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Abstract

Environmental noise, and in particular road traffic noise, has a well-documented im-
pact on human health, well-being, and quality of life. Understanding these effects
and developing acoustic solutions that improve everyday sound environments re-
quires controlled human-subject experiments that capture both acoustic and percep-
tual complexity. However, reproducing realistic acoustic environments in controlled
laboratory settings is a methodological challenge.

This thesis develops and demonstrates a methodological framework for study-
ing human responses to sound using controlled virtual acoustic environments. The
framework combines modular, physically informed, and perceptually validated au-
ralization with experimental paradigms for assessing subjective, physiological, and
behavioral responses. Electric vehicle (EV) noise, and in particular acoustic vehicle
alerting systems (AVAS), serve as a concrete application through which the frame-
work is implemented, tested, and refined.

The framework and its applications are demonstrated through six studies address-
ing complementary aspects of EV noise perception. The first two establish and vali-
date the auralization model for outdoor and indoor environments. Subsequent stud-
ies build on this foundation to examine how AVAS directivity influences perceived
vehicle speed, how different AVAS designs affect auditory localization accuracy, and
how low-level EV and traffic noise influence attention, workload, electrodermal ac-
tivity, and annoyance in residential settings.

The results show that AVAS design choices can substantially affect localization
performance as well as subjective and physiological responses, even when signals
comply with current regulations. Strongly tonal two-tone designs performed poorly
across several response domains, while broadband noise-based and multi-tone de-
signs showed more balanced performance under the tested conditions. Beyond these
application-specific findings, the thesis contributes a generalizable methodological
approach for integrating auralization-based virtual acoustic environments with hu-
man response evaluation. It emphasizes the importance of perceptual validity, repro-
ducibility, and interdisciplinary integration between acoustical simulation methods
and empirical human-response research.

Keywords: Auralization, virtual acoustic environments, electric vehicles, acoustic
vehicle alerting system (AVAS), human response.
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CHAPTER 1

Introduction

1.1 Road Traffic Noise and Public Health

Transportation noise, and road traffic noise in particular, is a global public health
problem. According to the latest environmental noise report of the European Envi-
ronment Agency (EEA), 24% of the total European population is exposed to long-
term harmful transportation noise levels [1]. Of these, approximately 112 million
people are subject to road traffic noise, mostly in densely populated urban areas.
Such widespread exposure not only causes annoyance and discomfort but also has
serious consequences for health and well-being. So-called burden of disease studies
have shown links between chronic noise exposure and outcomes such as elevated
blood pressure, cardiovascular disease, sleep disorders, and premature mortality [2].
Certain groups, including children, older adults, and individuals with preexisting
health conditions, are particularly vulnerable to these effects, and the EEA report
further highlights that noise exposure also entails broader societal consequences,
including increased healthcare costs, reduced productivity, and lower quality of life.
While the Furopean Union (EU) has the monitoring and research infrastructure
to quantify these effects, comparable studies are scarce in many less-developed coun-
tries. This disparity highlights not only differences in research capacity but also
global inequalities in exposure and protection, as communities in rapidly urbanizing
regions may face higher noise levels with fewer mitigation measures in place.
However, even in industrialized nations, reducing road traffic noise remains a con-
siderable challenge. Much of the exposure occurs in densely populated urban areas
where mobility demand is high, and traffic is closely linked to economic activity and
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accessibility. Beyond structural measures such as the careful planning of new neigh-
borhoods, mitigation on existing roads often requires restricting or redistributing
traffic flows, which can be politically and socially sensitive.

These challenges, both in terms of exposure and mitigation, are directly linked to
the United Nations Sustainable Development Goals (SDGs) [3], where reducing the
health impacts of noise contributes directly to SDG 3 (Good Health and Well-Being),
improving urban soundscapes supports SDG 11 (Sustainable Cities and Communi-
ties), and ensuring protection from harmful noise for all contributes to SDG 10 (Re-
duced Inequalities). Additionally, strategies to mitigate noise exposure frequently
intersect with broader sustainability goals. For example, the electrification of trans-
port is primarily motivated by the need to reduce greenhouse gas emissions in line
with SDG 13 (Climate Action). Still, it also has far-reaching consequences for the
urban acoustic environment. However, the specific implications of this transition to
electromobility from a noise perspective are not yet well understood, as discussed in
the following.

1.2 Noise Implications of Electromobility

1.2.1 Acoustic Characteristics of Electric Vehicles

The ongoing transition to electromobility [4] may alter the urban acoustic environ-
ment. For any road vehicle, the level and characteristics of the radiated noise depend
on driving speed. For Internal Combustion Engine Vehicles (ICEVs), propulsion
notise from the engine and exhaust is most significant at low speeds. As speed in-
creases, rolling noise from tire-road interaction becomes more prominent, and at high
speeds, aerodynamic noise due to wind dominates the overall sound level [5]. Electric
Vehicles (EVs) have a different acoustic profile, as electric motors radiate very little
noise compared to combustion engines, so propulsion noise is largely absent at low
speeds. This reduced propulsion noise at low speeds makes tire noise relatively more
noticeable. However, at medium and high speeds, tire and aerodynamic noise remain
the most important contributors for both EVs and ICEVs. Additional factors, such
as vehicle weight and torque characteristics, further complicate direct comparisons
of overall noise levels between ICEVs and EVs.

However, most harmful road traffic noise exposure originates from major urban
roads and highways [6], where driving speeds are typically moderate to high and
propulsion noise plays a minor role compared to tire-road noise. The transition to
electromobility alone is therefore unlikely to fully resolve the public health issues
associated with road traffic noise, as discussed in Section 1.1.

At the same time, it is evident that there are low-speed scenarios where electric
vehicles emit significantly less noise than ICEVs [7, 8]. While this reduction has the
potential to decrease noise exposure in residential areas with low driving speeds, it
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also diminishes the acoustic cues that pedestrians, cyclists, and other vulnerable road
users rely on to detect and localize approaching vehicles — cues that are essential for
maintaining situational awareness [9] in traffic. This issue is particularly critical for
people with visual impairments, a concern highlighted by organizations such as the
European Blind Union [10]. Accident data from several countries further suggest a
higher likelihood of collisions involving slow-moving EVs and Hybrid Electric Vehicles
(HEVs) in urban areas [11-15].

1.2.2 Acoustic Vehicle Alerting Systems (AVAS)

To address the traffic safety concerns associated with quiet EVs, many countries re-
quire new electric vehicles to be equipped with an Acoustic Vehicle Alerting System
(AVAS). These systems emit artificial warning sounds that signal the vehicle’s pres-
ence and driving behavior. In practice, AVAS solutions typically consist of a small
loudspeaker mounted in the vehicle’s front bumper, driven by a microcontroller that
generates sound as a function of vehicle speed. The specific legal requirements for
AVAS differ between regions and therefore directly shape how manufacturers imple-
ment these systems.

In the European Union, Japan, China, and other countries, Regulation No. 138 of
the United Nations Economic Commission for Europe (UNECE) applies [16]. This
regulation requires that AVAS sounds:

1. Meet specific minimum overall sound pressure levels.

2. Cover at least two separate third-octave bands, with level requirements varying
by frequency band, and at least one of these bands located at or below 1600 Hz.

3. Include a speed-dependent frequency shift to indicate acceleration and decel-
eration.

4. Not exceed a defined maximum overall sound pressure level.

The exact sound pressure level requirements are specified for 10km/h and 20 km/h
passages as well as reversing maneuvers.

By contrast, the U.S. Federal Motor Vehicle Safety Standard (FMVSS) No. 141
defines minimum levels for two or four nonadjacent third-octave bands up to 30 km/h,
as well as for stationary and reversing conditions [17]. Unlike the UNECE regulation,
FMVSS 141 does not require a speed-dependent frequency shift and imposes no
maximum sound pressure level for AVAS signals.

Both regulations are relatively unspecific and leave manufacturers broad freedom
in how AVAS sounds are designed. Current implementations, therefore, range from
engine-like sounds to highly tonal or “futuristic” designs that sound noticeably dif-
ferent from the sounds we have traditionally associated with cars.



Chapter 1 Introduction

This variety raises a central question: which types of AVAS signals best balance
traffic safety with their impact on the acoustic environment? Some sounds may be
highly effective at warning pedestrians, but at the same time, they may become
a source of annoyance for residents living near busy, low-speed streets. Moreover,
people have spent a lifetime learning to interpret the sounds of combustion engine
vehicles as cues for judging proximity and danger. Replacing these familiar cues
with unfamiliar sounds may require adaptation, and it is uncertain whether such
adaptation is realistic when different manufacturers adopt very different sound de-
signs. On the other hand, this challenge also offers an opportunity: instead of being
constrained by propulsion noise as a byproduct, AVAS sounds can be intentionally
designed to be effective in signaling danger while disturbing the surroundings as little
as possible.

The only way to determine which AVAS designs best balance safety and acous-
tic quality is through evidence-based methods that quantify human responses to
sound. Such methods are critical for developing systems that protect vulnerable
road users without unnecessarily disturbing others. Although developing such quan-
titative methods is challenging in itself, they provide the foundation for informed
policy and sound design. The following section outlines approaches that are com-
monly used to address these challenges in contemporary noise research.

1.3 Quantifying the Effect of Noise on Humans

Research on the impact of noise on humans dates back to the early 20th century
[18]. Early studies, often motivated by industrialization, examined workers exposed
to high levels of machine noise and demonstrated that noise can affect humans both
physiologically and cognitively [19]. Since then, extensive research has shown that
noise exposure is not limited to short-term disturbances [20] but can also have long-
term consequences. These include damage to the auditory system as well as broader
impacts on health and well-being, such as hypertension [21], cardiovascular disease
[22], sleep disorders [23], learning impairments [24], annoyance [6], and other adverse
health outcomes [25-27].

To investigate these effects, researchers generally rely on two complementary ap-
proaches. The first is observational research, in which noise exposure is investigated
in natural environments, often using surveys, long-term cohort studies, or by linking
noise maps to health databases [28]. These methods have the advantage of high eco-
logical validity, i.e., they capture how noise affects people in real life and can involve
very large populations. However, they also face challenges. One important issue
is the presence of confounding variables, meaning factors other than noise that can
influence health outcomes. For example, people living in noisy areas may also have
higher exposure to air pollution, different socioeconomic conditions, or lifestyle fac-
tors such as smoking rates, which makes it difficult to isolate the effects of noise itself.
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Another challenge is the limited accuracy of exposure estimates. Noise maps, often
used in observational studies, provide simulated outdoor levels that may not reflect
what people actually hear indoors, and they typically cannot distinguish between
different types of noise, such as low-frequency truck noise versus passenger-car noise.
Finally, observational research is not well-suited to investigate novel mechanisms or
interventions that are not yet widely implemented (e.g., electric vehicle noise) or to
systematically prototype acoustic solutions before deployment.

The second approach, experimental research, addresses many of these limitations
by studying human responses under controlled laboratory conditions [29]. In such
experiments, the acoustic environment and potential confounders can be carefully
controlled, enabling precise manipulations and a wide range of outcome measures,
from physiological indicators such as heart rate and blood pressure to cognitive per-
formance and subjective ratings. Besides applications in noise research, laboratory
listening experiments have also gained popularity for subjective ratings of sound
quality in product development, for example, in the automotive or home appliances
industry, where participants evaluate the perceived quality of sounds [30]. In this
context, these subjective experiments are also referred to as jury tests. The main
drawback of experimental research, however, is that laboratory results may not al-
ways generalize to real-world situations, and experiments with sufficient statistical
power, i.e., a large number of participants, require substantial time and resources.

A central challenge in laboratory noise research lies in reproducing realistic acous-
tic environments. While simple setups for fundamental noise exposure research may
be conducted using broadband noise presented over a single loudspeaker, more so-
phisticated studies aim to accurately recreate complex acoustic scenarios such as road
traffic noise in residential settings. The sound presented to participants during an
experiment is referred to as stimulus and can either be based on real-life recordings
of the acoustic scenario of interest, or be the result of a computational simulation
that has been made audible, a process referred to as auralization [31]. Advances in
computational power have made it possible to auralize simulated complex acoustic
environments as stimuli that can be reproduced using a large number of loudspeakers
or 3D-tracked headphones, in some cases even in real time. These approaches create
new opportunities to study human responses to noise under controlled yet realistic
conditions. At the same time, they raise important methodological questions: Which
acoustic features must be reproduced to ensure ecological validity, i.e., that the labo-
ratory conditions realistically reflect everyday listening situations? Is it sufficient to
capture overall sound levels, or must spatial characteristics, such as the perception
of vehicle movement, also be rendered accurately? How can we validate that a given
reproduction method is “good enough” for the purpose of studying noise effects?

These questions form the foundation of the present thesis. The following section
outlines how this work addresses the challenges of designing, validating, and apply-
ing controlled yet ecologically meaningful listening experiments to evaluate human



Chapter 1 Introduction

responses to sound, specifically in the context of electric vehicle noise.

1.4 Scope of the Thesis

Conducting laboratory listening experiments to capture human responses in complex
acoustic environments with high ecological validity requires expertise in two distinct
fields. On the one hand, the creation and validation of virtual acoustic environments
demands deep knowledge in acoustic engineering, particularly when the scenarios
of interest cannot be addressed with off-the-shelf solutions. On the other hand,
designing human subject studies, measuring behavioral and physiological responses,
and conducting robust statistical analyses often require expertise that researchers
primarily trained in engineering acoustics may lack.

As a consequence, many existing studies focus methodologically on one side of
this spectrum. Some noise exposure studies apply advanced study designs with
large participant samples and sophisticated response measures, yet rely on relatively
basic acoustic reproductions. Others employ highly refined auralization techniques,
but combine them with simplified study designs. Both approaches are valid and can
provide valuable insights when interpreted carefully, yet their limitations are evident.
Integrating both fields promises higher overall quality and potentially more sensitive
outcomes, which form the central motivation for the present work.

The scope of this thesis is therefore to establish a general methodological frame-
work for conducting listening experiments in virtual acoustic environments and to
demonstrate its potential through a focused application to electric vehicle noise. This
work integrates both ends of the spectrum, from advanced auralization methods to
the quantification of human responses, thereby linking precise acoustic modeling
with experimentally validated perceptual, behavioral, and physiological outcomes.

The methodological focus lies on three areas. First, it addresses the creation of
custom auralization solutions tailored to specific experimental requirements. Sec-
ond, it examines how such virtual environments can be validated and what level of
accuracy is required to obtain meaningful results. Third, it integrates a broad range
of outcome measures, including subjective assessments, physiological indicators, and
behavioral responses. Together, these elements define a methodological framework
for evaluating human responses to sound across different areas of noise research.

Electric vehicle noise serves as the central case study through which the frame-
work is applied and tested. This application not only yields new insights into how
humans perceive, localize, and respond to different AVAS signals but also demon-
strates how auralization can be used as a tool for evidence-based design. By enabling
controlled investigations before new acoustic solutions are introduced into everyday
environments, the application highlights the role of virtual acoustics as both a re-
search method and a prototyping tool. In addition to its scientific contribution, the
methodology offers practical value to policymakers and industry stakeholders by pro-
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viding a systematic approach to assessing acoustic interventions before large-scale
implementation. The acoustic perspective adopted throughout this application is
that of external observers, such as pedestrians and nearby residents. The interior
soundscape experienced by vehicle occupants is not addressed.

Although the general framework outlined in this thesis can be extended to other
contexts, the present work focuses on a specific application. It does not provide a
universal manual for listening experiments nor a comprehensive study of all possible
electric vehicle noise effects. Instead, it presents a focused research program that
develops and validates a specific auralization implementation and applies it across a
set of targeted studies. Finally, the scope of this work does not extend to long-term
epidemiological studies, comprehensive reviews of all available auralization methods,
or transport noise sources beyond road traffic. These areas are acknowledged but lie
outside the present focus.

1.5 Thesis Outline
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Auralization AVAS Noise Effects
Development Perception in Living
and Validation and Safety Environments
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Indoor Extension Localizability

Low-Frequency Noise

Figure 1.1: Thematic clusters of the included papers.

This thesis is organized into seven chapters. After introducing the motivation,
context, and research objectives in Chapter 1, the thesis proceeds from a broad
methodological perspective on virtual acoustic environments and human response
research to a focused application of these methods to electric vehicle noise.

Chapter 2 introduces the principles of creating virtual acoustic environments
through auralization. It reviews the main stages of the auralization process, includ-
ing source signal generation, radiation, propagation, encoding, and reproduction, as
well as requirements for numerical and perceptual validation. Together, these ele-
ments define a methodological framework in a broad sense, that is, a structured set
of concepts, models, and techniques that can be combined to address diverse research



Chapter 1 Introduction

questions.

Chapter 3 complements this by reviewing methods for measuring the human re-
sponse to sound. It covers subjective, physiological, and behavioral response mea-
sures, along with general considerations on study design and statistical evaluation.
Like the preceding chapter, it contributes to the overall methodological framework
by outlining established approaches and constraints rather than describing a specific
implementation.

Building on this foundation, Chapter 4 presents a concrete realization of the frame-
work outlined in Chapters 2 and 3, tailored to the study of electric vehicle noise. The
chapter describes the implementation of an electric vehicle auralization toolchain, in-
cluding reference measurements, source modeling, radiation directivity, propagation,
and reproduction. It further details the applied validation strategies and the design
of the listening experiments used to evaluate human responses to EV noise under
controlled conditions.

Chapter 5 provides an overview of the six papers included in the thesis, situating
each contribution within the overall research objectives. The included papers can
be grouped into three thematic clusters, as illustrated in Figure 1.1. The first clus-
ter concerns model development and validation and comprises a general auralization
model for electric vehicle noise in outdoor conditions (Paper A), and its extension to
indoor scenarios (Paper B). The second cluster addresses perception and safety and
includes studies on vehicle localizability (Paper D) and the influence of AVAS direc-
tivity on speed perception (Paper C). The third cluster focuses on broader human
response evaluation and covers the effects of electric vehicle noise in living environ-
ments on attention, annoyance, workload, and electrodermal activity (Paper E), as
well as a related experiment on low-frequency noise with different temporal struc-
tures (Paper F). While the latter is not specific to electric vehicles, it strengthens
the general methodology presented in this thesis.

