in Fig. 5.10, the HRTF from the CIPIC database and simulated HRTF
in ODEON match well for frequencies above 500 Hz, but below this limit the
magnitude drops. This issue exists even when computing a mono IR and not a
BIR (IR without HRTF processing) using what ODEON refers to as "unity" HRTF
("unity" is an omnidirectional transfer function used in ODEON to output the IR
computed with the simulation). ODEON refers to "unity" as an omnidirectional
HRTF, but it should not be confused with what HRTFs actually are. Therefore, the
low frequency energy drop could be due to the way ODEON processes the HRTFs.
This problem was fixed by creating an inverse filter based on a free-field recording
of the "unity" HRTF (which is basically a mono free-field IR). The inverse filter was
designed using LS deconvolution with frequency-dependent regularization (see
Subsection 3.2.5 and Eq. 3.12) and the correction was applied for frequencies
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above 20 Hz up to 19 kHz. After the correction was applied, the HRTF from the
database and the simulated HRTF matched almost perfectly at low frequencies
(see Fig. 5.10). The same inverse filter was applied to correct the computed BIRs

HRTF Magnitude (dB)

(see Fig. 5.11).
20

0

-20
10 2

10 3

10 4

Frequency (Hz)

Figure 5.10: Magnitude of CIPIC’s database HRTF (solid), ODEON HRTF (dotted) and
ODEON HRTF corrected (dashed) of subject 12’s right ear at 0◦ in azimuthal
plane.
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Figure 5.11: Modeled right ear BIR at 74◦ along the receiver line (see Fig. 5.2) after
applying the inverse filter to correct the low frequency drop. In (a) the time
response plotted is truncated at 0.2 s (the whole duration was 2.5 s) and in
(b) the frequency response of the full BIR is shown.
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5.2.4

Measurement vs modeled BIRs

Very large amplitude differences were present between the measured and modeled BIRs because the source in ODEON and measurements was not the same.
The difference needed to be corrected in order to make the comparison between
these two types of BIRs. In order to compensate for these amplitude differences,
all modeled BIRs were multiplied by the ratio of the RMS amplitude of the right
ear measured BIRs at 0◦ over the RMS amplitude of the right ear modeled BIRs
at 0◦ as shown in Eq. 5.1. This way, both measured and modeled BIRs at the
location closest to the receiver (at 0◦ ) have the same RMS. Thus, amplitude differences between the BIRs at other locations (e.g. the ones shown in Fig. 5.12)
are entirely dependent on the differences between the modeled results and results
from the measurements.

B n,c =

R0
Bn ,
Rn

(5.1)

where B n,c is the compensated B n , B n is the BIR at location n , R 0 is the broadband
RMS of the BIR at 0◦ , which does not change for different locations, and R n is the
broadband RMS of B n .
Figure 5.12 presents the measured and modeled right ear BIRs for three locations along the receiver line on the test site (see Fig. 5.2). As shown in Fig. 5.12,
the locations of the first order reflections matched well. The spectrum of the full
signals differed. The plotted spectrum was truncated at 9 kHz, which is the limit
of the measured BIRs (see Subsection 5.1.4). The ODEON BIRs had energy up to
19 kHz (see Fig. 5.11). Figures 5.13 and 5.14 demonstrate the 1/3 octave band
energy and the octave band early decay times (EDTs) of these BIRs. The 1/3 octave band energy matches reasonably well between measured and modeled BIRs.
The reason that the measurements had more energy is because an RMS correction was applied in the measured BIRs (see also the caption under Fig. 5.13) by
multiplying them by the ratio of the RMS of the modeled BIR at 0◦ over the RMS
of the measured BIR at 0◦ . Since the modeled BIRs included most energy in the
frequencies between 20 Hz-19 kHz and the measured BIRs between 50 Hz-9 kHz,
the RMS of the measured BIR was over-corrected. The EDTs of the measured and
modeled BIRs shown in Fig. 5.14 differ especially at higher frequencies.
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Figure 5.12: Left side: right ear BIRs measured (black) vs modeled (grey) (only the early
response is plotted). Right side: measured and modeled spectra computed
using the full BIRs. The BIRs plotted were measured at 60◦ (top), 74◦ (middle) and 82◦ (bottom) along the receiver line (see Fig. 5.2). These locations
correspond to a source/receiver distance of 5.2 m, 10.46 m, 21.35 m.

The reasons behind the differences between the measured and modeled BIRs
are listed below:
• The spectrum of the sources used in the measurements and the simulations
is different. The spectrum of the dodecahedron source is not flat, and the
correction filter applied to the measurements was based on the average of 7
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anechoic IRs of the dodecahedron source (subjection 5.1.4). This filter corrected the spectrum well up to approximately 1 kHz, but it did not properly
correct the frequencies above that limit.

• The source in ODEON is omnidirectional, while the dodecahedron is not for
frequencies above 1 kHz [56].
• The dummy heads (hence the HRTFs) are different. The dummy head in
ODEON was that of subject 12 of the CIPIC database and the one used in
the measurements was the B&K 4128-C. There is no B&K 4128-C HRTF
database online.
• The geometries of the buildings in the model are not as detailed as in reality.
• The effect of absorption and scattering of the vegetation behind the dummy
head (see Fig. 5.5) were not included in the model.
• ODEON uses geometrical acoustics which tend to lack accuracy, especially
at low frequencies.
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Figure 5.13: Measured (black) vs modeled (grey) 1/3 octave band energy plots of the
BIRs plotted in Fig. 5.12 starting from the closest distance (left).
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Figure 5.14: Measured (black) vs modeled (grey) early decay time (EDT) plots at different octave bands of the BIRs plotted in Fig. 5.12 starting from the closest
distance (left).

5.3
5.3.1

Subjective test
Test methodology

A same-different test was used to evaluate if subjects could perceive differences
between auralizations of a car pass-by inside the street canyon with the reference
angular spacing (2◦ angle between two neighbouring sources and the receiver)
and the auralizations with larger angular spacing. The same test methodology
presented in the previous chapter in Section 4.5 was followed; the same design,
test interface, trial repetitions, playback levels, instructions, equipment, and test
room.
Both measured and modeled BIRs were used in the listening tests but there
was no direct comparison between them. The intention was not to compare them.
Rather, the goal was to determine whether the sensitivity to detect the differences
in the auralizations with different angular increments is the same for both types
of BIRs. It should be noted that the differences between modeled and measured
BIRs presented in Subsection 5.2.4 are also perceivable when those BIRs are used
for the auralization of a car pass-by.
The listening test from the previous chapter (see Section 4.6) showed that dif-
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ferent speeds and car signals did not produce different results. In this experiment
only one vehicle speed was selected (70 km/h) in order to shorten the duration
of the test. The car signal with tonal components was chosen because: 1) real car
signals include tonal components; 2) cross-fading between the car signal blocks
that include tonal components, which are correlated, is more likely to produce
audible changes when the increment between the discrete source positions is increased compared to the auralization with car signals without tonal components
(see Subsection 4.2.2). Thus, if subjects find it difficult to perceive differences between the reference auralization and auralizations with larger increments for car
signals with tonal components, this would also stand for the case without tonal
components. The different test conditions are shown in Table 5.4.
Table 5.4: List of the 6 different test conditions and their notation.
Speed

Tonal component

Increments

Modeled with ODEON or

Test condition

(km/h)

in car signal

tested vs 2◦

measured

notation

70

Yes

4, 8, 16

Odeon

70TO4, 8, 16

70

Yes

4, 8, 16

Measurements

70TM4, 8, 16

The tested angular increments that were compared against the reference are
◦

4 , 8◦ , 16◦ . The reason for this choice is that in the previous experiments (see
Chapter 4) for the simplified environments where buildings are absent and for an
environment where a long building block is located behind the car, most of the
subjects found it very difficult to perceive any difference between the reference
auralization and the auralization with larger increments, even for angles up to 8◦
and 10◦ . Also, there were no significant differences between the different increments (subjects were equally sensitive in detecting differences in the auralizations
with the 4◦ increment and the 8◦ and 10◦ ). Therefore, it was decided to not test
many intermediate increments. Instead, a larger spacing was tested, which was
expected to be identified from the reference auralization by subjects.
Finally, the subjects were asked at the end of the test to mark on a verbal
scale how difficult they found the listening test. They were also asked to note
the number of breaks they had during the test, and if they felt tired. In case
they felt tired, they were also asked to write down after which test condition that
happened.
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Test subjects

Fourteen subjects participated in the listening test. From these subjects 9 were
male and 5 were female. Ten of those subjects had participated in the previous
experiment. The average age of the participants was 32.4 years. Twelve of those
subjects have a profession related to sound and acoustics. All subjects reported
no hearing problems. Only three of the subjects found the playback level comfortable (maximum instantaneous SPL of 84 dB(A). The maximum playback level for
most subjects was adjusted to 81 dB(A) (for two subjects this value was set to 78
dB(A)). The duration it took each subject to complete the test was approximately
40-45 minutes including breaks.