Chapter 6 synthesizes the findings across the different studies and reflects on
methodological insights gained throughout the work. It discusses implications for
electric vehicle noise research, broader applications of virtual acoustic environments
in human response studies, and remaining limitations and open questions.

Finally, Chapter 7 summarizes the main conclusions of the thesis and outlines
their implications for electric vehicle sound design, methodological practice, and
future research directions.



CHAPTER 2

Creating Virtual Acoustic Environments Through Auralization

This chapter introduces auralization as a broad methodological framework for creat-
ing virtual acoustic environments. Rather than describing a single implementation,
it summarizes the main building blocks that can be combined and adapted for ap-
plications ranging from transportation noise to room acoustics and product sound
design. The chapter first clarifies the term auralization and its scope (Section 2.1),
then outlines the typical stages of an auralization chain (Section 2.2). The subse-
quent sections review common approaches for source signal generation (Section 2.3),
radiation (Section 2.4), propagation (Section 2.5), encoding (Section 2.6), and re-
production (Section 2.7). Finally, general requirements and validation strategies are
discussed (Section 2.8), and existing auralization tools are briefly reviewed (Sec-
tion 2.9). Together, these elements define the methodological space from which the
later thesis chapters select and combine methods for the specific application consid-
ered in this work.

2.1 The Term Auralization

The process of creating virtual representations of acoustic scenes is often referred to
as auralization. The term is often understood as an acoustic parallel to visualization,
in which data are made perceptible through visual representation, and was first
coined by Kleiner et al. [32]. At that time, it was defined as: “Auralization is 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
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a given position in the modeled space.” In other words, the term originally described
the process of making room acoustic simulations audible. Behind this concept lies
the fundamental insight that numerical acoustic parameters alone, such as clarity,
definition, or gain in room acoustics, may not fully capture how humans perceive
the quality of an acoustic environment. Auralization was therefore introduced as
a complementary approach: instead of reducing the acoustic experience to a set of
numbers, it provides a perceptually relevant, audible impression of a simulated space
or scenario.

The analogy to visualization is therefore only partly accurate. Whereas visual-
ization can be applied to virtually any data type (e.g., temperature, velocity, or
pressure), auralization refers specifically to the auditory rendering of acoustic mod-
els. The broader counterpart to visualization is sonification, which refers to the
mapping of arbitrary data into sound for analysis, monitoring, or communication,
such as Geiger counter clicks [33]. Another term that has gained prominence in
recent engineering and simulation discourse is the digital twin, which is a virtual
replica of a physical system that mirrors its state and behavior. First introduced
in aerospace engineering [34], digital twins typically cover multiple dimensions, such
as structural, thermal, acoustic, and environmental aspects. The concept applies to
a wide range of complex processes. For example, a city’s digital twin could be a
comprehensive virtual model that integrates traffic flow, pedestrian movement, air
quality, and noise pollution in real time [35]. Within this framework, auralization
can be conceived as a sensory interface of the digital twin, providing a physically
and perceptually accurate rendering of its acoustic dimension, e.g., simulating traffic
noise or ambient soundscapes under different urban scenarios.

Today, the concept of auralization has been adopted in multiple acoustic disciplines
[31], but its exact scope varies. In some contexts, it denotes only the final step of
making a simulation audible [36], while in others, it encompasses the entire toolchain
from source signal generation through propagation modeling to the audible rendering
[37]. The latter view has gained prominence, especially in applied fields such as drone,
railway, or tire noise auralization [38-40], where source signal generation often plays a
more critical role than the final rendering. In this thesis, auralization is understood
in this broader sense, covering the full process from signal generation, via sound
propagation modeling, to the final auditory reproduction.

2.2 Overview of the Auralization Process

To introduce the concept of auralization, it is helpful to recall the basic chain of
physical events that occur whenever we hear a sound. A source — for example, a
loudspeaker diaphragm or a rolling tire — is excited by a force, causing it to vibrate.
This vibration sets the surrounding air particles into motion, producing alternat-
ing regions of high and low pressure. The process by which a vibrating source
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Figure 2.1: Stages of auralization from source to reproduction.

couples energy into the surrounding medium is called sound radiation and can be
both frequency-dependent and directional. For instance, a loudspeaker may radiate
nearly omnidirectionally at low frequencies, whereas at high frequencies it radiates
more strongly forward than to the sides.

Once radiated, the resulting pressure fluctuations propagate through the air as
sound waves at approximately 343m/s. Along their path, the waves may interact
with surfaces and objects and, depending on their geometry and acoustic impedance,
be reflected, diffracted, scattered, or absorbed. Atmospheric conditions such as wind
or temperature gradients can further affect propagation. In addition, the sound
energy spreads geometrically with distance, causing the intensity at a given point to
decrease.

Eventually, the sound waves reach the listener. Depending on the source position,
they may reach the two ears at different times and with different amplitudes, pro-
viding interaural cues for spatial localization. The complex shape of the outer ear
further filters the signal in a direction-dependent way. Together, these binaural cues
enable the auditory system to estimate both the direction and distance of the source
and provide the listener with a spatial impression.

If the sound field is enclosed by reflecting surfaces, as when listening inside a
room, the listener perceives not only the direct sound but also a dense sequence of
reflections, which eventually merge into a diffuse field. By contrast, in the absence
of reflections, as in an idealized anechoic environment, one speaks of a free field.

Auralization, understood as the process of re-creating this entire chain of events in
a virtual acoustic environment, can be structured into the following stages: source
signal generation, sound radiation, sound propagation, receiver encoding, and sound
reproduction. As shown in Figure 2.1, all of these stages may be influenced by
environmental or simulation parameters. Some parameters, such as source posi-
tion, can be time-varying, while others, such as air temperature, may remain static.
Whether parameters are predefined or interactively modified in real time depends on
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the application. Some frameworks support real-time rendering of the entire acoustic
scene, others update only specific stages (e.g., the encoding stage to account for head
movements), while still others rely solely on precomputed signals with no real-time
interaction. Section 2.8 further discusses requirements for real-time computation and
interactivity.

While all processes in Figure 2.1 are included in some form in any auralization
framework, their categorization can vary. Some authors treat encoding and reproduc-
tion as a single stage, while others distinguish between “source-based” and “receiver-
based” auralization [41]. Source-based auralization synthesizes sound at the source
and simulates its propagation through the environment, whereas receiver-based au-
ralization synthesizes the sound directly at the receiver position. Even in the latter
case, however, the acoustic effects of source signal, radiation, and propagation are
implicitly contained in the synthesized signal, though not explicitly modeled as sep-
arate stages.

The following sections provide an overview of common implementations of these
stages (Sections 2.3 to 2.7), discuss framework requirements and validation strategies
(Section 2.8), and review existing end-to-end auralization solutions (Section 2.9).

2.3 Source Signal Generation

In a strict physical sense, the source signal describes how a sound source excites
the surrounding medium, for example, in the form of a surface velocity or volume
velocity distribution that drives the subsequent radiation of sound pressure. In the
context of auralization frameworks, however, the term is more commonly used in a
pragmatic sense to denote an audio signal representing the source prior to radiation
and propagation modeling. Such a signal may already be a pressure waveform ob-
tained from recordings or synthesis, which is then modified in the radiation stage
to account for directivity or operating conditions. In the following, the term source
signal is therefore used in this broader, pragmatic sense, referring to a time-domain
signal that characterizes the source independently of the propagation environment.

The nature of such a source signal can vary widely, from a person speaking in
a room to a rolling tire or an aircraft engine, and the complexity of source signal
modeling reflects this diversity. In room acoustic simulations, simple anechoic speech
or instrument recordings are often sufficient, since the primary interest is the per-
ception of the room rather than the source itself. In noise-related applications, by
contrast, generating the source signal often represents the primary challenge in the
auralization framework, as it must capture non-stationary and operating-condition-
dependent sound [42].

12



2.8 Source Signal Generation

2.3.1 Recording-based Models

A straightforward method for generating the source signal is to, if possible, record
clean, anechoic signals of the source under the conditions of interest. For exam-
ple, when studying the human response to heat pump noise, one could place a heat
pump in an anechoic chamber, record its radiated sound under different operating
conditions, and use those recordings as input to subsequent stages of the auraliza-
tion chain [43]. Such recordings typically yield highly plausible results for stationary
conditions, but they are limited to the specific source type and operating conditions
captured. Because the remainder of the virtual environment is flexible, a lack of
adaptability at the source stage can be restrictive, particularly for time-varying sce-
narios such as accelerating vehicles. Moreover, it is not possible to evaluate acoustic
designs that have not yet been implemented in real-world settings using such a purely
recording-based approach.

2.3.2 Physically Detailed Models

At the other extreme, acoustic source signal generation can rely on physically detailed
models, for example, numerical simulations of tire-road interaction [44] or turbulent
flow in jet engines [45]. Such approaches are well established in engineering research
and are particularly valuable when investigating design solutions that do not yet
exist or when isolating the influence of specific physical parameters.

The applicability of these models to auralization-based listening experiments, how-
ever, depends on the intended use case. Physically detailed simulations are often
computationally demanding, which can limit their practicality when many source
variations, operating conditions, or dynamic scenarios are required. In the context
of road traffic noise auralization, modeling fine-grained mechanical details may not
contribute proportionally to perceptual outcomes unless the research question explic-
itly targets those components, such as comparisons between different motor designs.

While it is in principle possible to precompute source signals for specific operating
conditions, this approach can reduce flexibility when adapting the auralization to
varying velocities, trajectories, or environments. In addition, the accuracy of highly
detailed simulations depends on the availability of precise geometric and material
input data, which is often difficult to obtain for real-world sources. As a result, even
physically detailed models may not always yield a perceptual match to recorded
references without further calibration.

2.3.3 Signal-based Synthesis

Within the spectrum of source signal generation methods, signal-based synthesis
occupies the middle ground between purely recording-based approaches and com-
putationally demanding physical models. These approaches use empirical reference

13



Chapter 2 Creating Virtual Acoustic Environments Through Auralization

data — either from recordings or high-resolution simulations — and aim to resynthe-
size signals under different operating conditions at a lower computational cost than
full physical modeling. The term “signal-based” indicates that the final audio signal
itself, rather than the underlying generation mechanisms, serves as the reference to
be modeled.

For example, a reference might consist of a recording of an accelerating vehicle,
together with accurate measurements of the vehicle’s speed. A synthesis model
can then establish a functional relationship between the recorded sound pressure
and vehicle speed, enabling the resynthesis of new passages with arbitrary velocity
profiles. Adapted from the field of computer music, several synthesis techniques have
found widespread application in auralization:

o Additive synthesis superimposes tonal components [46]. For instance, spectral
peaks in an in situ recording can be identified and mapped to speed-dependent
functions. Although not exact in a physical sense, this method enables flex-
ible resynthesis of tonal signals and can be extended to include amplitude
or frequency modulation. Its main limitation is the difficulty of reproducing
broadband noise components.

o Subtractive synthesis starts from a broadband noise signal and applies filters
derived from recordings, which can be interpolated to represent different oper-
ating conditions. This approach is efficient for broadband noise, but less suited
for tonal or transient components. Moreover, filter functions are often less in-
tuitive to manipulate than the simple frequency mappings used in additive
synthesis.

e Granular or sample-based synthesis reassembles short excerpts of recorded
sound (grains or longer segments) into new sequences, making it possible to
capture non-stationary signals. These grains can also be physically motivated,
for example, by extracting individual strokes from a combustion engine and
reassembling them at different velocities [47, 48]. Granular synthesis can repro-
duce tonal, noisy, and impulsive components, but constructing flexible models
is often less straightforward than with additive or subtractive synthesis.

e Spectral modeling synthesis decomposes a signal into deterministic sinusoidal
components and a stochastic residual [37]. This separation enables independent
manipulation of tonal and noisy components, making spectral modeling synthe-
sis particularly suitable for sources that exhibit both harmonic and broadband
features, such as engines. However, its ability to capture strongly transient
signals is limited.

Signal-based synthesis, therefore, provides a flexible and computationally efficient
alternative to recordings or detailed physical models. In environmental acoustics,
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this principle is further extended in standardized parametric approaches, as described
below.

2.3.4 Standardized Parametric Models

In environmental noise research, several standardized parametric models are in wide-
spread use, including Harmonoise [49], Nord2000 [50], and the more recent CNOSSOS-
EU framework [5]. These models were originally developed for regulatory and
engineering-oriented noise prediction rather than for auralization. They typically
describe sources in terms of sound power levels or third-octave band emission spec-
tra as functions of source category, speed, and operating condition.

Although they do not produce time-domain audio signals directly, their spectral
output can serve as a foundation for synthesizing source signals. A common strategy
is to use predicted spectra to filter broadband noise, thereby generating signals with
the correct spectral characteristics. If the models specify tonal components, these
can be added explicitly. In this way, standardized models provide physically justi-
fied and widely accepted references for source strength and spectral shape, ensuring
comparability across studies and consistency with regulatory frameworks.

However, because these models were not designed for perceptual evaluation, they
have inherent limitations. In particular, they lack temporal fine structure and tran-
sient behavior, and they are restricted to a limited set of standard source categories
rather than enabling detailed modeling of individual vehicle types. For this reason,
standardized models are best regarded as complementary to the signal-based syn-
thesis methods discussed above: they provide reliable spectral data that can guide
or constrain the generation of more plausible and flexible source signals.

2.3.5 Machine Learning Approaches

In recent years, machine learning methods have gained increasing attention in acous-
tics [51], with applications ranging from environmental noise prediction [52, 53] to
room acoustic auralization [54, 55]. Given the success of neural networks in speech
and music synthesis, where neural vocoders, autoregressive models, and more re-
cently diffusion-based methods have achieved remarkable audio quality [56], their
use for source signal generation in auralization appears promising.

So far, however, applications in noise-related auralization remain sparse. This is
likely due to several challenges: suitable datasets with sufficient coverage of operating
conditions are rarely available, large amounts of labeled training data are typically
required, and trained models often struggle to generalize beyond the conditions seen
during training.

Despite these obstacles, data-driven methods offer attractive opportunities. They
can capture complex, nonlinear source characteristics that are difficult to describe
analytically and may enable end-to-end frameworks in which physical parameters,
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such as vehicle speed, are directly mapped to synthesized audio. Important open
questions include the controllability of such models, their interpretability, and their
robustness across different scenarios. With ongoing progress in generative audio mod-
eling [57, 58], machine learning approaches are likely to evolve into an increasingly
relevant complement to the recording-based, parametric, and standardized methods
discussed above.

2.3.6 Summary
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Figure 2.2: Source signal generation methods positioned by parametric control and signal
coverage. Marker shading indicates approximate computational cost. Note that the values
are only illustrative, as the exact levels of parametric control, signal coverage, and compu-
tational cost depend on the implementation and application of each method.

In summary, the choice of source signal generation method depends strongly on
the application: simple recordings may suffice for room acoustics, while engineering
or environmental studies often require more flexible or parametric synthesis methods.
Figure 2.2 summarizes the methods discussed above in terms of three dimensions:
parametric control, i.e., how easily a model can be tuned to new operating condi-
tions; signal coverage, i.e., the range of signal types that can be represented; and
estimated computational cost. These values should be understood as illustrative
rather than as a universal ranking, since the exact position of each method depends
on its implementation and the intended application.

A further aspect, not explicitly shown in the figure, is the demand for reference
data, which tends to correlate with signal coverage. Methods such as standardized
parametric models or signal-based synthesis require only limited reference data for
calibration, whereas recording-based approaches, machine learning models, or de-
tailed physical simulations demand extensive input data: either recordings of all
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relevant operating conditions, large labeled training sets, or detailed material and
environmental parameters.

Regardless of the chosen method, the generated source signal serves as input to
the next stage of the auralization process, sound radiation, in which its spatially and
frequency-dependent emission into the environment is determined, as described in
the following section.

2.4 Radiation
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Figure 2.3: Exemplary normalized horizontal tire radiation directivity, based on measure-
ments performed in [59] and interpolated using spherical harmonics.

Once a source signal is defined, its radiation into the acoustic environment must be
modeled. Thereby, the radiation directivity describes the frequency- and direction-
dependent distribution of acoustic energy, which may also vary with the operating
condition of the source. For instance, a rolling tire may radiate low-frequency sound
almost omnidirectionally, while higher-frequency components are concentrated in the
forward driving direction (see Figure 2.3).

As with source signal generation, the complexity of radiation modeling varies
widely. At the simplest level, sources may be approximated as omnidirectional radia-
tors (monopoles), which enables straightforward propagation modeling but neglects
angular dependence. At the other extreme, radiation characteristics can be ob-
tained from numerical simulations, for example, using the Boundary Element Method
(BEM) [60]. Such simulations provide high spatial resolution but are computation-
ally demanding, particularly at mid- to high frequencies.
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Experimental approaches represent a common middle ground. Directivity can be
measured using microphone arrays in anechoic chambers [61], or, where controlled
environments are not available, through in-situ setups [62] or measurements with
limited angular resolution [59]. The resulting data can be interpolated to cover
missing directions or operating conditions.

Between purely measurement-based and purely model-based strategies, hybrid
approaches have emerged. These combine partial experimental data with compu-
tational models to extend spatial or frequency coverage. For example, a measured
directivity pattern at a limited number of angles may be expanded using a low-order
analytical model [63]. Such hybridization balances accuracy with feasibility, and is
increasingly relevant when full high-resolution measurements or simulations are im-
practical. Finally, standardized noise assessment frameworks such as CNOSSOS-EU
[5] define simplified radiation models, often based on angular correction terms, that
enable consistent predictions across large-scale environmental studies.

The perceptual relevance of directivity is often lower than that of the source
signal itself, and the necessity of including it in an auralization depends strongly
on the source type and application. The required complexity is also frequency-
dependent: most sources exhibit relatively simple low-frequency radiation patterns,
whereas high-frequency radiation tends to be much more complex. In free-field sim-
ulations with stationary sources and receivers, one could even argue that directivity
acts only as a static filter, which can be incorporated directly into the source signal.
By contrast, when either the source or receiver is in motion, radiation directivity be-
comes more critical for realistic rendering [64, 65]. In room environments, directivity
can further influence the reverberant field, which may become particularly relevant
for highly directional sources such as certain musical instruments [66, 67].

In addition to directivity, the apparent spatial extent of a source may be relevant.
A monopole model not only assumes omnidirectional radiation but also a point-
like source. In reality, extended sources such as a car chassis may scatter sound so
that the listener perceives energy arriving from a broader region. This aspect of
radiation is not yet fully understood and is rarely addressed in practical auralization
frameworks.

2.4.1 Spherical Harmonic Representation

In addition to the computational and experimental challenges discussed above, in-
corporating complex radiation directivity into auralization may also pose difficulties
for data handling. If directivity is defined as complex pressure values on an arbi-
trary measurement or simulation grid, the dataset can become large, irregular, and
cumbersome to interpolate.

A practical way to address this is through a Spherical Harmonic (SH) expansion.
In this approach, which is used later in this thesis and hence covered in greater
detail here, pressure data measured or simulated on a sphere around the source are
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Figure 2.4: First few real spherical harmonics Y;” of order [ and degree m. The surface
radius encodes magnitude, and color indicates positive (orange) and negative (blue) values.

decomposed into spherical harmonic coefficients, W™ (f). These coefficients describe
how the frequency-dependent pressure distribution, p(¢, 8, f), can be reconstructed
as a weighted sum of spherical harmonics basis functions, Y;"(¢,6), of order ! and
degree m, defined over azimuth ¢ and colatitude 0 (Figure 2.4) following [68]:

0o l
p(.0.1) =) > WiHY"(6,0). (2.1)
=0 m=—1

For spatially discrete pressure observation points, Equation (2.1) can be written
in vector-matrix form as p = Y W, where p contains the measured pressures and Y
the evaluated basis functions. The SH coefficient matrix W can then be estimated
in the frequency domain using a least-squares solution [69].

The main benefit of this representation is that complex directivities can be ap-
proximated with a limited SH order, reducing data size while preserving essential
features. At the same time, the SH basis inherently provides interpolation, allowing
the pressure to be evaluated at arbitrary angles rather than only at the measured
or simulated grid points. In this way, radiation patterns can be described using a
compact, universal set of coefficients rather than irregular pressure maps.

While other multipole-based representations, such as expansions in monopole,
dipole, or plane-wave bases, have also been used for acoustic applications [68, 70],
spherical harmonics have become the most common framework for radiation directiv-
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ities because they provide a complete basis for functions defined on the sphere and,
in practice, allow many natural sound sources to be represented accurately with only
a few low-order terms.

Nevertheless, SH representations also have limitations. In particular, they assume
that the source is located at the center of the expansion sphere, which may not
be valid for extended or distributed sources. This issue becomes relevant in the
application discussed in Section 4.1.3.

2.5 Propagation

Figure 2.5: Illustration of typical road-traffic noise propagation path including ground
reflections, noise barrier diffraction, window transmission, and room reflections.

Propagation describes how sound travels from a source to a receiver through the
surrounding medium and environment. In the context of auralization, this process is
often represented by an impulse response, h(t), which specifies how a short impulse
emitted at the source arrives at the receiver. Its frequency-domain equivalent is the
transfer function, H(f). Under the assumption of a Linear and Time-Invariant (LTI)
system, either of these functions fully characterizes the propagation path, meaning
that once the transfer function is known, the received signal can be obtained by
filtering the source signal accordingly. Figure 2.5 illustrates a typical road-traffic
noise propagation path, from an outdoor source via ground reflections, diffraction
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over a noise barrier, transmission through a window, and reflections within an indoor
environment.

In the simplest case of free-field propagation, the transfer function reduces to a
time delay, a geometric distance attenuation, and, at longer distances, frequency-
dependent air absorption. In more realistic scenarios, however, additional phenom-
ena such as reflections, diffraction, and scattering strongly shape the received signal.

The relative importance of these effects depends on the acoustic environment. In
enclosed spaces, reflections and reverberation dominate the auditory impression and
are the central focus of room acoustic auralizations. In outdoor environments, long
propagation paths and inhomogeneous atmospheric conditions pose unique modeling
challenges. Finally, when either source or receiver is in motion, the propagation path
becomes time-varying and introduces additional perceptual cues such as Doppler
shifts.

The following sections introduce common modeling approaches for indoor and
outdoor sound propagation, as well as the effects of source and receiver motion.

2.5.1 Indoor Sound Propagation

Indoor sound propagation includes both airborne sound within enclosed spaces,
which is covered by the field of room acoustics, and transmission through building
structures, as described by building acoustics.

Room Acoustics

Modeling sound propagation in rooms has been a central focus of acoustics research
for decades, from the design of concert halls to the evaluation of classrooms and
offices [71]. In this context, a wide range of simulation methods has been developed,
each with its own balance of accuracy and computational efficiency [72]. These can
be broadly grouped into geometrical, energy-based, and wave-based approaches.
Geometrical approaches explicitly follow the propagation paths between the source
and the receiver. The simplest example is the image source method, which repre-
sents reflections by introducing virtual sources. This allows straightforward inclusion
of source and receiver directivity as well as frequency-dependent absorption coeffi-
cients. However, scattering is usually neglected, and the computational effort in-
creases rapidly with the number of reflections. More scalable are ray-based methods,
such as ray tracing or beam tracing, where a large number of rays are emitted from
the source and tracked through the room as they reflect, scatter, or are absorbed
at surfaces. Modern Graphics Processing Units (GPUs) can accelerate these simula-
tions considerably. Nevertheless, the resulting impulse responses may appear sparse,
since reflections are only captured if a sufficient number of rays intersect with the
receiver. This stochastic sampling makes early reflections particularly difficult to
model reliably, as, unless extremely high ray densities are used, the direct sound and
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first-order reflections may be missing or inaccurately represented, leading to audible
artefacts [31].

Energy-based methods compute the exchange of acoustic energy, for example, be-
tween surface elements. The most common is the radiosity method, in which each
surface patch reflects and redistributes energy to all others in an iterative process
until equilibrium is reached [73]. This efficiently models diffuse reflections and the
build-up of late reverberation, producing smoother decay characteristics than ray
tracing. However, because radiosity operates on energy rather than phase, it cannot
reproduce interference effects or resolve precise early reflection paths, and is therefore
often combined with geometrical methods.

Wave-based methods, such as the Finite Element Method (FEM), Boundary Ele-
ment Method (BEM), or Finite-Difference Time-Domain (FDTD), simulate sound
propagation by directly solving the acoustic wave equation. For very simple geome-
tries, analytical solutions can be derived using separation of variables with appro-
priate boundary conditions (e.g., Neumann for rigid walls or Dirichlet for pressure-
release surfaces) [70]. These approaches provide high physical accuracy, particularly
at low frequencies, but are computationally demanding and are typically restricted
to simple geometries or narrow frequency ranges.

In practice, hybrid approaches are often employed, where wave-based methods are
used at low frequencies and combined with geometrical or surface-based methods at
mid-to-high frequencies to achieve broadband coverage at a feasible cost.

Building Acoustics

A special case of indoor sound propagation arises when part of the sound field trav-
els through building structures rather than solely through air. Examples include
environmental noise penetrating through facades into dwellings, or noise from neigh-
boring apartments being transmitted through walls or floors.

Modeling such phenomena requires tools from building acoustics [74]. Detailed
physical simulations of structure-borne transmission are possible but computation-
ally expensive for full buildings. More commonly, analytical and semi-empirical
models, such as those described in the ISO 12354 series [75], are applied to estimate
sound insulation based on material properties and construction details. In aurali-
zation frameworks, these effects are often simplified to frequency-dependent filter
functions representing typical wall or facade constructions. However, there are also
mechanisms, such as the coincidence effect (i.e., the fact that sound transmission
through a facade or window varies with the angle of incidence), that may be percep-
tually relevant in some scenarios but cannot be represented by a simple static filter
function.

In addition to direct transmission, flanking paths, where sound travels indirectly
through structural connections, can contribute significantly to the overall propaga-
tion path for some applications. However, flanking is often neglected in simplified
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models, and accounting for these effects remains an important challenge for percep-
tually accurate auralizations of indoor environments.

2.5.2 Outdoor Sound Propagation

Modeling outdoor sound propagation poses distinct challenges compared with indoor
environments. In the absence of enclosing boundaries, long source-receiver distances
and atmospheric inhomogeneity become important. Thereby, the effects relevant for
an auralization framework depend strongly on the propagation distance. While the
sound from a nearby e-scooter may primarily be influenced by ground reflections and
simple distance attenuation, an aircraft at several kilometers distance is subject to
pronounced atmospheric absorption, refraction, and turbulence effects that need to
be included in the propagation model.

At the most basic level, outdoor propagation can be represented by geometric
spreading combined with frequency-dependent air absorption, often modeled accord-
ing to ISO 9613-1 [76] as a distance-dependent filter. For moving sources, the filter
parameters may be adapted dynamically as the source—receiver distance changes. In
addition, interaction with the ground plays an important role: depending on source
and receiver heights, ground impedance, and frequency, interference between direct
and reflected waves can cause spectral coloration.

At longer propagation distances, atmospheric effects become increasingly relevant.
Gradients in temperature or wind velocity can refract sound rays, leading to focus-
ing or shadowing effects. Small-scale turbulence causes stochastic fluctuations in
amplitude and phase, which may be described using models such as the von Karman
spectrum [77]. These effects are particularly important in the auralization of aircraft
or other long-range sources, where they strongly contribute to perceived realism.

Another important case in outdoor environments is the presence of obstacles such
as noise barriers or building edges. Here, diffraction effects dominate and can be
modeled analytically, e.g., using Fresnel approximations [78], or numerically, for
example, using the boundary element method. In urban environments, additional
complexity arises from multiple reflections in street canyons or between building
facades.

As in indoor acoustics, a range of outdoor sound propagation modeling approaches
exists, from simplified engineering standards (ISO 9613-2 [78], CNOSSOS-EU [5],
Nord2000 [50]) to computationally intensive numerical methods. For auralization
purposes, simplified filter-bank approaches or hybrid models are often employed to
capture the dominant perceptual effects while maintaining computational efficiency.

2.5.3 Movement

When either the source or the receiver is in motion, the sound propagation path
becomes time-varying and therefore more complex to model. From the receiver’s
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perspective, movement could in principle be treated only at the reproduction or
encoding stage, for example, by adjusting the intensity between the left and right
headphones to create a movement impression. However, important physical effects
occur before the sound wave reaches the receiver, making source movement an es-
sential part of propagation modeling. The most prominent example is the Doppler
effect, where relative motion leads to a compression or expansion of the wavelength
and a corresponding shift in perceived frequency. In addition, movement modifies
the overall intensity through distance-dependent attenuation and alters the balance
between direct and reverberant sound fields.

Analytical treatments of moving sound sources have been studied extensively [70,
79]. For simple monopole sources, the Doppler shift can be described in closed
form. More complex sources, however, pose greater challenges since their directivity
interacts with motion [80, 81], and multiple radiation components may be shifted
differently.

In practical auralization frameworks, simpler engineering solutions are often em-
ployed. Ome approach is to compute transfer functions for a sequence of discrete
source positions and apply these to the corresponding source signal segments. This
produces a time-varying impulse response (sometimes also referred to as a mov-
ing Green’s function [82]), which naturally captures Doppler shifts and distance-
dependent attenuation, but at the expense of increased computational cost. Effi-
cient implementations typically rely on interpolation between precomputed impulse
responses or on partitioned convolution to manage the computational load.

Simpler approximations treat movement only at the reproduction stage. For exam-
ple, in binaural or loudspeaker-based auralization, source motion can be simulated by
interpolating between panning directions without explicitly modeling the underlying
propagation. Such approaches omit Doppler shifts but may be perceptually sufficient
in many room-acoustic applications where sources and listeners move slowly.

Listener motion introduces similar challenges. A moving receiver experiences
Doppler shifts relative to each source and a continuously changing balance between
direct and reflected sound. These effects can be incorporated using the same meth-
ods as for source motion, but at higher computational cost because the entire sound
field must be updated.

Overall, the importance of including movement effects depends strongly on the
application. For environmental and transportation noise, Doppler shifts and time-
varying propagation are often critical perceptual cues, whereas in indoor simulations
with slow-moving sources, simplified rendering strategies may be adequate.

2.6 Encoding

In the context of auralization frameworks, encoding refers to the step in which all
source contributions arriving at the receiver position after propagation modeling are
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transformed into a signal format that represents the virtual sound field. Encod-
ing does not itself produce audible sound, but defines the representation that the
reproduction stage will later render to the listener. This encoded representation
determines how spatial information is preserved and made available for playback.
Depending on the application, encoding may range from a single summed signal to
highly flexible spatial formats.

The simplest case is monaural encoding, in which all source contributions are added
to form one single audio channel. This may be sufficient when spatial impressions
are irrelevant or when reproduction is later performed with a single loudspeaker.

For most auralization applications, however, spatial cues are required, leading to
binaural encoding. In this case, direction-dependent cues such as Interaural Time Dif-
ferences (ITDs), Interaural Level Differences (ILDs), and source-position-dependent
spectral colorations caused by the listener’s head, torso, and pinnae are incorporated
into the signal. In its basic form, the sound arriving at the receiver is filtered with
a Head-Related Transfer Function (HRTF), producing left- and right-ear signals.
When room acoustics are included, this can be extended to Binaural Room Impulse
Responses (BRIRs), which combine source, room, and listener characteristics. Since
HRTFs and BRIRs are direction-dependent, this approach assumes knowledge of the
incidence direction of each sound component. For simulated or measured multichan-
nel room responses, methods such as the Spatial Decomposition Method (SDM) [83]
decompose the response into reflections from specific directions, which can then be
processed individually using the corresponding HRTFs.

Beyond direct HRTF or BRIR filtering, more advanced approaches treat binaural
synthesis as a Multiple-Input Multiple-Output (MIMO) problem. In this case, a
measured or simulated sound field is first sampled on a surface or volumetric grid
around the receiver position. The transfer functions between these sampled points
(inputs) and the listener’s left and right ear signals (outputs) are then estimated,
typically via a least-squares fit to HRTF measurements [36]. This produces binaural
signals that can flexibly incorporate spatial detail from the sampled field. While
powerful, such methods are computationally demanding and less common in real-
time auralization frameworks.

A more reproduction-independent option is provided by Ambisonics, or its exten-
sion to Higher-Order Ambisonics (HOA) [84]. Here, the sound field at the receiver is
encoded as a set of spherical harmonics coefficients in a standardized format. This
representation is not tied to any specific playback system and can later be decoded
for headphones, loudspeaker arrays, or other setups. A key advantage is that head
movements can be applied flexibly at the reproduction stage, since HRTFs are not
embedded in the encoded signal. The achievable spatial resolution depends on the
Ambisonics order.

Another family of approaches is channel-based encoding, which directly assigns
audio signals to a fixed number of channels corresponding to loudspeakers. In the
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simplest case, two loudspeakers enable stereo encoding, in which sources are posi-
tioned by intensity or time differences within the stereo panorama. Surround formats
such as 5.1 or 7.1 extend this to more loudspeakers. With larger arrays, methods
such as Vector Base Amplitude Panning (VBAP) [85] allow three-dimensional source
positioning by distributing energy across nearby speakers. At the most complex end,
Wave Field Synthesis (WFS) [86] aims at the physical reconstruction of the sound
field using large loudspeaker arrays. Since WFS specifies reproduction signals di-
rectly rather than providing an intermediate encoding, it partly blurs the distinction
between encoding and reproduction, but is often categorized as a reproduction tech-
nique and will therefore be discussed further in the following Section 2.7.

2.7 Reproduction

The final step in an auralization framework is the acoustic reproduction of the en-
coded signals through a specific set of transducers, either headphones or loudspeak-
ers. Reproduction does not alter the encoded representation itself but renders it
as audible sound to the listener. In this sense, reproduction must be matched to
the chosen encoding format. For example, binaural signals are typically rendered
over headphones, while Ambisonics or channel-based encodings require decoding for
loudspeaker arrays. Reproduction also determines how many listeners can be ad-
dressed simultaneously, how robust spatial cues remain during head movement, and
how much calibration effort is required.

2.7.1 Headphone-Based Reproduction

The simplest case of headphone-based reproduction is the direct playback of binaural
signals over a pair of headphones. This approach is widely used in room-acoustic
auralizations, where the absolute sound pressure level may be of secondary impor-
tance, and the main concern is to convey spatial cues. In such cases, the choice
of headphone type (in-ear, on-ear, or over-ear) may be the only relevant factor. A
common perceptual issue in binaural reproduction is internalization, where sounds
are perceived “inside the head” rather than externalized in space. To mitigate this
effect, headphone equalization is commonly applied to avoid additional spectral col-
oration that would otherwise distort the HRTF cues encoded in the binaural signal.
Individualized HRTFs can further improve externalization and spatial realism.

For applications where level accuracy is critical, such as evaluations of environmen-
tal noise effects, headphone reproduction must be carefully calibrated. In principle,
calibration ensures that the sound pressure level at the entrance of the listener’s ear
canal matches the intended simulation and can be performed using artificial heads
or ear simulators. In practice, however, headphone equalization is considerably more
difficult than for loudspeakers [31] since the relevant radiation impedance is that of
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the ear canal rather than a free-field condition, and large inter-individual differences
in ear canal geometry lead to resonances that vary across listeners. Even with digi-
tal equalization and artificial ears, uncertainties remain due to mounting conditions,
leakage in closed headphones, and other listener-specific factors. As a result, over-
all level calibration is often considered sufficient for many applications, while more
demanding experiments face inherent limitations in achieving a flat or standardized
response across listeners.

Headphone reproduction can further incorporate head tracking, which dynamically
updates the binaural signals according to the listener’s orientation. This substan-
tially improves externalization and spatial stability in HRTF-based rendering by
preserving the natural relationship between head motion and auditory cues. How-
ever, head-tracked playback requires low end-to-end latency, that is, minimal delay
between head motion and the corresponding update of the auditory scene. Achiev-
ing such responsiveness demands high processing performance and careful real-time
implementation.

Despite these possibilities, headphone-based reproduction inevitably reduces the
ecological validity of virtual environments, since listeners must wear transducers on
or in their ears. In addition, spatial accuracy relies on either generic HRTFs, which
may limit localization performance for some individuals, or on individualized HRTF
measurements, which require considerable effort. Headphones also only address a
single listener at a time. Loudspeaker-based reproduction, by contrast, can offer
higher ecological validity, supports multiple listeners, and avoids the need for HRTFs
altogether, since participants listen with their own ears.