5.4

Results and comparison with the previous listening
tests

5.4.1

Results

The computation of the sensitivity measure d 0 and the analysis of the test results
was based on the method and equations used in the previous listening experiment
described in Section 4.6. In Fig. 5.15 the scores for the different test conditions
are plotted in Box-and-Whisker plots. In Fig. 5.16 the scores of every individual
for the 6 six different test conditions are plotted with different markers and colors
(these results are also shown in Table A.2 in the Appendix A.2).
One subject was excluded from the analysis because (s)he scored d 0 of 0 in all
conditions, and as such was considered an outlier. On average each subject took
approximately 2 breaks during the test. 54% of the subjects reported that they
felt tired during the test. The majority of these subjects felt tired after completing
half of the test.
The low percentage of d 0 <1 shows that the vast majority of subjects could
perceive the differences between the reference auralizations and auralizations
with larger angular increments (even for the 4◦ angular increment) both with
measured and modeled BRIRs. The percentage of subjects who scored d 0 <1
is a little bit larger for the auralizations with modeled BRIRs compared to the
auralizations with measured ones. In other words, an extra percentage of subjects
found it more difficult to distinguish differences in the test conditions where the
auralizations were created with the BIRs calculated with ODEON. This outcome
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is most clear by comparing the test conditions 70TM4 and 70T04, but even in
these test conditions the difference of the mean d 0 scored by the subjects was not
significant (p-value=0.067>0.05).
6

5

d´

4

3

2

1

0
70TM4 70TM8 70TM16 70TO4 70TO8 70TO16
(23%) (15%) (0%)
(46%) (23%) (15%)

Test conditions

Figure 5.15: Box-and-Whisker plots of the d 0 scored for every test condition. The numbers
in the parenthesis show the percentage of subjects who scored d’<1.

In Fig. 5.15 and Fig. 5.16 it can be seen that subjects tended to better identify
differences (scored higher d 0 ) between the auralizations when the angular increment is increased; i.e. more subjects scored d 0 >1 in the conditions where the
auralization with the 8◦ angular increment is compared against the reference increment compared to the conditions where the auralization with the 4◦ increment
is compared against the reference, and the same applies for the conditions with
the 16◦ increment compared to the conditions with the 8◦ increment. This finding
was observed both for modeled and measured BIRs. Paired t-tests and KruskalWallis tests were conducted between the test conditions with the same reference
auralization and the results are shown in Table 5.5. The reason that Kruskal-Wallis
tests were performed for some pairs is that the Kolmogorov-Smirnov test for normality gave a p-value < 0.05, so the assumption for the t-test was not satisfied.
Kruskal-Wallis is a non-parametric analysis of variance and it was used because
the data are not normally distributed [62]. The p-values of the pairs shown in the
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Figure 5.16: Plot of the d 0 scored by each subject for the 6 different test conditions.
The colors represent whether the auralization was created using measured
(black) BRIRs or modeled in ODEON (red). The markers represent the angular increments. Square: 4◦ , Diamond: 8◦ , Triangle: 16◦ .

left column of Table 5.5 that have an asterisk were computed with the KruskalWallis test. In most conditions the difference is significant (p<0.05) apart from
70TM4 vs 70TM8 and 70TM8 vs 70TM16.
The vast majority of subjects could perceive the difference in the auralizations when the increment was increased. However, on average subjects found the
overall task of the listening test difficult. In Fig. 5.17 the responses of the subjects to the question regarding the difficulty of the task is plotted (subjects were
asked to rate the difficulty on a scale as shown on the y-axis of Fig. 5.17). The
mean response lies between "Somehow difficult" and "Difficult", with two subjects
responding "Somehow easy" and two "Very difficult".
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Table 5.5: Level of significance between the mean d 0 of the test conditions with the same
reference auralization. p-values were computed with paired t-tests and the
Kruskal-Wallis test between the d 0 scored on the test conditions shown in the
left column. The asterisk indicates that the p-values have been computed with
the Kruskal-Wallis due to failing the normality test.

Test condition pairs

Level of significance (p-value)

70TM4 vs 70TM8

0.7

70TM4 vs 70TM16 *

0.022

70TM8 vs 70TM16 *

0.061

70TO4 vs 70TO8

0.031

70TO4 vs 70TO16 *

3·10−4

70TO8 vs 70TO16

0.015

Very difficult
Difficult
Somewhat difficult
Somewhat easy
Easy
Very easy

Figure 5.17: Box-and-Whisker plot with the choice of the subjects regarding the difficulty
of the listening test. The y-axis labels are the discrete responses that subjects
were asked to choose in order to indicate the difficulty of the task. The red
triangle indicates the mean value.