2.7.2 Loudspeaker-Based Reproduction

Loudspeakers allow listeners to experience sound without wearing transducers, which
can enhance the perception of naturalness and ecological validity [31, 87]. This is par-
ticularly important in applications that aim to simulate everyday acoustic environ-
ments, such as evaluating noise exposure during sleep, where the use of headphones
is not feasible. Loudspeakers also permit the reproduction of very low frequencies
that extend below the range of most headphones, where the perception involves not
only the ears but also the whole body [88].

Depending on the chosen encoding format, the encoded signals must be adapted to
the loudspeaker array before reproduction. For example, channel-based encodings,
such as stereo or multichannel surround formats, can be directly assigned to the
corresponding loudspeakers, while Ambisonic signals require decoding to the specific
loudspeaker geometry [89]. The resulting loudspeaker signals are then played back
over the array to reconstruct the desired spatial impression at the listener’s position.

A special case is binaural reproduction over loudspeakers using crosstalk cancel-
lation [90]. In this approach, two or more loudspeakers are used to deliver binaural
signals such that the left signal reaches only the left ear and the right signal only
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the right ear. This requires cancelling the unwanted contributions of each signal at
the contralateral ear. While the method can work well under controlled conditions,
such as with two loudspeakers in an anechoic chamber and a fixed listener position, it
becomes increasingly difficult to maintain with multiple loudspeakers, in reverberant
environments, or when the listener moves.

More advanced reproduction techniques aim not only to reconstruct the pressure
at a single listening position but to reproduce an entire sound field over a listening
area. The most prominent example is Wave Field Synthesis (WFS), which uses a
distribution of secondary loudspeakers to synthesize the desired sound field accord-
ing to the Kirchhoff-Helmholtz integral [86]. Ideally, this allows listeners to move
freely while maintaining an authentic spatial impression and enables simultaneous
reproduction for multiple listeners. However, practical limitations arise from the
spatial sampling theorem, which requires at least two loudspeakers per wavelength
and often restricts the aliasing-free frequency range of most arrays to below approx-
imately 2 kHz. Furthermore, loudspeaker arrays that do not form a closed geometry
suffer from truncation effects, which further reduce reproduction accuracy [91].

While equalization of individual loudspeakers is comparatively straightforward in
anechoic conditions, the calibration of large arrays is more complex. Each loud-
speaker must be matched in frequency response and level, and the entire system
must be adjusted to the intended reference. This process is relatively simple in
controlled environments but becomes increasingly challenging in reflective rooms,
where loudspeaker-room interactions need to be compensated. Another limitation
of loudspeaker-based approaches is the existence of a “sweet spot”, since most re-
production techniques are optimized for a specific listening area. Ambisonics and
WF'S can extend this region, but only within limits imposed by array geometry and
spatial aliasing.

While the best results for loudspeaker-based reproduction are obtained in anechoic
or otherwise controlled laboratory environments, some approaches place loudspeak-
ers in existing rooms. In such cases, the room itself provides the propagation and
reverberation characteristics, so that the reproduced signals represent only the direct
contributions of the sources. This can be advantageous when the goal is to evalu-
ate auralization in ecologically valid everyday settings, for example, by reproducing
traffic noise in a domestic environment.

Overall, headphone and loudspeaker reproduction each offer distinct advantages.
Headphones are portable, inexpensive, and easy to deploy, providing consistent spa-
tial cues for a single listener, but they entail inherent calibration difficulties and
reduced ecological validity. Loudspeakers, on the other hand, provide more natural
listening conditions, support multiple listeners, extend reproduction into the very
low-frequency range, and allow for full-body perception, but at the cost of greater
technical complexity in large-array calibration and a stronger dependence on the
acoustic environment.
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2.8 Requirements and Validation

Auralization is always used with the purpose of subjectively or objectively evaluating
the human response to an acoustic environment. This could happen informally by
listening to simulated room models to judge the perceived quality of a design, or more
formally through controlled listening experiments. What distinguishes auralization
from other virtual acoustic environments, such as those used in computer games, is
the ambition to accurately reflect the underlying simulation. While for entertainment
purposes it may be sufficient that a simulated room sounds realistic and matches the
visuals, for auralization it is not enough that it merely “sounds good”. Instead,
it should ideally reproduce the relevant parameters of the simulated environment,
ensuring both technical validity, in the sense of being numerically correct and free of
artifacts, and perceptual validity, in the sense that listeners experience the acoustic
environment in a way consistent with reality.

Technical and perceptual validity, however, are not necessarily binary attributes.
Whether a technical inaccuracy matters depends on its perceptual consequences,
and conversely, perceptual validity does not always guarantee sufficient technical
correctness. While the ideal outcome of an auralization would be sample-accurate
agreement with a real-world reference, this level of accuracy is generally unattainable
for complex acoustic environments. In practice, auralization necessarily involves
approximations, and the key question becomes which deviations are acceptable for
a given application. The tolerable degree of inaccuracy, therefore, depends on the
specific purpose and outcome measures of the auralization.

Even though the concrete requirements placed on an auralization framework de-
pend on its intended application, several general aspects can be formulated. De-
pending on the use case, these may include sufficient numerical accuracy, robust
implementation, absence of artifacts, and perceptual fidelity appropriate to the task.
In addition, some applications demand real-time operation with interactive listeners
or source movements, or flexibility to handle a wide range of source types, scenarios,
and operating conditions. Different domains also prioritize requirements differently:
in architectural acoustics, perceptual fidelity of room parameters such as reverber-
ation time may be central, whereas in environmental noise studies, correct sound
levels and spectral content may be more critical.

To ensure that such application-specific requirements are met, an auralization ap-
proach must be validated before it can be reliably used for perceptual experiments or
design evaluation. Validation can occur at multiple levels. Component-level valida-
tion examines individual parts of the chain, for example, by comparing a propagation
model to reference measurements or analytical solutions. System-level validation, in
contrast, assesses the complete auralization chain by comparing its output to refer-
ence recordings or real-world listening situations. In practice, validation is typically
approached from two complementary perspectives: numerical validation, which eval-
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uates the technical accuracy of the implementation, and perceptual validation, which
assesses whether listeners experience the rendered environment as intended. The
following two subsections discuss these perspectives in more detail.

2.8.1 Numerical Validation

Numerical validation generally involves comparing the output of an auralization
framework, or of individual components within the processing chain, to a ground
truth. This ground truth can be obtained from real-life measurements, for instance,
recordings of a vehicle pass-by, or from analytically computed references, such as a
high-resolution numerical model used to validate a simplified parametric approach.
In many cases, however, obtaining such a ground truth is difficult or even impossible,
for instance, when a design does not yet exist or when extreme operating conditions
cannot be measured. Moreover, reference recordings are rarely perfectly defined, as
environmental parameters such as reflection coefficients or exact geometry are of-
ten only approximated. In such cases, step-by-step or component-level validation
can be a practical alternative, allowing individual parts of the auralization chain to
be assessed independently. Sensitivity analyses, which examine how variations in
input parameters propagate through a simulation, can further help to identify the
parameters with the greatest influence on the results [92].

A central question in numerical validation is the choice of appropriate metrics
for comparing an auralization against its ground truth. Frequency-domain metrics
may include overall sound pressure levels, third-octave band levels, or narrowband
spectra. Time-domain metrics can capture temporal variations in level, waveform
similarity, or reverberation characteristics. Psychoacoustic metrics such as loudness,
sharpness, tonality, or spatial cues [93] are particularly relevant for estimating per-
ceptual differences between an auralization and binaural reference recordings. For
binaural signals, additional considerations arise, such as whether to average metrics
across channels or to apply auditory models of spatial hearing to better capture
perceived spatial differences [94]. Importantly, signals may match in conventional
metrics or psychoacoustic measures yet still sound perceptually distinct. Further-
more, a limited set of reference signals can lead to overfitting, i.e., an auralization
model may reproduce a specific scenario very accurately but degrade in quality when
parameters such as vehicle speed or source position change.

The requirements for numerical validation are highly application-dependent. For
example, in transportation noise studies, matching third-octave band levels and cap-
turing dynamic spectral changes may be critical, whereas for office acoustics or ar-
chitectural spaces, accurate reproduction of time structure and reverberation char-
acteristics may be more important. However, determining which metrics are most
relevant to perception cannot be achieved through numerical analysis alone. Infor-
mal listening to the generated signals often provides more immediate insight into
auralization quality than numerical metrics in isolation.
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Despite its central role in method development, model tuning, and the identifi-
cation of trade-offs between accuracy and computational cost, numerical validation
cannot replace perceptual evaluation. Perceptual validation is always required to
confirm that listeners experience the rendered signals in a manner consistent with
the intended acoustic environment.

2.8.2 Perceptual Validation

Perceptual validation relies on listening experiments and therefore overlaps method-
ologically with human-response research. In this thesis, however, it is treated as part
of the auralization development process, as a prerequisite for subsequent experiments
rather than an outcome-focused investigation of human responses, and is therefore
described here rather than in Chapter 3. In the context of perceptual validation,
several terms are commonly used to describe the perceived quality of auralizations,
including plausible, authentic, realistic, and perceptually transparent. Clarifying their
meaning is important, since they set different expectations for what an auralization
should achieve.

The notion of authenticity refers to perceptual indistinguishability from a real
acoustic event when compared directly to an external reference [87, 95]. In other
words, listeners are unable to perceive a difference between the auralization and a
reference signal, even when hearing them back-to-back. By contrast, plausibility de-
scribes whether a simulation corresponds to a listener’s expectation of a real event,
based on internal references formed through everyday experience [96, 97]. Plausi-
bility thus relies on subjective judgment without an external reference and depends
strongly on the listener’s prior exposure. In this sense, authenticity implies that all
perceptually relevant features of an acoustic environment are reproduced [98], while
plausibility requires only those features necessary for a given purpose. The term
realistic is often used more loosely in the literature and in practice, usually denoting
that an auralization creates a convincing impression of reality without distinguish-
ing whether it is authentic or merely plausible. Finally, the concept of perceptual
transparency, introduced by analogy to audio coding, can be seen as a special case
of authenticity: both imply that an auralization is indistinguishable from a refer-
ence, but transparency emphasizes the absence of audible artifacts introduced by
processing, whereas authenticity refers more broadly to the faithful reproduction of
all perceptual features of the real event.

Evaluating plausibility can be relatively straightforward. Informally, it can be
assessed by listening to an auralization and judging whether it sounds as expected.
More formally, it can be evaluated in listening experiments in which participants rate
plausibility on a scale, for instance, from “not plausible at all” to “highly plausible”.
Such ratings require that listeners have an adequate internal reference. This is
often unproblematic for sounds such as combustion engine traffic noise, which most
people have experienced extensively, but more difficult for less familiar cases, such as
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drone noise. In these cases, recruiting expert listeners or providing participants with
reference recordings during a familiarization phase can help establish a consistent
baseline.

Authenticity, in contrast, always requires external reference recordings for direct
comparison. The strictness of this comparison depends on the chosen test method.
Sensitive paradigms such as ABX tests, where listeners must identify whether a
stimulus (X) matches one of two references (A or B), are designed to detect even
subtle differences between signals [99, 100]. However, for many applications, less
conservative approaches, such as similarity ratings on a scale, may be sufficient, and
established paradigms in audio quality evaluation, such as MUSHRA tests, can also
be adapted to compare auralizations with reference signals [101].

Both plausibility and authenticity evaluations face the challenge of defining thresh-
olds for success. For example, should an auralization only be considered authentic
if no listener can detect differences in a direct comparison, or is a method still ac-
ceptable if a small percentage of expert listeners consistently perceive deviations?
Proving similarity is generally more difficult than proving difference, which is why
sensory evaluation often uses criteria such as “30% of subjects do not detect a differ-
ence” as a practical threshold. Statistical methods, such as significance or equivalence
testing, can support these judgments, but the chosen threshold always depends on
the intended application.

In practice, achieving perfect authenticity for complex auralizations is rarely pos-
sible. Instead, perceptual validation is often conducted at the component level, with
different aspects of the auralization targeted for different levels of fidelity. For ex-
ample, when auralizing a train passage to study the perceptual influence of different
track types, it may be critical that the wheel-rail noise is reproduced as authen-
tically as possible, while aerodynamic noise from the wagon, though relevant for
overall realism, could be represented only plausibly. This, however, raises its own
challenges, since isolating reference recordings for individual components is often im-
practical—in the train example, obtaining in situ recordings of wheel noise without
also capturing track noise would be extremely difficult.

Overall, there is no universal method for perceptual validation of auralizations.
Outcomes depend strongly on the application, the availability of reference data,
and the listener population. For this reason, it is essential to transparently report
the limitations of any auralization framework and to account for these limitations
when designing listening experiments and interpreting their results. In combination
with numerical validation, which ensures technical correctness, perceptual validation
provides the complementary perspective required to confirm that listeners actually
experience the rendered signals as intended. Together, the two approaches form a
robust validation framework for assessing the quality of auralizations.
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2.9 Existing Auralization Tools and Software

A variety of software solutions exist that enable auralization in different contexts.
These range from commercial room acoustics packages, through general-purpose
multi-physics solvers, to dedicated auralization frameworks developed within the re-
search community. Each of these categories provides valuable functionality, but they
differ widely in scope, computational requirements, and suitability for perceptual
experiments. The following subsections provide an overview of these three groups,
highlighting their typical applications and main limitations in the context of this
thesis.

2.9.1 Room-Acoustic Software

For room-acoustic applications, practically all modern commercial tools (e.g., CATT-
AcousTic [102], ODEON [103], TREBLE [104] or RAVEN [105]) include an aurali-
zation framework. These typically rely on precomputed or recorded anechoic source
signals (e.g., speech or instruments) and allow the definition or import of source ra-
diation directivity. Propagation is then solved via geometrical acoustics, ray tracing,
or wave-based approaches. The signal at the receiver is encoded as a two-channel
binaural signal, an Ambisonics signal, or is already prepared for a multi-speaker
loudspeaker setup. These encoded signals can then either be directly played back in
the simulation software, where some products even allow for 360-degree head rota-
tion, while others render static sound files that can be listened to. Some solutions,
such as RAVEN, also support real-time rendering and the definition of movement
trajectories for the source and receiver. These solutions are very powerful for all
room acoustics applications. However, they rely on predefined sound-source signals,
which, for applications that deviate from the standard use case, must be precom-
puted. For example, the sound emitted by a cleaning robot may depend on its speed
and operating mode. Using any of these existing software solutions would be efficient
for calculating propagation, but the source signal would need to be precomputed in
separate software for each trajectory. Additionally, these tools are limited to room
acoustics applications, so, for example, the sound transmission from an outdoor
source through a closed window cannot be modeled easily.

2.9.2 Multiphysics Numerical Tools

For applications beyond room acoustics, commercial multiphysics modeling tools
such as COMSOL MULTIPHYSICS, ANSYS, or SIMCENTER can be employed. These
environments are highly flexible and allow the coupling of different physical domains,
such as structural vibrations, aeroacoustics, and sound transmission through inho-
mogeneous media. Some already provide rudimentary methods to auralize simulated
pressures, enabling a first impression of the sound field. In theory, one could set up
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a fully physical model of the entire acoustic chain, for example, starting with the
turbulent flow and sound emission of a drone flying outdoors, simulating propagation
through an inhomogeneous medium, modeling the vibration response of a window,
and finally calculating the sound radiation into a room as received by a listener.

While attractive in principle, such an approach faces severe challenges. Solving
the full chain over the entire audible frequency range would be computationally
prohibitive and extremely time-consuming. Moreover, the accuracy would strongly
depend on knowing all boundary conditions and material parameters in detail, which
is rarely feasible in practice. As outlined in Section 2.8, such exhaustive accuracy
is often unnecessary for perceptual evaluations. Nevertheless, multiphysics tools
are valuable for modeling individual components of the auralization process (e.g.,
radiation or transmission), but they are not yet practical as complete end-to-end
auralization frameworks.

2.9.3 Auralization-Specific Software

A third group of solutions consists of software developed specifically for creating au-
ralizations and virtual acoustic environments. Examples include VIRTUAL ACOUS-
TICS [106], EVERTIMS [107], TASCAR [108], LIVERAZR [109], or the NASA
AURALIZATION FRAMEWORK [110]. These systems are explicitly designed to ren-
der audio signals for perceptual studies and often support real-time operation, head
tracking, synchronization with other modalities, and a range of source models. Vir-
tual Acoustics, for instance, provides modules tailored to outdoor noise propagation,
aircraft noise, and room acoustics. Such frameworks are very powerful and under
active development, but their breadth of functionality can also make them over-
whelming to configure. Moreover, integrating external models or custom source
descriptions is not always straightforward, and some frameworks impose specific
technical requirements (e.g., server-based execution).

Game engines such as UNITY have also become increasingly popular for immersive
audio-visual rendering, especially when combined with virtual reality. With suitable
plugins, accurate acoustic simulations can be integrated into interactive virtual en-
vironments. This is particularly useful for perceptual studies where the listener’s
position or head orientation must be updated in real time. However, experimental
procedures such as randomized source appearances or synchronization with non-
audio events may require substantial additional scripting. For certain types of lis-
tening experiments, it may be more efficient to implement the full procedure directly
within an environment such as MATLAB.

In addition to these “complete” frameworks, there is a large body of research
on auralization techniques for highly specific applications. While these approaches
demonstrate the diversity of possible solutions, each of the three main categories
reviewed here has inherent limitations: room acoustics tools are restricted in scope
and in source flexibility, multiphysics solvers are computationally prohibitive for per-
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ceptual use, and dedicated auralization frameworks are often specialized or difficult
to adapt. The present thesis does not aim to develop yet another general-purpose
framework, but rather to demonstrate a methodology for combining existing tools
with tailored implementations to address the specific requirements of human subject
studies.
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CHAPTER 3

Measuring the Human Response to Sound

This chapter provides a broad methodological overview of how human responses
to sound are assessed in experimental research. It focuses on the approaches and
measures most relevant to controlled laboratory studies, and complements the au-
ralization framework introduced in Chapter 2 by describing how subjective experi-
ence, physiological reactions, and behavioral performance can be quantified. After a
brief background section (Section 3.1), the chapter reviews subjective (Section 3.2),
physiological (Section 3.3), and behavioral responses (Section 3.4), and then sum-
marizes key considerations in study design (Section 3.5) and statistical evaluation
(Section 3.6).