5.4.2

Comparison with the previous listening test

In this chapter, the same experiment was conducted as that presented in Chapter
4, although it was conducted using simplified scenarios in which buildings were
absent and for an environment where a long wall was located behind the car. In
the listening test presented in this chapter the car was moving at a speed of 70
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km/h and the car signal used included the tonal components. The same auralizations were tested in the listening test presented in Chapter 4 for the condition
where buildings are absent. These results from Chapter 4 for the test conditions
with the same car speed, car signals and angular increments as the ones used
in the experiments of this chapter are plotted in Fig. 5.18 against the results
obtained from the listening tests presented in this chapter in order to compare
the performance of the subjects in these two different auralized environments.
It should be noted again that in both tests 13 subjects participated. From these
subjects, 10 participated in both tests.
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Figure 5.18: Box-and-Whisker plots where the d 0 scored in the listening test presented in
Chapter 4 for the test conditions with same same car speed (70 km/h), car
signals (with tonal components), and angular increments (4◦ , 8◦ ) as the ones
used in the experiments of this chapter, but with buildings absent (conditions
70TA4 and 70TA8), are plotted against the d 0 scored in this listening test for
the auralizations inside the street canyon. Parts of this data have also been
plotted in Fig. 4.10, Fig. 5.15 and Fig. 5.16.

Subjects could distinguish differences between the auralizations with larger
increment and the reference auralizations much more easily in the street canyon
case. The only test conditions where subjects scored very similar results were
the 70TO4 and the 70TA4. In the other test conditions, the differences were
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significant (p<0.05). Another outcome that emerged by comparing these results
is that in contrast with the street canyon, the d 0 values of the simplified case
did not increase when the angular increment was doubled (at 8◦ ). The angular
increment of 16◦ was not tested in the simplified case. Thus, it is not part of this
comparison.
Experiments that look into the nature of difference and into the cues that subjects used to make their judgments could possibly provide further insight into the
reasons that subjects were more sensitive to changes in the angular increment in
a reverberant environment, such as the street canyon, compared to the simplified case where buildings were absent. Some possible reasons for the differences
between the two tests are listed below:
• Early reflections and reverberation could have provided more cues for the
subjects to judge the differences.
• The duration of the street canyon test was half that of the first test. This
might have affected the performance since subjects might have kept a clearer
mind during the whole duration of the second test.
• A very large increment (16◦ ) was tested in the street canyon case where almost 100% of the subjects scored d 0 >1. This means that two out of six test
conditions were fairly easy for the subjects to identify the difference. These
positive identifications may have motivated the subjects and increased their
focus. In the listening test presented in Chapter 4 the maximum tested angular increment was 8◦ and there was no easy test condition for the subjects.
The difficult test conditions may have negatively affected the confidence and
subsequent motivation of the subjects.
• The spectrum of the auralizations in the listening tests of Chapter 4 was
truncated at 7.5 kHz and in the second test the auralizations in the street
canyon with the measured BIRs were truncated at 9 kHz and the modeled
BIRs were truncated at 19 kHz. However, this fact probably did not play
any role because the dry car signal used in the auralization (see Fig. 4.3)
did not contain a lot of energy above 6 kHz.
The street canyon tests were performed 5 months after the first test, so it is highly
unlikely that a training effect played a role; i.e. that the 10 subjects who par-
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ticipated in the first test performed better in the second one because they were
trained.

5.4.3

Final thoughts

The experiments revealed that the auralizations with a larger increment are not
perceptually identical to the reference auralizations, not even in the case where
the increment increased by only 2◦ compared to the reference. The fact that the
auralizations with larger angular increments were distinguishable does not necessarily mean that they have no use in future applications. It would be interesting
to study for what kind of applications this perceptual difference is relevant e.g. is
this difference important when conducting experiments on annoyance from traffic
noise or experiments on the evaluation of urban soundscapes?

Chapter 6
Summary and future work
The topic of this thesis is modeling for auralization of urban environments. This
thesis had two main objectives: 1) To incorporate source and receiver directivity
into PSTD, which is a necessary step to make this method applicable for auralization purposes, as described in Chapter 3. This method was used in the research
presented in the second part of this thesis; 2) To develop a methodology for the
auralization of a car pass-by using modeled and measured BIRs, as covered in
Chapters 4 and 5. This chapter contains conclusions and suggestions for future
work starting with the conclusions of the directivity modeling followed by the
conclusions of the auralization methodology and the listening test results. Finally,
recommendations for future work are provided. The contributions of this research
are indicated with square bullet points and the main conclusions with triangular
bullets.