3.1 Background and Evolution of Human Response
Research

Measuring the human response to environmental stressors such as sound has been
a research topic for centuries. While early studies in occupational health primarily
focused on general environmental factors such as air quality, nutrition, and toxic
exposure [111], reports of hearing loss among artisans and mill workers appeared
as early as the 1700s [112]. As experimental approaches to human physiology de-
veloped in the nineteenth century, occupational exposure became one of the first
contexts for studying how sound affects the body. With the rise of industrial ma-
chinery in the early twentieth century, large populations were chronically exposed
to high noise levels, and research began to link excessive exposure to auditory dam-
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age [113]. Soon after, studies extended this perspective to other physiological and
psychological domains, including motor performance, respiration, cardiovascular ac-
tivity, and cognitive function [18].

Building on these early investigations, research in the mid-twentieth century ex-
panded beyond a primarily physiological focus to include perceptual and cognitive
aspects of noise effects. Behavioral observations such as the involuntary increase of
vocal effort in noisy environments, the so-called Lombard effect [114], illustrated that
sound not only affects the body but also influences behavior and communication. At
the same time, advances in psychoacoustics and experimental psychology enabled
systematic studies of auditory attention and information processing. Classic exper-
iments by Cherry [115], and Broadbent [116] established paradigms for studying
selective listening and distraction, revealing how competing sound sources can inter-
fere with perception and task performance. Together, these developments marked a
transition from viewing noise solely as a cause of hearing damage to understanding it
as a multifaceted environmental stressor interacting with cognitive, emotional, and
physiological processes.

In recent decades, research on the human response to noise has evolved into a
broad, interdisciplinary field. Whereas early investigations mainly examined acute
effects, it is now well established that noise exposure can have both short- and long-
term consequences for health and well-being. Beyond auditory damage, studies have
shown associations with hypertension [21], cardiovascular disease [22], sleep distur-
bance [23], learning impairments [24], annoyance [6], and other adverse outcomes
[25-27]. This broader perspective integrates physiological mechanisms, behavioral
adaptations, and subjective experience within a unified conceptual framework for
understanding the human response to noise. Against this background, the following
sections summarize the main response domains and methodological tools used in
experimental noise research.

3.2 Subjective Response

Subjective responses describe how people consciously experience and evaluate sound.
They can reflect how noise is perceived with respect to, e.g., effort, disturbance,
or pleasantness, thereby complementing physiological and behavioral measures that
capture less conscious responses. Because they rely on conscious reporting, subjective
measures can be affected by factors such as context, expectations, or individual
interpretation. Subjective responses are typically assessed through questionnaires or
rating scales during or after an experiment. In noise research, common examples
include ratings of perceived workload, annoyance, and sound quality. The following
sections give an overview of typical measures used for this purpose.
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3.2.1 Noise Annoyance

Noise annoyance is one of the most common subjective response measures in noise
research. It has been applied across many fields because it is simple to administer
and easy for participants to understand. While early studies often used their own
rating scales, noise annoyance is now standardized by the International Commission
on Biological Effects of Noise (ICBEN) scales, as described in ISO/TS 15666 [117].
The ISO specification defines two recommended question formats: a five-point verbal
scale and an eleven-point numerical scale. Both are unipolar Likert scales, meaning
that respondents rate the degree of annoyance along an ordered scale from a neutral
(“not at all annoyed”) to a negative extreme (“extremely annoyed”).

In English, the standard wording of the corresponding question is: “Thinking
about the last [12 months or so], when you are here at home, how much does noise
from [noise source] bother, disturb, or annoy you?”. Responses are provided either on
the five verbal categories (“not at all,” “slightly,
or on a 0-10 numerical scale anchored by “not at all annoyed” and “extremely an-
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moderately,” “very,” “extremely”)

noyed.” The method was originally developed for socio-acoustic and community
surveys, but it is also frequently adapted for use in experimental studies, where the
time frame and context are modified to fit short-term exposures (for example, “How
annoying did you find the sound you just heard?”).

While the ICBEN scale provides a robust and comparable measure of perceived
annoyance, it does not reveal why a sound is judged as annoying. Numerous stud-
ies have therefore tried to predict annoyance from psychoacoustic parameters such
as loudness, sharpness, fluctuation strength, or tonality [93]. However, such mod-
els are typically limited to specific noise types (e.g., road traffic, aircraft, or wind
turbines) and cannot yet reliably predict annoyance for arbitrary sounds. This re-
flects the inherently subjective nature of annoyance, which is influenced not only by
acoustic properties but also by individual differences such as age, noise sensitivity,
expectations, and social context. Section 3.5.3 discusses in more detail how such
between-subject factors can be accounted for in experimental design.

In experimental research, simplified or alternative methods are often used to as-
sess short-term annoyance responses. These include direct numerical ratings of sin-
gle sound exposures, paired-comparison or ranking tasks to compare several stimuli,
and continuous response techniques for time-varying or dynamic sounds [93]. Broader
perceptual scales with bipolar adjectives (e.g., pleasant—unpleasant or calm—disturbing)
are also common when annoyance is evaluated alongside other perceptual attributes,
such as comfort or sound quality [118].

3.2.2 Perceived Workload

In experimental psychology and human factors research, a commonly used subjective
measure to evaluate responses to environmental stressors is perceived workload. In
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such experiments, participants typically perform a defined task and are then asked
to rate how demanding they experienced it. This provides valuable insight into how
external factors, such as noise, can increase cognitive effort, even when the sound
itself may not be perceived as particularly annoying.

A standardized and widely used method for assessing perceived workload is the
NASA Task Load Index (NASA-TLX). Developed by the U.S. National Aeronautics
and Space Administration (NASA) [119], it was originally designed to evaluate the
mental and physical demands experienced by operators in complex human—machine
systems, such as aviation and air traffic control. Since then, it has become one of the
most established tools for workload assessment across many research areas, including
ergonomics, human—computer interaction, and environmental psychology [120].

The NASA-TLX consists of six subscales, each rated on a 100-point Likert scale
with 5-point increments:

Mental Demand — how much mental effort was required.

Physical Demand — the amount of physical effort involved.

Temporal Demand — the feeling of time pressure or pace of the task.
Performance — how successful the participant felt in accomplishing the task.
Effort — how hard the participant had to work to achieve their performance.
Frustration — how insecure, irritated, or stressed the participant felt.

A S

In the original version, participants first rate each dimension individually and then
perform a pairwise weighting procedure to indicate which dimensions contributed
most to their overall workload. The final workload score is calculated as a weighted
average across the six dimensions. However, many studies omit this step and instead
use the so-called Raw TLX (RTLX) modification, which averages the six ratings.
This simplified version correlates strongly with the weighted form and is easier to
administer, especially in short experimental sessions [120]. Another common varia-
tion is to omit calculating an overall workload score altogether and instead analyze
the individual subscales separately.

Although the NASA-TLX remains the most widely used method, several alterna-
tive tools exist. For example, the Rating Scale for Mental Effort (RSME) [121] uses
a single continuous scale to estimate perceived effort, thereby reducing completion
time while maintaining sensitivity to mental demand. Other approaches, such as
visual analog or task-specific category scales, are also used when experimental con-
ditions require minimal interruption. Overall, including a workload questionnaire
alongside physiological or behavioral measures provides an efficient way to add a
subjective dimension to experimental research.

3.2.3 Perceived Sound Quality

Another subjective measure commonly used in acoustic research, and particularly
in product design and acoustic engineering, is perceived sound quality. This type of
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assessment focuses on how suitable or pleasant a sound is for its intended function.
Sound quality evaluations can refer to an overall judgment, such as the general
pleasantness or acceptability of a sound, or be divided into perceptual attributes
describing specific aspects of the auditory impression. Typical descriptors include
powerful, smooth, sharp, or harsh, which can be rated individually or combined into
broader perceptual dimensions.

For example, the sound quality of air-conditioning units can be assessed using se-
mantic differential scales, where listeners rate recordings along bipolar adjective pairs
(e.g., pleasant—unpleasant, soft-harsh) [122]. Statistical analysis of such data can re-
veal perceptual dimensions such as noisiness, tonal balance, or pleasantness, which
can then be related to measurable acoustic features, such as loudness, sharpness, or
spectral balance. Similar approaches are widely used in product-sound engineering
to optimize the auditory impression of domestic appliances, tools, or vehicle interiors
[93].

In contrast to annoyance, which usually reflects a negative evaluation, sound
quality also includes positive attributes such as comfort, smoothness, and luxury,
thereby offering a more comprehensive view of how a sound is perceived and ac-
cepted. This broader perspective makes sound-quality evaluation an important tool
in modern product sound design. While such assessments are a central focus of
industry-oriented psychoacoustics, academic research often places greater emphasis
on analytic or diagnostic measures aimed at explaining underlying perceptual mech-
anisms. In the context of electric vehicle noise, sound quality is nonetheless relevant
from a manufacturer’s perspective, since commercially deployed AVAS signals will
ultimately need to meet standards of perceived quality and brand identity — consid-
erations that fall outside the scope of this thesis but should not be overlooked in
applied AVAS design.

3.3 Physiological Response

Measuring the physiological response to noise has long been a central topic in hu-
man noise research, most prominently in the context of noise-induced hearing loss.
However, beyond its effects on the auditory system, a wide range of physiological
parameters have been shown to be sensitive to noise exposure. Some of these re-
sponses occur during specific physiological states such as sleep, where nocturnal noise
can trigger autonomic arousals and EEG awakenings [123]. Other physiological ef-
fects are associated with long-term health outcomes, such as cardiovascular disease,
and can therefore only be examined through observational or epidemiological studies
[124]. In contrast, this thesis focuses on short-term physiological effects that can be
elicited and measured under controlled laboratory conditions.

Physiological responses to noise can broadly be grouped into those reflecting neu-
ral activity, which indicate auditory and cognitive processing in the central nervous
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system, and those reflecting autonomic and cardiovascular activity, which capture
changes in electrodermal, cardiac, or vascular function related to stress and arousal.
Additional indicators, such as pupil dilation, respiratory rate, or hormonal activity,
can further complement these measures by providing insight into autonomic activa-
tion and overall physiological state. The following sections provide a broad overview
of these categories and summarize measures commonly employed in noise-related
research.

3.3.1 Neural Activity

Neural activity measures can provide direct insight into how the brain processes
sound and how noise influences auditory and cognitive functions. Among the avail-
able techniques, Electroencephalography (EEG) and Event-Related Potentials (ERPs)
are the most common tools for assessing neural responses to noise. EEG records con-
tinuous electrical activity from the scalp, whereas ERPs are time-locked responses
derived from the same signal that reflect neural responses to specific acoustic or
cognitive events. These measures provide millisecond temporal resolution, allow-
ing researchers to investigate auditory perception, attention, and cortical arousal
in response to acoustic stimulation [125, 126]. Recent studies, for example, have
used EEG to examine how different noise levels and spectral content affect brain ac-
tivity during cognitive tasks, illustrating the method’s potential to quantify neural
responses to environmental sound [127]. Specific ERP components, such as the P300
[128], have been used to quantify how background noise and other types of sound
affect sensory processing and selective attention [129-131]. EEG-based analyses of
spectral power or coherence can provide indicators of mental effort or fatigue [132]
and are also commonly employed in sleep research to classify sleep stages and detect
noise-induced arousals [123, 124].

Despite their high temporal resolution and direct access to neural processes, EEG
and ERP methods have several practical and interpretative limitations. Brain sig-
nals measured at the scalp are small and highly sensitive to artifacts from eye and
muscle activity, making both recording and analysis technically demanding. In-
terpreting ERP components is often nontrivial, as different cognitive processes can
contribute to the same response [128], making interpretation particularly challenging
for researchers without a neuroscience background. Moreover, experiments require
participants to have EEG electrodes attached to the scalp. This is often done using
EEG caps, i.e., arrays of typically 8 to 64 electrodes embedded in a flexible fabric,
which can be time-consuming to apply and may cause discomfort. In studies aiming
for realistic listening conditions, this setup can substantially diminish ecological va-
lidity. Consequently, EEG and ERP methods are most suitable when the research
focuses on auditory attention or neural mechanisms rather than on more applied
research that requires a naturalistic listening experience.

Other neurophysiological techniques, such as magnetoencephalography (MEG) or
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functional near-infrared spectroscopy (fNIRS), have also been applied to study corti-
cal responses to sound [133-135]. While they offer complementary advantages, with
MEG providing improved spatial resolution and fNIRS enabling more freedom of
movement, such methods are less common in laboratory noise research due to cost,
complexity, and limited availability.

Overall, neural activity measures can provide valuable insights into how the brain
processes noise. While they are powerful tools for investigating auditory neural
mechanisms, their use in more applied noise-related laboratory experiments remains
limited by methodological and practical challenges.

3.3.2 Autonomic and Cardiovascular Activity

Autonomic and cardiovascular measures describe how the body responds to environ-
mental stressors, such as noise, through changes in physiological functions, including
heart activity, blood circulation, and skin conductance. Unlike neural recordings,
which reflect brain activity, these measures indicate the body’s overall state of arousal
or relaxation and can therefore reveal stress reactions to noise exposure.

Typical parameters include heart rate (HR), heart rate variability (HRV), blood
pressure, respiration rate, and electrodermal activity (EDA) [136]. These can all
be measured non-invasively and continuously, for example, using electrocardiography
(ECG), which records the heart’s electrical activity to measure HR and HRV, or
small electrodes attached to the fingers for EDA. Heart rate and blood pressure tend
to increase when a person is exposed to unexpected or unpleasant sounds, reflecting a
short-term activation of the body’s stress response [124, 137, 138]. HRV, in contrast,
often decreases under stress and is therefore considered a marker of physiological
strain or reduced recovery capacity [139].

Electrodermal activity reflects small changes in the electrical conductance of the
skin that occur when sweat gland activity increases [140]. It is one of the most
sensitive indicators of momentary arousal and has been shown to respond even to
relatively low-level noise if it is perceived as disturbing or attention-demanding [141].
Respiratory rate may also increase during noise exposure, though this effect is gener-
ally small and depends on the task performed. Beyond these immediate physiological
responses, noise exposure may also trigger a slower hormonal stress response, lead-
ing to elevated cortisol or adrenaline levels. Such hormonal responses develop more
slowly but indicate similar stress pathways that, if triggered repeatedly, may con-
tribute to long-term health effects [137, 142].

These measures are particularly relevant from a health perspective, since changes
in heart rate, HRV, or blood pressure often point to mechanisms that, if activated
repeatedly over long periods, could contribute to cardiovascular disease or other
chronic stress-related outcomes [124, 137]. Hence, even subtle short-term changes
observed in laboratory studies can provide important mechanistic evidence linking
noise exposure to long-term health effects.
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However, such measures are also sensitive to numerous unrelated influences, such
as breathing patterns, body posture, and individual fitness. As a result, observed
effects are often small and require careful experimental control and averaging over
many participants. In practice, autonomic and cardiovascular indicators are most in-
formative when interpreted alongside subjective and behavioral measures, providing
a more comprehensive picture of how noise affects both perception and physiology.

3.4 Behavioral Response

Behavioral responses describe how environmental factors, such as sound, influence
observable human actions and performance. They reflect the combined outcome
of perceptual, cognitive, and motor processes and therefore complement subjective
and physiological measures. Rooted in experimental psychology and human fac-
tors research, behavioral assessment quantifies performance, attention, and decision
making through objective measures such as reaction time, accuracy, and error rate in
tasks probing attention, memory, or spatial hearing [143]. These measures provide
direct evidence of how environmental conditions affect information processing and
interaction with the surroundings. In the context of this thesis, the most relevant
behavioral measures are cognitive performance, perceptual performance, and motor
and behavioral adaptation, as described below.

3.4.1 Cognitive Performance

Cognitive performance encompasses mental functions such as attention, working
memory, and problem-solving that determine how efficiently individuals perceive,
process, and respond to information. In experimental noise research, cognitive
performance is often evaluated using tasks that require sustained concentration or
rapid decision-making, such as reaction-time tests, continuous performance tests, or
memory-based paradigms [144]. Changes in these measures under different sound
conditions can reveal whether noise interferes with or facilitates mental processing.

Several mechanisms have been proposed to explain how noise influences cognitive
performance. At a basic level, noise can act as a source of distraction that competes
for attentional resources, particularly when it contains meaningful or varying content
[116, 145]. This is well illustrated by the irrelevant speech effect, where background
speech disrupts short-term memory tasks such as serial recall or mental arithmetic
[146]. Other theories emphasize arousal and mental effort as mediating factors.
According to the Yerkes—Dodson law, performance improves with increasing arousal
or stress only up to an optimal level, beyond which excessive activation reduces
efficiency and increases errors [147]. Moderate levels of stimulation may therefore
enhance alertness and simple-task performance. In contrast, high noise levels or
complex tasks can push activation beyond the optimal range, resulting in distraction
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or fatigue. Consequently, the relationship between noise and performance depends
strongly on task type, sound characteristics, and the listener’s state of alertness or
fatigue [148-150].

3.4.2 Perceptual Performance

Perceptual performance describes how efficiently sensory information is detected,
identified, and interpreted [143, 151], reflecting the accuracy and speed with which
people perceive their environment through different sensory channels. In the context
of human response to sound, it refers to how effectively listeners can detect, identify,
and localize sounds in their surroundings, which is essential for communication,
orientation, and safety in everyday life. These measures capture the perceptual
aspect of behavior and indicate how acoustic conditions influence awareness of the
auditory environment.

The most relevant perceptual performance measures for this thesis are detection
and localization tasks. Detection tasks typically assess how background noise and
sound type influence the ability to detect or identify a target sound, such as an ap-
proaching vehicle or a warning signal. Such tasks can reveal both energetic masking,
where noise physically masks the signal, and informational masking, where complex
or fluctuating backgrounds cause perceptual confusion [93, 152]. Response accuracy
or reaction time in detection experiments, therefore, provides an indicator of how
well important sounds can be perceived in realistic acoustic scenes.