6.1

Conclusions of directivity modeling in PSTD

PSTD is a wave-based method for solving the wave equation. PSTD assumes that
the spatial domain is periodic, and the spatial derivatives are computed in the
wavenumber domain using Fourier transforms. The time derivatives are evaluated
with other methods such as Runge-Kutta, which was used in this thesis. Thanks
to the Nyquist theorem, PSTD requires only two spatial points per wavelength to
obtain highly accurate results, making it more efficient compared to other wavebased methods.
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■ Directivity was incorporated in PSTD for the first time in this research,

which is an important development for creating auralizations.
The directivity was modeled in PSTD using initial spatial distributions (ISDs) related to spherical harmonics (SHs). The method can be separated into four steps:
1. Decomposition of a directivity function into real-valued SH weights.
2. Design of ISDs related to real spherical harmonic functions in PSTD.
3. Design of inverse filters based on the transient responses of the ISDs in order
to ensure that all ISDs have identical frequency characteristics.
4. Combine the ISDs with the inverse filters and the source filters obtained
from the SH weights and sum them in order to form the directivity function.
Both the inverse filters and source filters were obtained by using a leastsquares approach.
The performance of the method was validated with two computational examples:
1. Modeling of an analytical directivity function in a 3D PSTD simulation.
2. Modeling of horizontal plane HRTFs in a 2D simulation.
The main outcomes of the first computational example were:
. The modeled directivity was in good agreement with the analytical directiv-

ity.
. The accuracy of the results is dependent on the distance between the calcu-

lation point and the center of the source.
. For distances above 17.5 grid cells from the source center the average error

between modeled and analytical directivity across all angles was <0.9 dB
at all calculated distances and octave-bands, apart from one case where the
average error was 1.35 dB.
. A higher error was observed at lower distances especially at low frequencies

as receiver positions are in the near-field of the source. The fact that the
source is not compact (the source in this example spanned approximately
11 cells in each direction) makes this method inaccurate in the near-field.

6.2 Conclusions of car pass-by auralizations and listening tests

123

. Another source of error, mainly at low frequencies, was produced from the

inverse filters that were applied to the ISDs. The inverse filters could not
completely correct the spectrum of the ISDs.
The horizontal plane HRTFs were modeled up to 7.5 kHz. Since the simulation is
in 2D, circular harmonics (CHs), which are the 2D analogue of SHs, were used.
The main conclusions from the synthesis of HRTFs are:
. The CH order of the HRTFs that were incorporated in the PSTD was trun-

cated at 10. Ideally, the order should have been truncated at 13, but it was
not possible to design inverse filters to correct the spectrum of ISDs related
to CHs of orders higher than 10.
. Almost perfect matching was achieved up to approximately 5 kHz. Errors

occurred above this frequency. The main reason for the errors above 5 kHz
was the reduced CH order of the HRTF’s that were incorporated in the PSTD.
. The accuracy of the method could be improved by achieving a design of

inverse filters for high orders of SHs (or CHs in 2D simulations) in order
to allow better approximations at higher frequencies. However, this is a
challenging task because the mismatch between the spectra of the ISDs related to SHs of high orders (>10) is very different from the spectra of ISDs
related to SHs of order and degree 0, which is the target response of the inverse filters. Thus, it is very challenging to design inverse filters that would
achieve a good match between the spectrum of the ISDs of high orders and
the target spectrum.

6.2

Conclusions of car pass-by auralizations and
listening tests

■ In Chapter 4 a methodology to auralize a car pass-by using BIRs computed

with the PSTD method was presented. This auralization methodology has
not been previously implemented.
The auralizations were performed for the simplified scenarios where buildings are
absent, and for an environment where a long flat wall is located behind the car.
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The auralization methodology can be split in four steps:
1. HRTFs were incorporated in a 2D PSTD simulation using spatial distributions related to CHs. A low frequency correction was applied in the HRTF
database before incorporating it into the simulation. This was done because
the car signal has a strong low frequency content. Thus, correct simulation
at low frequencies is important.
2. BIRs were calculated and stored based on a 0.25◦ angular increment between the source position and receiver positions. Thanks to the acoustic
reciprocity principle, only one simulation is needed, in which the modeled
source is placed at the physical receiver location and the receivers are placed
at actual car positions.
3. A dry car signal was split at increments based on the time it takes the car
to travel between 3 discrete source locations. A sine window function was
applied to these signals in order to achieve a smooth cross-fade between the
source positions.
4. The signals of step 3 were convolved with the corresponding BIRs and
shifted by the time that it takes the car to travel between two discrete
neighbouring source positions. Finally, these signals were added together
to create the final auralization stimuli.
The main limitations of the auralization method are: 1) the BIRs were computed
with a 2D PSTD simulation and not in 3D; 2) the Doppler effect was not modeled;
3) the car source directivity was not incorporated.
■ A subjective evaluation was carried out in order to investigate whether the

subjects can perceive any differences when the spacing between the discrete
source positions is increased. No previous research has conducted such an
investigation.
Key details of the listening test methodology are listed below:
1. Different conditions were evaluated: car speeds of 50 and 70 km/h; car signals with and without tonal components; an environment where buildings
were absent, and an environment where a long building block was located
behind the car.
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2. The reference auralizations were synthesized from BIRs separated with 2◦
increments.
3. A same/different test was conducted to evaluate if subjects could perceive
differences between the reference auralizations and the auralizations with
larger angular spacing.
4. Signal detection theory was used for the design and the analysis of the test.
5. The angular spacings tested were 4◦ , 6◦ , 8◦ and 10◦ . Not all increments
were tested for all test scenarios.
6. Thirteen subjects participated in total.
The main outcomes from the subjective analysis were:
. Differences exist between the reference auralization and the auralization

with larger increments, but they are difficult to notice and are not recognized by all subjects.
. On average, 52.3% of the subjects found it difficult to impossible to identify

any differences between the reference auralization and the auralization with
larger increment, even for the 8◦ and 10◦ angular spacing.
. The discrimination performance of the subjects did not significantly change

when the increment was increased.
The methodology and the subjective tests reported in Chapter 4 were focused
on simplified acoustic spaces (buildings absent and with a long building block
behind the car). Therefore, implementing the same experiment for more complex
acoustics scenes like an urban canyon where the BIRs are more complex was also
done. This was presented in Chapter 5.
■ The BIRs used for the auralization in Chapter 5 were both modeled using

geometrical acoustics software and were measured inside a street canyon.
Measured BIRs inside urban environments have not previously been reported in the literature for the auralization of moving vehicles.
The computational costs arising from a large domain such as the 3D street canyon
that was modeled in this research limit the wave-based methods such as PSTD,
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FDTD and BEM to low frequencies. Therefore, they are not able to produce auralizations over a broad frequency range. Even-though geometrical acoustics methods have limitations (see Subsection 1.2.1), they were chosen because they are
computationally efficient. The information regarding the BIR measurements is
presented below:
1. The measurements were conducted inside a street canyon for every 2◦ increments along a straight line whose distance from the receiver was 3 m.
2. The B&K HATS used for the measurements was placed at an ear height of
1.56 m and the dodecahedron source at 0.1 m from the ground.
3. The spectrum of the source was corrected from the measured BIRs using an
inverse filter based on the average spectrum of 7 IRs of the dodecahedron
source measured at rotations of 45◦ inside an anechoic chamber.
The ODEON software was used to compute the modeled BIRs and the key details
of the model are listed below:
1. The geometry of the model was not as precise as in reality and it did not
include the vegetation present at the site.
2. The HRTFs used in the simulation were that of subject 12 of the Cipic HRTF
database, which were corrected at low frequencies.
3. Differences exist between the modeled and measured BIRs and they are
perceivable if they are convolved with a dry signal.
The same listening test methodology as in Chapter 4 was applied here:
1. This time only one car speed was used (70 km/h) and the dry car signal
included the tonal components.
2. Three different angular increments (4◦ , 8◦ , 16◦ ) were tested against the
reference (2◦ ) using both measured and modeled BIRs (which results in a
total of 6 test conditions).
3. Fourteen subjects participated in this test of which 10 had participated in
the previous experiment. Subjects were also asked at the end of the test to
rate the difficultly of the task on a 6-increment verbal scale.
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Results from the second listening test showed that:
. The vast majority of the participants perceived differences between aural-

izations with larger increments and the reference both with measured and
modeled BIRs.
. Subjects scored higher d 0 in the test conditions with larger angular spacing

compared to the test conditions with smaller angular spacing.
. There were no significant differences in the results between the auralization

with modeled BIRs and measured BIRs.
. The discrimination performance of the subjects was significantly better com-

pared to the test conditions that were evaluated in the first experiment for
the simplified environments.
. Participants rated the difficulty of the test somewhere between "Somewhat

difficult" and "Difficult".

6.3

Future work

Comparing the results from the two listening tests it is clear that differences exist between the reference auralizations and the auralizations with larger source
increments. These differences are much more obvious in the street canyon case.
• It would be interesting to investigate how plausible or authentic subjects
perceive the auralizations with larger increments compared to the auralizations with smaller source increments. For future work:
• It would be also interesting to investigate whether the auralizations with
larger increments score equally well at different perceptual dimensions (i.e.
annoyance, perception of moving speed etc) compared to the reference auralizations. This research could highlight the importance of the subjects’
ability to identify the difference when the angular spacing is increased and
how relevant this perceptual change is to an application such as the psychoacoustic evaluation of the urban environment.
• The listening tests presented in this thesis should be implemented with the
addition of Doppler effect and car source directivity (proposals on how those
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two aspects can be included in the auralization method are presented in
Subsection 4.2.3).