Localization tasks, in contrast, evaluate spatial hearing performance by measur-
ing how accurately and quickly listeners can indicate the direction of a sound source
[87]. Research on spatial hearing has a long tradition, and already in the 1930s it
was shown that localization accuracy depends on the signal type [153]. Yet, it is still
not fully understood how localization operates in complex auditory scenes. Although
computational models can predict binaural sound localization under controlled condi-
tions, their accuracy decreases in reverberant or multi-source environments, making
reliable prediction of real-world localization challenging [154]. Noise can further im-
pair localization by obscuring spatial cues or diverting attention, particularly when
multiple sound sources are present [155, 156]. The resulting localization errors or
increased response times provide behavioral evidence of how acoustic interference
affects spatial perception. In applied contexts, such as vehicle warning sounds or
alarm design, these measures are crucial for evaluating the perceptual effectiveness
and potential disturbance of sound signals, and they are well-suited to virtual acous-
tic environments in laboratory research.

3.4.3 Motor and Behavioral Adaptation

Beyond changes in cognitive or perceptual performance, noise can also affect people’s
actions and physical movements, collectively referred to as motor behavior [157].
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Such adaptations often occur unconsciously and help maintain communication or
task performance in noisy situations. A well-known example is the Lombard effect,
the involuntary increase in vocal effort when speaking against background noise [114].
Similar adjustments include changes in speech rate, articulation, or body posture,
which help preserve intelligibility and effectiveness despite acoustic interference. In
occupational and environmental contexts, noise can also lead to behavioral changes
such as avoidance, where individuals move away from the noise source, or strategy
adjustments, where they work faster but less accurately, or take short breaks to
recover from exposure [158]. These adaptations are an important component of the
human response to noise, as they demonstrate how people actively compensate for
acoustic challenges. Studying such behavioral and motor adjustments complements
physiological and subjective data by revealing how individuals manage environmental
stressors in a practical, goal-directed manner.

3.5 Study Design

A well-designed experiment is essential for obtaining reliable and interpretable re-
sults. In studies of human responses to sound, the experimental design determines
whether observed differences can be attributed to the manipulated acoustic condi-
tions or are caused by uncontrolled influences. Careful planning of variables, par-
ticipant selection, and procedural control is, therefore, a crucial part of conducting
listening experiments. Designing such studies can be challenging, as human percep-
tion and behavior are influenced by numerous internal and external factors that vary
across individuals and over time.

The following section introduces the fundamental concepts of experimental study
design relevant to the research presented in this thesis. It is not intended as a
comprehensive methodological guide, and readers seeking a more detailed treatment
are referred to standard textbooks such as [159] or [143].

3.5.1 Trials, Variables, and Factors

Every human subject experiment consists of a sequence of trials, each representing
one presentation of a stimulus under defined conditions, followed by a participant’s
response. Trials are often grouped into blocks that share similar properties, such as a
common task or stimulus type, and are separated by short breaks to reduce fatigue.
Randomizing or counterbalancing the order of trials and blocks helps minimize order
effects and maintain experimental validity. The set of all trials and blocks completed
by one participant in a sitting constitutes a session.

Each trial manipulates one or more independent variables (or factors) that the
researcher intentionally controls, such as sound level, signal type, or the presence of
background noise. The resulting participant responses define the dependent variables,
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for instance, annoyance ratings, reaction time, or physiological measures. When
multiple factors are included in a study, their effects can be analyzed individually
as main effects or jointly as interactions, showing how the influence of one factor
depends on the level of another. Such factorial designs are widely used in behavioral
and human factors research, where multiple experimental and contextual parameters
often interact [143, 159]. For example, a 3 x 2 factorial design might combine three
sound pressure levels with two signal types to examine both their individual and
combined effects on perceived annoyance or electrodermal activity.

3.5.2 Design Types

Experimental designs are generally categorized as between-subject or within-subject
(also referred to as repeated-measures) designs. In between-subject designs, different
groups of participants experience different conditions, which avoids potential learn-
ing or fatigue effects but requires a larger sample size to compensate for individual
variability. In within-subject designs, the same participants are exposed to several
conditions, allowing more sensitive comparisons because each person serves as their
own control. This approach is widely used in psychoacoustics, since exposure to one
sound typically does not produce lasting effects and, with sufficient time between
trials, only marginally affects responses to subsequent sounds. In contrast, in areas
such as pharmacology or clinical research, repeated-measures designs are often in-
feasible because exposure to one condition (for example, a drug) may permanently
alter the response to another.

Repeated-measures designs require special care to prevent order effects such as
learning, fatigue, or adaptation. To minimize these influences, conditions are often
counterbalanced, meaning that the order of presentation varies systematically across
participants, for example, through randomizing of trial sequences. Randomization
can also be applied to other aspects of an experiment, such as the allocation of
participants to groups or the selection of stimulus examples, reducing the risk that
uncontrolled factors bias the results. In some contexts, blinding is used to prevent
either the participant or the experimenter from knowing which condition is cur-
rently being tested, thereby reducing expectation-related biases. While blinding is
less common in auditory perception studies, the underlying principle of minimizing
expectancy effects remains relevant, for instance, when participants are informed
about the task’s purpose or difficulty.

3.5.3 Participants and Confounding Factors

Individual differences between participants represent another major source of vari-
ability in human experiments. Factors such as age, hearing ability, or prior expe-
rience can influence responses to sound [93, 160]. To reduce such between-subject
variability, participants are often screened for relevant characteristics and randomly
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assigned to conditions. However, practical limitations frequently restrict partici-
pant diversity. For instance, studies conducted at universities often rely on student
volunteers, which limits the range of ages, education levels, and socioeconomic back-
grounds represented in the sample. One way to manage such differences is to include
them as additional factors or covariates in the statistical analysis, as described in
Section 3.6. These so-called nuisance variables are not of primary interest but can
help account for systematic variability in the data [161]. However, this approach
requires that these characteristics are sufficiently balanced across participants, e.g.,
ensuring that the sample is approximately gender-balanced or covers a representative
age range.

In addition to individual variability, confounding factors can arise from the ex-
perimental environment or procedure. These are uncontrolled influences that vary
systematically with the experimental conditions and can distort the results. For
instance, air quality or temperature in a laboratory may gradually change over the
course of a session, or background noise from a ventilation system may vary across
experiment days. Participant fatigue, familiarity with the task, or expectations
about the study’s purpose can also bias responses. Standard procedures to mini-
mize such effects include maintaining consistent environmental conditions, providing
clear and identical instructions, allowing practice trials, and scheduling sufficient
breaks. Through such measures, potential confounders can be reduced, improving
the reliability and interpretability of the findings [159].

3.6 Statistical Evaluation

Once an experiment is conducted, the data obtained must be statistically analyzed
to determine whether the factors under investigation have significant effects on the
dependent variables. Statistical analysis, therefore, serves two purposes: to deter-
mine whether an observed effect is systematic rather than random, and to quantify
its magnitude.

A wide range of statistical approaches exists, differing in their assumptions and
suitability for different types of data [161]. A comprehensive treatment of all possible
methods is beyond the scope of this thesis. Instead, the following sections focus on
the specific techniques applied in the studies conducted here, namely, parametric
tests such as the Analysis of Variance (ANOVA) and nonparametric tests such as
the Friedman and Wilcoxon signed-rank tests. Before introducing these methods, it is
useful to review several fundamental statistical concepts that underlie all subsequent
analyses.
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3.6.1 Fundamental Concepts

In classical hypothesis testing, statistical evaluation begins by formulating a null
hypothesis (Hp) that assumes no effect or difference, and an alternative hypothesis
(H1) that assumes the presence of an effect.! A statistical test then estimates the
probability of obtaining results at least as extreme as the observed ones under the
assumption that Hy is true. This probability is the p-value. A small p-value indicates
that the observed data would be unlikely if the null hypothesis were true.

To decide when a p-value is considered small enough, a threshold « (the significance
level) is chosen in advance. A significance level of @ = 0.05 is commonly used in
most scientific fields, meaning that we accept a 5% risk of drawing a false-positive
conclusion in the long run. If p < «, the result is said to be statistically significant,
and the null hypothesis is rejected in favor of the alternative. The remaining 5%
probability of incorrectly rejecting Hy is known as the Type I error rate.

A related concept is the confidence interval (CI), which provides a plausible range
of values for an estimated effect or parameter. For example, a 95% CI means that if
the same experiment were repeated many times and a new interval were calculated
each time, about 95% of those intervals would contain the true parameter value
[162]. In practice, researchers often interpret this as being “95% confident” that
the true value lies within the observed interval. Confidence intervals convey both
the direction and precision of an effect and are a useful complement to p-values,
as they express the uncertainty of estimation rather than a binary significant or
non-significant outcome.

If a significant effect is found, its magnitude can be quantified using an effect
size measure. Effect sizes quantify the magnitude of a difference or relationship in
standardized units, making them more interpretable across studies. Different tests
use different effect size metrics, of which some range from 0 to 1, others from -1 to 1,
and others are unbounded [163]. In practice, effect sizes are often more informative
than p-values, since with enough data, even trivial effects can become statistically
significant.

While p-values and Type I errors are most prominently reported, it is equally
important to consider Type II errors, which occur when an existing effect fails to
be detected. The probability of making a Type II error is denoted by 3, and the
complement (1—f) is called the statistical power of a test. Statistical power describes
the probability of detecting an effect if it truly exists. It depends on four main
factors: the true effect size, the chosen significance level «, the sample size N, and
the variability in the data. Larger effects, larger samples, lower variance, and higher
« values all increase statistical power. To estimate in advance which sample size is
needed to achieve adequate power, pre-study power analysis can be conducted using

L An alternative to classical (frequentist) inference is the Bayesian framework, which estimates the
probability of a hypothesis given the observed data and prior information. While not applied
in this thesis, Bayesian approaches represent a useful complementary perspective.
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expected effect sizes, variability, significance level, and target power [163].

All these fundamental concepts can be illustrated with a simple example. Suppose
we suspect that a coin is biased, so we flip it 100 times and observe 65 heads and
35 tails. The null hypothesis Hy states that the coin is fair (pgeaqs = 0.5). Using
basic binomial statistics, we can calculate the probability of obtaining a result this
extreme or more under Hy, i.e., if the coin were not biased, which is approximately
p = 0.004 (0.4%). Since this is smaller than the common significance level a = 0.05,
we reject Hyp and conclude that the coin is likely biased. The corresponding effect
size (Cohen’s h ~ 0.31) indicates a small to medium bias that is both statistically
and practically meaningful.?

If the true bias were smaller, the probability of detecting it with only 100 tosses
would decrease, increasing the risk of a Type II error. For instance, with an effect
half as large, our test with 100 coin flips might have only 40% power, i.e., a 40%
chance of detecting the bias even if it exists. Increasing the number of coin flips to,
say, a million would greatly increase the test’s power, making even tiny deviations
from a 50/50 probability statistically significant. However, those differences would
be so small as to be meaningless in practice. This illustrates why p-values should
always be interpreted in conjunction with effect sizes and confidence intervals, since
statistical significance alone does not necessarily imply practical importance.

While calculating probabilities for a simple coin flip is relatively straightforward,
statistical testing becomes more complex when multiple factors, participants, or
repeated measures are involved, as is typically the case in human response studies. In
such situations, parametric approaches are commonly applied to analyze the influence
of experimental factors, as described in the following section.

3.6.2 Parametric Approaches

Parametric statistical tests are among the most widely used methods for analyzing
experimental data and for estimating effects and their statistical significance. They
are called parametric because they assume that the data can be described by a specific
probability distribution characterized by a small number of parameters, typically

2For n = 100 trials with = 65 observed heads, and the hypothesized probability of heads under
Hyp (the value specified by the null hypothesis) po = 0.5, a two-sided exact binomial p-value can
be computed as

n
p= 22 (:L) pg(l —po) net = max(z, n — ),
i=k

which yields p = 0.00352 (Note: this specific doubling-of-one-tail formula is only valid in this
specific case where pg = 0.5). For this application, the effect size can be estimated with Cohen’s
h7

h = 2arcsiny/xz/n — 2arcsiny/po ~ 0.305.
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the mean and variance. Consequently, these methods rely on certain assumptions
about the underlying population and data distribution — most importantly, that
the residuals, i.e., the deviations of individual observations from their predicted or
mean values, are approximately normally distributed, and that the variances, i.e.,
the spread of observations within each group, are roughly equal across conditions.

The simplest parametric comparison involves two groups and can be performed
using a t-test. In its independent-samples form, it tests whether the means of two
unrelated groups differ significantly, whereas the paired-samples version accounts for
within-subject designs in which each participant experiences both conditions.

When more than two conditions or factors are involved, the analysis of vari-
ance (ANOVA ) provides a general framework to test for overall differences between
group means. ANOVA partitions the total variance in the data into components at-
tributable to systematic effects of the experimental factors and to random residuals.
The ratio of these components forms the F-statistic, whose significance indicates
whether at least one group mean differs from the others. A one-way ANOVA tests
a single factor with multiple levels, while multifactor designs allow the evaluation of
main effects and interactions between factors. The strength of an effect in ANOVA
is often reported using partial eta squared (ng), which expresses how much of the
variance a given factor explains relative to what that factor and the unexplained
residual variance account for together.

In experiments where the same participants are exposed to several conditions — a
common situation in perceptual or human-response research — a repeated-measures
ANOVA is often used. This variant explicitly models the correlation between re-
peated observations from the same participant, thereby increasing sensitivity and
reducing the influence of inter-individual variability. In such within-subject designs,
an additional assumption called sphericity must be satisfied, requiring the variances
of all possible pairwise condition differences to be equal. Violations of sphericity can
be corrected, for instance, using the Greenhouse—Geisser adjustment of degrees of
freedom.

If an ANOVA reveals a significant main effect, it only indicates that at least one
group mean differs, but not which one. To identify specific differences between
pairs of conditions, post hoc comparisons are conducted, commonly using paired or
independent-samples t-tests. However, when multiple pairwise comparisons are per-
formed, the probability of obtaining at least one false-positive result (Type I error)
increases rapidly. For instance, if one were to compare one hundred different condi-
tions, purely by chance, several pairs could appear significantly different even if no
true effects existed. To control this cumulative error rate, it is important to adjust
the significance level accordingly. A simple and conservative method is the Bon-
ferroni correction, which controls the overall error rate by dividing the significance
level a by the number of comparisons, or equivalently, by multiplying each obtained
p-value by that number.
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It is generally not appropriate to perform multiple pairwise t-tests without first
establishing whether any systematic effect is present at all. When more than two
conditions are compared, a global test such as ANOVA should always precede pair-
wise comparisons, as testing many pairs directly without this step would greatly
inflate the false-positive rate.

Beyond t-tests and ANOVA, several other methods fall under the category of
parametric approaches. These include the analysis of covariance (ANCOVA), which
controls for continuous covariates, multiple linear regression, which models relation-
ships between continuous predictors and outcomes, and linear mized-effects models,
which generalize ANOVA to handle unbalanced or hierarchical data. Although these
techniques are not used in the present work, they share the same theoretical foun-
dation and assumptions as the simpler parametric tests described above.

The main advantages of parametric approaches are their statistical power, in-
terpretability, and the ability to model complex factorial designs with interactions.
They are particularly efficient when their assumptions are approximately met, and
moderate deviations from normality often have little practical impact, especially
with larger sample sizes. However, parametric tests can become unreliable when
applied to ordinal data, i.e., data based on ordered categories without equal spacing
between levels, heavily skewed distributions, or small samples that do not justify the
normality assumption. In such cases, nonparametric methods provide more robust
alternatives at the cost of reduced power, as described in the following section.

3.6.3 Nonparametric Approaches

In contrast to the previously described parametric approaches, nonparametric meth-
ods do not assume that the data follow a specific probability distribution or that
variances are homogeneous across conditions. Instead, they rely on the relative or-
dering (ranks) of observations rather than their absolute values [164]. This makes
them particularly suitable for ordinal data, such as rating scales where the order of
responses matters but the distance between them is undefined, as well as for skewed
distributions or small sample sizes in which normality cannot be assumed. Nonpara-
metric tests are therefore often used in perceptual and human-response experiments
that employ rating scales or bounded scores.

The nonparametric counterpart to the repeated-measures ANOVA is the Friedman
test. It is used when several related samples or experimental conditions are compared
within the same participants. The test ranks the data within each participant and
then assesses whether the rank distribution differs systematically across conditions.
The Friedman test yields a chi-square statistic (x?), which can be complemented by
Kendall’s W as a measure of effect size, indicating how consistently the conditions are
ranked across participants. A significant result indicates that at least one condition
differs from the others, but it does not indicate which one. As with ANOVA, further
post hoc tests are required to identify specific pairwise differences.
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These pairwise comparisons are commonly performed using the Wilcoxon signed-
rank test, which serves as the nonparametric alternative to the paired t-test. The
Wilcoxon test considers the signed differences between paired observations, ranks
them by absolute magnitude, and then assesses whether the positive and negative
ranks are symmetrically distributed around zero. A significant result indicates that
the median difference between the two conditions is not zero. For Wilcoxon tests,
the standardized test statistic Z is typically reported along with the corresponding
p-value. Like its parametric counterpart, the Wilcoxon test assumes symmetric dis-
tributions of differences, but it does not require normality. When multiple Wilcoxon
comparisons are performed following a Friedman test, the same issue of inflated
Type I error arises as in parametric post hoc testing. Consequently, the same cor-
rection method, e.g., the Bonferroni correction, should be applied to maintain a
controlled overall significance level.

The main advantages of nonparametric approaches are their robustness and general
applicability. They can be used for virtually any ordered type of data, regardless of
scale, distribution, or variance characteristics, and thus provide a safe and reliable
option when parametric assumptions are uncertain or clearly violated. However, this
robustness comes at the cost of statistical power: because nonparametric tests use
ranks instead of raw data, they are generally less sensitive to small effects. As a
result, nonparametric methods may fail to detect subtle but genuine effects that a
parametric analysis could identify under ideal conditions.
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CHAPTER 4

Application to Electric Vehicle Noise

This chapter presents a concrete application of the methodological framework intro-
duced in Chapters 2 and 3, focusing on the auralization and experimental evaluation
of electric vehicle noise. The chapter details the specific auralization components,
reproduction strategies, validation procedures, and listening experiments employed
in this thesis, together with their assumptions and limitations. The listening exper-
iments are combined in the thematic clusters of this thesis that were introduced in
Chapter 1, namely Section 4.3 (AVAS Perception and Safety) and Section 4.4 (Noise
Effects in Living Environments).