• It would be interesting to perform the same listening tests but for more
realistic traffic scenarios where more cars are passing-by. It is possible that
a more chaotic environment might have an influence on the perception of
the auralizations with larger increments.
• The perceptual tests performed for this research were not focused on assessing the realism of the proposed auralization methodology. Assessing the
method’s realism is something that needs to be done in the future.
Finally, obtaining high quality IRs in the urban environment is a very challenging
task. The impulse responses used for the auralizations in this thesis were modeled
both with numerical and geometrical acoustics methods and measured inside a
street canyon. Collecting acoustics measurements in urban environments is very
challenging, especially compared to indoor environments. Arranging an urban
environment impulse response measurement campaign can be very complex and
time consuming because different parties must be involved (owner of the measurement site, city council, citizens etc) and reach an agreement on the terms and
date of the measurements. The conditions under which the measurements are
taking place (weather, background noise, vehicle and pedestrian pass-bys) cannot be fully controlled, but they do directly affect the quality of the IRs. Also, it
is very difficult to acquire an omnidirectional sound source that will produce a
very high level over a broad frequency range. Generally, achieving high quality IR
measurements for auralization purposes is very challenging, especially for larger
distances. Urban geometries are large so modeling them with numerical methods becomes computationally challenging, especially if a high frequency limit is
required. Geometrical acoustics methods seem like the best option since these
methods are fast and of course they do not face problems related to background
noise like the measurements do. However, their accuracy is questionable, especially at low frequencies, and since sources like cars and trains in the urban environment contain energy at low frequencies, accurate modeling at low frequencies
may be necessary.
• No research has yet been conducted to determine which method is most
suitable to produce IRs for auralization of urban environments. It would be
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very interesting to investigate whether wave-based methods are necessary,
and if so, up to which frequency limit.
• Studies on auralization of sources that contain most of their energy at low
frequencies, such as trucks moving inside a street canyon, should be conducted in order to evaluate the importance of highly accurate modeling at
low frequencies.
• Fast full 3D wave-based methods for the auralization of urban environments
should be developed.

Appendix A
A.1

Informed consent form

This document gives you information about the study "Auralizations of a car passby". Before the study begins, it is important that you learn about the procedure
of this study and that you give your informed consent for voluntary participation.
Please read this document carefully.
Aim and benefit of the study
The aim of this study is to measure if you can distinguish differences between a
set of car pass-by auralizations. This information is used to improve our understanding about creating car pass-by auralizations and factors that influence their
quality.
Procedure
In this experiment you are asked to identify differences between the presented
car pass-by auralizations. You will hear the pass-by samples through headphones
inside a quiet room. At each trial you will listen at two pass-by stimuli one after
the other. Your task is to point out if the two stimuli are the same or different.
You cannot repeat the stimuli and you are “forced” to choose if they are different
or the same right after the second sound is finished. After you make your choice
you are automatically presented with the next pair of stimuli. You won’t be asked
to evaluate the amount of difference between the samples, you simply have to
say if they are different or the same. There will be 11 tests in total and each test
consists of 50 trials. You can have a break at any time. It is recommended to make
short breaks every 20mins. After the end of every test you are asked to write on
a piece of paper a few comments on where you based your judgments to identify
the differences between the stimuli, if you can identify any, and how difficult (or
easy) it is. Before the beginning of the test you will be asked if the volume of
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the sound is OK with you. In case you find it loud or uncomfortable it will be
adjusted. Volume must be kept the same over the whole duration of the tests.
Risks
The study does not involve any risks or detrimental side effects.
Duration
The study will last approximately 1hour and 45 minutes including the breaks.
Participants
You were selected because you were registered in the Doodle created from the
experimenter.
Compensation
You will not receive any money for your participation. Cookies, tea and coffee
will be served prior and after the experiment and during the short break.
Voluntary
Your participation is completely voluntary. You can refuse to participate without
giving any reasons and you can stop your participation at any time during the
study. You can also withdraw your permission to use your experimental data up
to 24 hours after the study is finished. All this will have no negative consequences
whatsoever.
Confidentiality
We will not be sharing personal information about you to anyone outside of the
research team. No video or audio recordings are made that could identify you.
The information that we collect from this study is used for writing scientific publications and will be reported at group level. It will be completely anonymous and
it cannot be traced back to you. Only the researchers will know your identity and
we will lock that information up with a lock and key.
Certificate of Consent
I, (NAME). . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .. have read and understood this consent form and have been given the opportunity to ask questions. I
agree to voluntary participate in this research study carried by the research group
Building Acoustics of the Eindhoven University of Technology.
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Results table from listening tests of Chapter 4 and 5