4.1 Electric Vehicle Auralization Implementation

The following introduces the specific implementation of the general auralization
framework for electric vehicles. This application aimed to develop perceptually val-
idated outdoor and indoor auralizations of electric vehicle passages with flexible ve-
locity profiles, multiple AVAS designs, and representative tire-road noise, to enable
controlled investigations of localization, perceived speed, annoyance, workload, and
physiological response. The section starts with a description of the performed refer-
ence measurements in Section 4.1.1 and then follows the structure of the auralization
framework introduced in Chapter 2, i.e., source signal synthesis (Section 4.1.2), ra-
diation (Section 4.1.3), propagation (Section 4.1.4), and encoding and reproduction
(Section 4.1.5). Figure 4.1 provides an overview of the specific methods from the
broader framework that were chosen for this application. The code for a large part
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Figure 4.1: Stages of auralization from source to reproduction (see Figure 2.1) with specific
methods implemented for EV application (blue) and corresponding simulation parameters
(clouds).

of these methods is published in the electric vehicle auralization toolbox!, and all
relevant reference data is openly published in an online repository?.

4.1.1 Reference Measurements

The first step in applying the auralization framework to EV noise was to perform
controlled reference measurements on three representative, regulation-compliant elec-
tric vehicles. The measurement procedure and the full set of results are described in
detail in Paper A. The following text summarizes the most relevant aspects in the
context of this thesis and discusses possible improvements and limitations.

Setup

Measurements were performed using calibrated, omnidirectional, free field micro-
phones mounted approximately 10 cm in front of the AVAS loudspeaker embedded
in the front bumper (Figure 4.2b), and 40 cm from the tire, perpendicular to the
wheel plane, as shown in Figure 4.2c. The microphone signals were recorded syn-
chronously with the vehicle position using GPS, with the antenna mounted on the
hood (Figure 4.2a).

At the roadside, a calibrated artificial head and an omnidirectional reference mi-
crophone were placed at a fixed observer position, whose coordinates were also deter-
mined via GPS. The roadside and on-vehicle recording systems were synchronized,

Lhttps://github.com/leonpaulmueller/evat
2https://doi.org/10.5281/zenodo.10610490
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4.1 Electric Vehicle Auralization Implementation

(b)

(d)

Figure 4.2: Electric vehicle reference measurement setup with GPS antenna on front hood
(a), microphones mounted in front of AVAS speaker (b) and tire (c), as well as roadside
artificial head and reference microphone position (d).

resulting in a dataset comprising AVAS and tire source signals, time-aligned position-
time data for the vehicle and observer, and binaural and omnidirectional pressure
signals at the roadside position.

For each vehicle, forward and reverse passages were recorded for constant-speed
and accelerating velocity profiles up to 30 km/h, at a sampling rate of 48 kHz. The
distance between the vehicle path and the observer position ranged from 5 m to 10 m.
The road surface was dense asphalt concrete, and all recordings were conducted under
dry, windless conditions.

Results and Post-processing

Figure 4.3 shows examples of AVAS signals measured in front of the AVAS loud-
speaker, together with the recorded vehicle velocity, for the AVAS types later re-
ferred to as noise AVAS (Figure 4.3a) and multi-tone AVAS (Figure 4.3b). Visually,
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Figure 4.3: Excerpt of recorded isolated noise AVAS (a) and multi-tone AVAS (b). The
red line shows the recorded vehicle velocity.

these recordings show a clear correlation between the measured velocity and the
pitch of both signals. However, this continuous-time representation does not permit
a velocity-dependent analysis at discrete speeds.

For further processing, all measurements were downsampled to a sampling rate of
12 kHz and transformed into velocity-dependent magnitude spectra, as shown in Fig-
ure 4.4. The spectra were obtained by dividing the signals into blocks of 512 samples
(= 43 ms), assigning each block a mean velocity based on the GPS data, and averag-
ing the magnitude spectra of blocks with similar velocity in steps of 0.1 km/h. Even
though the GPS-based velocity estimates contain some uncertainty, this procedure
resulted in more than 200 blocks per discrete velocity value on average. After linear
averaging of the magnitude spectra and applying a two-dimensional smoothing filter
to reduce jumps between neighboring velocity values, the variance was substantially
reduced. The top part of Figure 4.5 illustrates this spectral averaging procedure.

These velocity-dependent magnitude spectra form the basis for the source signal
synthesis of both AVAS and tire-road noise described in Section 4.1.2. Across forward
and reverse driving, the three measured vehicles implemented five different AVAS
designs, yielding three slightly different tire-road noise components. While all of
these measurements are described in more detail in Paper A, this thesis mainly
focuses on the three AVAS designs that were used in the subsequent experiments,
namely the noise AVAS (Figure 4.4a), the two-tone AVAS (Figure 4.4b), and the
multi-tone AVAS (Figure 4.4c). As illustrated in Figure 4.4, the spectra capture the
characteristic behavior of the different AVAS and tire signals and make the velocity
dependence of their spectral content explicit. They also show that, apart from some
higher frequency components in the multi-tone AVAS, downsampling the recordings
to a sampling rate of 12 kHz, that is, limiting the frequency range to 6 kHz, still
captures all relevant source signal components.
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Figure 4.4: Velocity-dependent magnitude spectra for noise AVAS (a), two-tone AVAS
(b), multi-tone AVAS (c), and tire-road noise (d).

Limitations

A first limitation of the reference measurements is the use of a single GPS receiver to
estimate vehicle velocity. While the accuracy was sufficient for this context and the
velocity-dependent spectral averaging substantially reduced the variance, a more ad-
vanced position measurement system could have decreased the uncertainty further.?
An alternative would have been to record the vehicles’ controller area network (CAN)
signals, that is, the digital data containing the vehicles’ own velocity estimate. Since
this internal estimate drives AVAS generation, recording it would have provided more
directly relevant information, at least for the AVAS components.

A second limitation concerns the recording of tire road noise. The collected data
were adequate for plausible auralizations, but they were not fully controlled. A
more rigorous approach would require knowledge of the exact tire type and the
road surface characteristics, and, ideally, measurements performed in accordance

3Under ideal outdoor conditions, the employed Doppler-based speed estimates from standard
GPS typically achieve an accuracy of about 0.1km/h to 0.3km/h. More advanced methods,
such as differential GPS, reduce this to approximately 0.05km/h to 0.15km/h, and Real-Time
Kinematic GNSS can achieve 0.01 km/h to 0.05km/h. [165]

99



Chapter 4 Application to Electric Vehicle Noise

with the Close Prozimity Method (CPX) [166] using a dedicated trailer. When
working with a prototype vehicle, turning the AVAS system off would at least avoid
crosstalk between AVAS and tire noise. An alternative would be to use existing
datasets from previous CPX studies. However, although many publications report
CPX measurements for different tire-road surface combinations, the corresponding
raw multichannel time-domain data are, to the author’s knowledge, not publicly
available. More open science practices in this field would enable applications such as
this thesis to incorporate high-quality reference data without having to repeatedly
conduct similar measurements.

A third limitation is that the recordings were performed on a regular road seg-
ment without a standardized reference track or a professional test driver. A con-
trolled track with reproducible driving conditions would have reduced variability in
vehicle trajectories, road surface conditions, and background noise. Despite these
limitations, the measurements enabled reliable reconstruction of the reference AVAS
signals and plausible tire-road noise and are therefore considered sufficient for the
purposes of this thesis.

4.1.2 Source Signal Generation

Based on the reference measurements, three source signal synthesis approaches were
developed that, collectively, are expected to cover the full range of observed AVAS
and tire-road noise signals: additive synthesis, subtractive synthesis, and sample-
based synthesis. The three approaches were chosen because subtractive synthesis
models broadband components, additive synthesis models tonal components, and
sample-based synthesis models periodic signals that are not well represented by sim-
ple oscillators. These methods all fall into the category of signal-based synthesis
methods (see Section 2.3) and are briefly described below. For a detailed derivation
and evaluation, the reader is referred to Paper A. In all cases, the goal is to generate a
time domain pressure signal from an arbitrary input velocity profile that reproduces
the velocity-dependent spectral and temporal characteristics of the corresponding
reference signals as closely as possible.

Subtractive Synthesis

The subtractive synthesis approach is based on the idea that a broadband noise
signal is shaped by velocity-dependent filtering so that the resulting output matches
the measured reference signals. This approach is particularly suitable for signals
whose spectral structure is broadband and noise-dominated, such as the measured
noise AVAS and most tire road noise components.

The implementation used in this thesis is based on the velocity-dependent magni-
tude spectra discussed in Section 4.1.1. The top part of Figure 4.5 again illustrates
how these spectra are obtained by dividing the recorded pressure and velocity signals
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Figure 4.5: Subtractive synthesis approach including velocity-dependent spectral averag-
ing of reference recordings.

into short blocks, averaging the magnitude spectra of blocks with similar velocity,
and applying a two-dimensional smoothing filter. The outcome of this procedure is
a frequency and velocity-dependent magnitude matrix, |H(f,v)|.

For signal generation at arbitrary velocities, the input velocity profile is first seg-
mented into blocks of N samples. Since the magnitude spectra |H(f,v)| do not
contain phase information, a minimum phase approximation is reconstructed using
the real cepstrum [167], which yields a set of velocity-dependent impulse responses
h(n,v). Each output block is then generated by convolving the corresponding noise
block with the impulse response associated with the block’s mean velocity. To ensure
smooth transitions between consecutive blocks, the same noise block is also filtered
with the impulse response associated with the previous block’s velocity, and the two
resulting signals are cross-faded using a raised cosine window. This avoids disconti-
nuities and suppresses audible clicking artifacts during rapid changes in velocity.

Additive Synthesis

The additive synthesis approach assumes that the signal can be represented as the
sum of several simple harmonic oscillators whose properties vary with vehicle velocity.
For each oscillator, both the instantaneous frequency and the amplitude are expressed
as functions of the current velocity, and each oscillator is further shaped by an
additional amplitude modulation whose frequency and depth also depend on velocity.
In practice, this means that every oscillator is defined by four velocity-dependent
parameters, namely its carrier frequency, carrier amplitude, modulation frequency,
and modulation depth.
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Figure 4.6: Block diagram of additive synthesis analysis and generation algorithm.

To estimate these parameter trajectories from the reference recordings, the velocity-
dependent magnitude spectra introduced in Section 4.1.1 are analyzed to identify the
dominant tonal components. These components appear as frequency ridges that vary
with velocity. However, overlapping partials and missing peaks make direct tracking
unreliable. To obtain stable trajectories of the tonal components over velocity, the
extracted peak positions are therefore processed using a sequential Random Sam-
ple Consensus (RANSAC) procedure. RANSAC repeatedly fits simple polynomial
models to small random subsets of the data and selects the model that is supported
by the largest number of inliers. Applied here, the method yields one polynomial
curve for each oscillator’s carrier frequency and another polynomial describing its
velocity-dependent amplitude. Once the strongest oscillator has been identified, its
inlier points are removed, and the procedure is repeated to extract the remaining
tonal components.

The modulation characteristics are determined by isolating each tonal compo-
nent through band-pass filtering, computing the Hilbert envelope, and analyzing
its spectrum. The dominant modulation frequency and depth are then fitted with
velocity-dependent polynomials in the same way. Together, these polynomial func-
tions describe how each oscillator changes with velocity and form the parameter
basis for the additive synthesis model. Figure 4.6 visualizes the structure of the
entire additive synthesis model, including both analysis and generation stages.

During synthesis, the frequency trajectories are integrated to obtain phase, the
modulation signals are constructed from their instantaneous properties, and the fi-
nal output is generated as the sum of all oscillators. This approach is particularly
suited for AVAS signals dominated by distinct tonal components with clear velocity-
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dependent behavior. Details on the RANSAC-based parameter estimation and a full
mathematical description of the additive synthesis model are given in Paper A.

Sample-based Synthesis

A third source signal generation method, implemented and evaluated in Paper A, is
sample-based synthesis. This model was developed to recreate the reversing “pling-
ing” AVAS of one of the reference vehicles. Since this AVAS design was not used
in the subsequent experiments, this method is of limited relevance to the main re-
sults of this thesis. However, it is included briefly here because it demonstrates how
the framework can accommodate atypical AVAS designs that do not fit well within
subtractive or additive models.

In contrast to subtractive and additive synthesis, sample-based synthesis uses a
prerecorded sound sample as the basis for all output signals. Variants of such ap-
proaches have been applied previously, for example, to auralize combustion engine
noise [47, 48], often using granular techniques or pitch-synchronous overlap-add to
modify pitch and time scale. In Paper A, the focus is restricted to the reversing
AVAS of one of the reference vehicles, which consists of a simple “pling” sound re-
peated at constant pitch. In this case, a fully granular framework was not required,
and the implemented model modulates only the sound pressure level and repetition
rate as functions of vehicle velocity.

The synthesis model generates the output as a sequence of repeated copies of a
prerecorded sample, with both the equivalent continuous sound pressure level and the
repetition rate modeled as polynomial functions of vehicle velocity, analogous to the
additive synthesis approach. For a given velocity profile, these polynomials define the
instantaneous repetition rate and target level, which are used to place and scale the
sample instances to achieve the desired RMS values. The polynomial descriptions are
derived from recorded AVAS signals by manually selecting one period of the “pling”
sound as a reference, detecting repetitions via correlation with time-shifted versions
of the recording, and assigning the resulting RMS values and inter-event intervals
to the corresponding vehicle velocities. These velocity-dependent data are then fit
with polynomials, and the repetitions that correlate most strongly with the reference
are averaged in the time domain to obtain a clean sample with reduced background
noise, which serves as the basis for the synthesis model.

Results

Figure 4.7 shows an exemplary comparison between recorded noise and multi-tone
AVAS signals and their re-synthesized counterparts, using the same velocity profile
as input to the subtractive synthesis (for the noise AVAS) and the additive synthesis
(for the multi-tone AVAS). The noise AVAS is reproduced very accurately, and an
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Figure 4.7: Recorded noise AVAS (a) and multi-tone AVAS (b), and corresponding re-
synthesized signals using subtractive synthesis for the noise AVAS (c) and additive synthesis
for the multi-tone AVAS (d). The red line shows the recorded vehicle velocity, which was
used as input for the re-synthesis.

informal perceptual check confirms a high level of plausibility.*

For the multi-tone AVAS, the differences between the recorded and resynthesized
signals are more pronounced. The most obvious difference is the absence of back-
ground noise in the synthesized version, as expected under the additive synthesis
model. Although this difference is clearly visible in the spectrograms and audible
when listening to the isolated source signals, it is of limited relevance in the full
auralization. The background noise present in the reference recording mainly orig-
inates from tire-road noise cross-talk, which is undesirable in the isolated AVAS
component. In the final auralization, where tire-road noise is added separately, a
cleaner synthesized AVAS is therefore preferable. This distinction between validat-
ing individual source components and validating the complete auralization system is
discussed further in Section 4.2.

A more relevant difference is that the re-synthesized multi-tone AVAS contains
fewer tonal components than the reference. This is because the sequential RANSAC
procedure could not reliably track more than 27 distinct tones in the velocity-
dependent magnitude spectra of this particular recording. While this number could

4Audio examples of measured and re-synthesized AVAS signals are available at
https://doi.org/10.5281/zenodo.10610490
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likely be increased by adjusting the RANSAC peak detection parameters, the percep-
tual validation in Section 4.2 shows that, once the AVAS is combined with tire-road
noise, ambient noise, and the complete propagation model, the reduced number of
tones becomes much less perceptually important. In other words, differences that are
clearly audible in isolated source signals may have a limited impact on the plausibility
of the full auralization.

Limitations and Alternative Approaches

One fundamental limitation of the implemented subtractive and additive synthesis
models is their reliance on a single velocity-dependent magnitude spectrum. This
implicitly assumes linear behavior, meaning that for a given velocity, the vehicle
always radiates the same sound, regardless of whether it is accelerating or decelerat-
ing. For the measured vehicles, this assumption holds reasonably well. Still, one can
imagine AVAS implementations that use different sounds when starting from rest or
braking to a stop. Similar limitations occur in environmental noise applications. For
example, a more detailed tire-road noise model would depend not only on velocity
but also on acceleration, torque, surface conditions, and vehicle load. For such cases,
the current synthesis models could be extended to operate on multidimensional mag-
nitude spectra or on parameter sets that explicitly incorporate additional physical
quantities.

A further limitation of the additive synthesis approach is that the sequential
RANSAC-based tracking of tonal components can become unreliable for AVAS sig-
nals with very dense or strongly overlapping partials. In such cases, the number of
oscillators that can be extracted in a stable way depends critically on user-selected
thresholds, peak prominence criteria, and the inlier distance used in the RANSAC
procedure. This may require careful tuning and does not guarantee that all rele-
vant tonal components are captured. For very complex tonal structures, a different
tracking strategy or a more constrained parametric model might be preferable.

Computational aspects also play a role. Additive synthesis with a large number of
oscillators is more demanding than subtractive synthesis and may become costly for
real-time rendering, especially when instantaneous frequency integration and am-
plitude modulation are used. Likewise, the current framework does not explicitly
model phase relationships or coherence between oscillators, which may be relevant
for highly structured tonal AVAS but was not critical for the signals analyzed in this
work.

A synthesis approach that was not explored at the time, but may have been
a suitable alternative, is spectral modeling synthesis (see Section 2.3). Unlike the
separate additive and subtractive methods used here, a spectral modeling framework
can represent signals that contain both tonal and noise-like components and could
therefore have unified the two methods into a single model. On the other hand, a
practical advantage of the implemented additive synthesis is that it yields a compact

65



Chapter 4 Application to Electric Vehicle Noise

set of polynomial functions for each oscillator, which can be manually tuned and used
to straightforwardly design new AVAS signals. This simplicity and interpretability
would be more difficult to maintain in a more complex spectral modeling framework.

4.1.3 Radiation

For the next step in the auralization implementation, the radiation directivity of
both AVAS and tire noise needed to be determined. The tire directivity was based
on previously published measurements [59] which, although of relatively low angular
resolution, were considered sufficient for the purposes of this work. For AVAS direc-
tivity, the radiation pattern was expected to be more complex and may vary across
vehicle models. To examine this assumption and obtain representative data, pilot
measurements were conducted on one electric vehicle. The outcomes of these mea-
surements then motivated the development of a more detailed numerical directivity
model, as described in the following subsections.