Table A.1: Sensitivity d 0 scores of every subject from the listening tests presented in Chapter 4.
Test subjects
Test cases

S1

S2

S3

S4

S5

S6

S7

S8

S9

S10

S11

S12

s13

50NA4

0.92

0.51

0.00

0.00

0.00

1.19

0.53

1.43

0.78

1.20

0.97

0.00

1.06

50NA6

0.74

1.33

1.37

1.58

1.05

1.20

1.47

1.46

0.00

0.00

0.00

0.00

0.00

50NA8

1.27

1.57

1.16

1.37

0.00

0.00

0.51

0.74

0.00

1.12

0.00

0.00

1.07

50NA10

1.35

1.33

0.00

0.00

1.19

0.91

0.00

2.06

0.00

1.93

0.88

1.22

0.00

70NA4

1.06

0.73

0.59

1.05

1.96

2.60

1.33

1.49

0.00

0.00

0.00

0.00

1.49

70NA6

0.74

1.16

0.00

0.00

1.71

0.73

3.40

2.17

1.92

0.54

0.74

0.94

0.00

70NA8

1.58

0.00

0.00

0.69

0.51

2.17

2.61

3.57

2.18

0.53

2.15

0.00

1.96

50NB4

0.00

0.00

1.20

2.49

1.19

1.57

0.91

0.92

0.00

0.73

0.97

2.18

1.82

70TA4

0.00

0.00

1.55

0.73

1.22

1.80

1.64

1.69

0.00

0.00

0.00

1.44

1.45

70TA6

1.07

0.00

0.77

0.00

0.00

1.71

2.61

2.06

0.00

0.00

1.27

1.32

0.97

70TA8

0.00

0.00

1.09

1.05

0.00

0.00

1.12

1.58

0.91

1.58

0.78

0.00

1.06

Table A.2: Sensitivity d 0 scores of every subject from the listening tests presented in Chapter 5.
Test subjects
Test cases

S1

S2

S3

S4

S5

S6

S7

S8

S9

S10

S11

S12

s13

70TM4

1.92

5.57

4.09

1.57

2.82

2.28

3.77

0.00

1.68

0.00

0.00

1.33

2.82

50TM8

1.82

1.93

3.56

2.71

2.40

2.42

5.57

1.56

0.00

0.00

2.49

5.57

1.19

70TM16

3.40

5.57

3.77

3.56

5.57

1.93

5.57

1.34

2.53

3.77

2.95

3.77

3.09

70TO4

0.73

1.88

1.85

1.49

0.00

1.90

2.72

0.00

1.27

0.51

0.00

0.00

2.04

70TO8

1.33

1.56

1.20

2.29

3.56

3.04

0.72

0.51

3.56

0.90

1.34

3.14

4.09

70TO16

2.73

5.03

3.40

3.46

5.57

5.25

2.08

0.91

5.57

4.60

4.09

3.25

0.77
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Since most of us now live in urban environments, we are constantly affected
by the sounds present in them. The quality of the urban acoustic environment
cannot be assessed only via its equivalent sound level and spectral content.
The temporal variations of the acoustic environment like a vehicle pass-by are
also of importance because they may cause negative impacts, such as sleep
disturbance. Perceptual evaluation can provide further insight into the quality of
the urban acoustic environment. Auralization, which is a technique used to make
the sound field of an environment audible with the presence of all sound sources,
is therefore a helpful methodology.
The main focus of this thesis is the auralization of urban environments. In this
context, specific attention was given to two main subjects. Firstly, source and
receiver directivity in sound propagation for auralization was modelled. By
including source directivity in auralizations the quality is significantly improved.
Also, receiver directivity is important for the reproduction of auralizations. In this
research, directivity was incorporated for the first time in the pseudospectral
time-domain (PSTD) method, a wave-based method. Secondly, a method for
the auralization of a car pass-by was developed, which is one of the main noise
sources in the urban environment, using binaural impulse responses (BIRs)
computed with PSTD, a hybrid geometrical acoustics method and measurements.
Next, dry car signal blocks were convolved with the BIRs from different source
locations in the street, and cross-fade windows were used in order to make the
transition between the source positions smooth and continuous. Perceptual
evaluation was conducted to evaluate if increasing the angular spacing between
the discrete source positions affects the perception of the auralizations.
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