Pilot Measurements

Figure 4.8: AVAS directivity measurement setup.

To better understand AVAS radiation behavior, pilot measurements were con-
ducted on an exemplary electric vehicle. Although these measurements were not
included in Paper A, they are presented here because they form a natural part of the
overall methodological workflow, that is, first establishing reference measurements,
then determining the level of modeling accuracy required for the intended human
response evaluations.

Setup The tested vehicle, a Tesla Model Y 2019, had the unique feature that it
allowed playback of arbitrary signals through its AVAS loudspeaker when station-

66



4.1 Electric Vehicle Auralization Implementation

90° 90°
120° 60° 120° 60°

150°

150° 30° 150° 30°
180° P

\
)

/
=/

=)
S
o

180°
210° 80

%
%
%
o
%

[——250Hz - - - 500 Hz —— 1000 Hz -=-2000 Hz|

Figure 4.9: Magnitude of measured AVAS radiation directivity in octave bands.

ary.® This enabled the playback of a sweep test signal through the AVAS speaker
while recording the radiated sound using one microphone positioned directly in front
of the loudspeaker and seven additional microphones arranged at 4 m distance in a
vertical line, with a spacing of 38.5 cm between adjacent microphones, as shown in
Figure 4.8. Transfer functions from the speaker microphone to each remote micro-
phone were computed to estimate the directional radiation behavior. The vertical
microphone array was then rotated around the vehicle in 5° increments, yielding full
360° horizontal coverage and approximately 35° elevation coverage.

Results Figure 4.9 shows the magnitude of the measured AVAS radiation direc-
tivity pattern for different octave bands. The polar plots indicate that the AVAS
exhibits pronounced directivity, with differences of up to 20 dB between the front
and rear radiation. This confirmed that AVAS directivity is relevant to include in
an auralization model. However, the patterns also revealed inconsistencies. For ex-
ample, the 250 Hz band appeared more directional than the 2 kHz band, which is
physically counterintuitive, since higher frequencies typically show stronger directiv-
ity. These irregularities are likely due to reflections and background noise, as the
measurements were conducted in a parking lot rather than in an anechoic chamber.

Given the considerable measurement effort per vehicle and the limited angular
resolution achievable with this setup, these findings motivated the decision to employ
numerical methods rather than additional measurements. The Boundary Element
Method was therefore used to determine AVAS radiation directivity for the three
reference vehicles, as described in the following subsection.

Boundary Element Model

To obtain numerical estimates of the AVAS radiation directivity, all three refer-
ence vehicles were modeled using the Boundary Element Method (BEM) in COMSOL
MurripHYSICS 6.1.

5Tesla refers to this feature as “Boombox Mode”.
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Figure 4.10: Simplified 3D model of electric vehicle with BEM results for radiated sound
pressure at f = 2kHz and evaluation points on Lebedev grid. The mirrored pressure below
the ground plane is due to the symmetry boundary condition used to model an infinite
sound-hard ground.

Setup The simulated vehicle geometries were based on simplified commercially
available 3D models of the three reference vehicles, in which the AVAS loudspeaker
was represented as a circular disk with a radius of 5 cm embedded in the vehicle
chassis. The disk was driven with a velocity proportional to 1/(jw), which corre-
sponds to a monopole source with constant sound pressure level in free field. A sound
hard ground plane was included using a symmetry boundary condition, and a simple
porous impedance model was assigned to the vehicle floor to suppress resonances
between the car body and the ground. The radiated pressure field was evaluated
on a 131st order Lebedev grid [168] with 5810 points distributed on a sphere of 3 m
radius around the vehicle, as illustrated in Figure 4.10. Since the complex pressure
on this enclosing surface is known, the field can be extrapolated to arbitrary receiver
positions using spherical harmonic expansion, as described in the following subsec-
tion. The symmetry boundary condition yields a mirrored pressure field beneath the
ground, which naturally produces correct ground reflections when extrapolating the
pressure beyond the sphere.

The simulations were solved up to 3 kHz in 30 Hz steps. Transformed to the
time domain, this yields impulse responses from the AVAS source to points on the
evaluation sphere with a sampling rate of 6 kHz and a duration of 33.3 ms. The
upper frequency limit of 3 kHz was chosen due to computational constraints and
is acceptable for the present work, as the measured AVAS signals (except for the
multi-tone AVAS) contained no energy above this range. Higher-frequency patterns
could be obtained by increasing computational resources or by combining the BEM
model with a high-frequency method, such as ray tracing. Further details on the
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numerical setup, discretization choices, and convergence considerations are provided
in Paper A.
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Figure 4.11: BEM results for AVAS directivity magnitude of Tesla Model Y 2019 in octave
bands.

Results Figure 4.11 shows polar plots of the calculated AVAS radiation directivity
for one of the evaluated electric vehicles, namely the same vehicle used in the pilot
directivity measurements described in the previous subsection. The results indicate
that, in the horizontal plane, the radiation is concentrated towards the front right
of the vehicle, and that the frontal radiation is consistently skewed in this direction
across all evaluated frequency bands. This is consistent with the physical config-
uration, in which the AVAS loudspeaker is mounted on the right side of the front
bumper, and it aligns with the overall trend observed in the pilot measurements.

There are, however, noticeable differences in the finer details of the radiation
patterns obtained from the boundary element model compared to the pilot mea-
surements. These discrepancies are likely due to simplifications in the vehicle ge-
ometry, uncertainties in material properties, and the idealized boundary conditions
used in the simulations. Despite these limitations, the results clearly show that
AVAS radiation in the relevant frequency range is not omnidirectional but is pre-
dominantly directed toward the front right. For the purposes of this thesis, it was
therefore deemed appropriate to include AVAS directivity in the auralization model,
and later-described listening experiments confirm that AVAS directivity can signifi-
cantly influence pass-by perception.

Spherical Harmonic Encoding

To represent the radiation characteristics obtained from BEM simulations and tire
measurements in a compact, flexible manner, the pressure values on the evaluation
sphere were encoded using Spherical Harmonics (SH). This representation not only
simplifies the handling of radiation directivity, but also replaces the physical AVAS
speaker and tire sources with an equivalent source description that can be used ef-
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Figure 4.12: Modal assurance criterion between extrapolated SH directivities and corre-
sponding BEM results as a function of SH order and frequency.

ficiently in subsequent propagation calculations via SH extrapolation. The basic
principles of spherical harmonics and their use for representing directional sound
fields were introduced in Section 2.4. In this context, the pressure values simulated
on the sphere surrounding the vehicle are expressed as a weighted sum of spherical
harmonic basis functions, with the weights given by the spherical harmonic coeffi-
cients.

A practical advantage of this representation is that the spatial resolution of the
directivity can be controlled simply by choosing the maximum spherical harmonic
order. Higher orders allow for finer spatial detail, while lower orders produce a
smoother, more diffuse pattern. Importantly, reducing the spatial resolution does
not require re-running the BEM model or re-interpolating the measured data. It is
achieved by truncating the spherical harmonic expansion, which makes the represen-
tation both compact and computationally efficient.

The number and distribution of pressure samples on the evaluation sphere deter-
mine the maximum order that can be stably encoded. Based on the dense Lebedev
grid used in the simulations, the AVAS directivities were encoded up to spherical
harmonic order 64. The tire directivity measurements, which had a lower spatial
sampling density, were encoded up to order 16. Previous studies [169, 170] indicate
that these orders provide sufficient spatial resolution for auralization purposes. A full
mathematical description of the spherical harmonic encoding procedure, including
the least squares solution used to estimate the coefficients, is provided in Paper A.

One way to assess how well the spherical harmonic representation reproduces the
simulated sound field is to calculate the modal assurance criterion (MAC) between
the BEM ground truth and the spherical harmonic reconstruction. This measure
is similar to a correlation coefficient, but it captures both magnitude and spatial
similarity. Figure 4.12 shows the MAC for one of the evaluated vehicles as a function
of frequency and spherical harmonic order. Values close to 1 indicate a very good
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match, while values near 0 indicate low similarity. The results show that relatively
high spherical harmonic orders are required to represent the high-frequency range
accurately for this particular directivity.

This behavior can be explained by the acoustic center of the source, i.e., the
AVAS loudspeaker, not coinciding with the center of the evaluation sphere [171] (see
Figure 4.10). In that case, the pressure pattern on the sphere becomes more complex,
requiring a higher spherical harmonic order to describe it. To quantify this effect,
an additional set of directivities was computed using the Lebedev evaluation grid,
centered on the AVAS loudspeaker rather than the vehicle center. This shift reduced
the required spherical harmonic order considerably, to about 10 to 24, depending
on the vehicle. While the resulting auralizations did not differ perceptually in the
scenarios considered here, the speaker-centered encoding is more efficient, since it
achieves the same perceptual quality with fewer coefficients and lower computational
cost.

However, because scattering from the vehicle body is part of the effective sound
source, the evaluation sphere must still enclose the entire car. Centering the sphere
on the front-mounted AVAS loudspeaker, therefore, requires a larger radius, which
in this case increases the minimum auralization distance from approximately 3 m
to 5 m. Speaker-centered directivities are thus less suitable for very close vehicle
passages but attractive when only larger source receiver distances are of interest. In
this thesis, both options are employed, depending on the specific human response
experiment. For applications that focus on near passages, the vehicle-centered en-
coding is preferable, whereas studies that only require larger distances can benefit
from the more efficient speaker-centered representation.

Limitations

The boundary element models used to estimate AVAS radiation directivity are based
on simplified vehicle geometries and do not include detailed material impedance
properties. This means that, although the method, in principle, allows highly specific
predictions, the underlying simplifications limit the physical accuracy of the resulting
patterns. The directivities should therefore be regarded as plausible approximations
of the main radiation trends rather than exact replicas of the real vehicles.

A further simplification is that the AVAS loudspeaker itself is not modeled with its
detailed electroacoustic characteristics. This was a deliberate choice. Since the ref-
erence AVAS signals in Section 4.1.1 were obtained by placing a microphone directly
in front of the loudspeaker, the measured source signals already include the influ-
ence of the specific driver and enclosure. For the present work, this is advantageous
because it allows the numerical model to focus on the scattering and radiation of
the vehicle body. However, this assumption would no longer hold if manufacturers’
digital AVAS signals were used as input rather than measured loudspeaker signals.

Finally, the ground in the BEM simulations is assumed to be perfectly sound hard.
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Given the AVAS loudspeaker’s position in the front bumper, ground reflections are
expected to contribute substantially to the sound at typical receiver positions, and
different road surfaces could modify the combined directivity in a non-negligible
way. A more flexible approach would be to omit the ground in the BEM model,
compute free field directivities, and then include ground effects using an image-
source method with frequency-dependent reflection coefficients. Such an extension
would be appropriate for studies that specifically target the influence of ground
surfaces on perceived AVAS noise. For the experiments in this thesis, which focus
on relative differences between AVAS designs under controlled conditions, the hard
ground assumption is considered sufficient, and including reflections in the spherical
harmonic representation substantially simplifies implementation compared with an
image-source approach.

4.1.4 Propagation

In the context of electric vehicle auralizations, the propagation model must account
for distance-dependent attenuation, atmospheric effects such as air absorption and
turbulence, and the source’s motion relative to the listener. These aspects are de-
scribed in the following subsections. The scope of this thesis is limited to free field
outdoor propagation at distances relevant for EV applications, that is, without re-
flections from buildings, diffraction over noise barriers, and without strong wind or
temperature gradient effects. Propagation through building facades, as used in Pa-
per E and Paper F, is treated as part of the reproduction stage rather than the
propagation model itself and is therefore discussed in Section 4.1.5 rather than in
this section.

Spherical Harmonic Extrapolation

A useful property of the spherical harmonic representation is that, once the sound
field is known on a closed surface surrounding the source, the pressure at any point
outside this surface can be obtained by extrapolation. This follows from the general
solution of the Helmholtz equation, which states that the exterior sound field is
uniquely determined by the pressure or normal velocity on an enclosing surface.
In practice, this means that the spherical harmonic coefficients obtained from the
BEM evaluation sphere can be scaled with spherical Hankel functions to compute the
pressure at arbitrary receiver positions. The underlying mathematics of this scaling
is described in Paper A.

An important advantage of this approach is that all scattering effects included
within the evaluation sphere, including the ground reflection in the BEM simula-
tions, are automatically preserved during extrapolation. This behavior is illustrated
in Figure 4.12, which compares the pressure obtained from spherical harmonic ex-
trapolation at a distance of 6 m with the corresponding reference values computed

72



4.1 Electric Vehicle Auralization Implementation

directly by the BEM model. Apart from the expected limitations at high frequen-
cies due to the finite spherical harmonic order, the agreement at lower frequencies
is, within numerical precision, perfect. This confirms that geometric spreading and
ground reflection are correctly represented within the spherical harmonic framework.

The result of the extrapolation step is a transfer function that describes the prop-
agation from the source position, as represented in the BEM model, to a desired
receiver point. After transforming this transfer function into the time domain, the
resulting impulse response can be convolved with the synthesized source signal. This
single convolution step therefore applies directivity, ground reflection, and distance-
dependent attenuation in a unified manner.

Atmospheric Effects

The purpose of including air absorption and atmospheric turbulence in the aura-
lization was to enhance overall plausibility, rather than to enable detailed studies
of atmospheric parameters or to reproduce specific meteorological conditions. The
implementations were therefore kept deliberately simple.

Atmospheric absorption was modeled according to ISO 9613-1:1993 [76] by at-
tenuating individual third octave bands of the source signal as a function of the
instantaneous distance between source and receiver. For Paper A, Paper C, Pa-
per E, and Paper F, only this distance-dependent air attenuation was applied, since
the scenarios mainly involved close-proximity vehicle passages.

For Paper B and Paper E, the auralization was extended to also account for atmo-
spheric turbulence. This was done by applying a time-variant filter whose amplitude
and phase fluctuations were modeled using a von Kdrmdn turbulence model. Random
amplitude and phase perturbations with a spatial correlation consistent with the von
Karméan spectrum were generated and mapped onto the moving source trajectory
based on its instantaneous position. The fluctuations increase with frequency and
propagation distance, and their variance was scaled to physically plausible values.

The resulting frequency-dependent perturbations were converted into a set of time-
varying impulse responses, which were applied to the source signal sample by sample.
This introduces small, slowly varying changes that mimic the random scattering and
phase wandering caused by atmospheric turbulence in outdoor sound propagation.
The underlying model and its relation to von Kéarmaén statistics follow the derivations
in [172] and [173] and are not further detailed here.

In principle, the time-varying turbulence filters could have been merged with the
propagation impulse responses into a single processing stage. However, this would
have reduced modularity and increased implementation complexity. Instead, at-
mospheric effects were implemented as a separate block in the auralization chain,
thereby making it straightforward to isolate, disable, or replace this component as
required for a specific study.
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Figure 4.13: Green’s functions obtained from spherical harmonic extrapolation, describing
source-receiver propagation for each discrete source position of a linear 25 km /h pass-by.

Source Movement

The final component of the propagation model is the inclusion of source movement.
This requires that the changing source-receiver geometry is represented correctly and
that the Doppler effect, that is, the frequency shift caused by relative motion [79], is
reproduced. Although Doppler shifts are relatively small for the velocities relevant
to EV and AVAS applications, they can still be perceptually noticeable, particularly
for tonal components.5

A practical way to model a moving source with an arbitrary radiation pattern is
to compute an individual Green’s function, that is, the impulse response describing
the propagation from source to receiver, for each discrete source position along the
trajectory, as illustrated in Figure 4.13. This approach, also referred to as the mov-
ing Green’s functions method, assumes that at each instant the source behaves like
a stationary radiator at its instantaneous position, avoiding the need for analytical
solutions for moving sources [174]. Since the Green’s function is updated for every
discrete source position, the method is not restricted to constant-velocity motion but
can also handle arbitrary, accelerating trajectories. In this formulation, the Doppler
effect does not need to be implemented explicitly as it emerges naturally from the
changing source-receiver distance and the corresponding sequence of Green’s func-
tions. In this thesis, the Green’s functions are obtained from the spherical harmonic
extrapolation described earlier in this subsection.

SFor instance, a 1kHz tone emitted by a vehicle moving at 30 km/h is shifted to f/ = fo—<- =

c—v
1000 Hz - % =2 1025 Hz, which corresponds to roughly a quarter-tone shift. This
is clearly audible, especially for a pure tone signal.
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Figure 4.14: Spectrogram of sound pressure at the receiver position for a linear 25km/h
pass-by with a 1kHz source signal, simulated using moving Green’s functions from spherical
harmonic extrapolation of the BEM radiation results.

The source trajectory is discretized at the temporal resolution of the auralization.
For example, simulating a 5 s pass-by at 25 km/h with a sampling rate of 6 kHz results
in 30,000 discrete source positions. The fundamental requirement for the validity of
this approach is that the movement during a single time step must remain small
compared to the wavelength of the signal [79-81]. This condition is fulfilled for all
velocities relevant to EV applications, where v < ¢. For each discrete position, the
corresponding Green’s function describes the propagation from source to receiver.
Figure 4.13 visualizes such a set of Green’s functions for a 25km/h pass-by at a
lateral distance of 3 m.

To obtain the sound pressure at the receiver, each sample of the source signal
is convolved with the Green’s function corresponding to its source position. The
convolution results are then combined sequentially, sample by sample, which can be
interpreted as time-variant filtering. A full mathematical description is provided in
Paper A. Figure 4.14 illustrates the result of this procedure for a 1kHz pure tone.
The expected Doppler shift is clearly visible, as is the amplitude variation caused by
the source directivity and the changing source-receiver geometry.

Limitations

The propagation model based on spherical harmonic extrapolation, simple atmo-
spheric modeling, and moving Green’s functions has several limitations. A first
constraint is that spherical harmonic extrapolation can only provide sound pressure
outside the evaluation sphere used in the BEM calculations. When the sphere is
centered on the vehicle and scaled to enclose the entire body, for example, with
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a radius of 3m, auralizations at smaller source-receiver distances are not possible.
This is generally acceptable for EV pass-by scenarios but may be restrictive for very
close-range situations, such as parking-lot maneuvers.

A second limitation concerns computational effort. The combination of spherical
harmonic extrapolation and moving Green’s functions is demanding, particularly
for higher spherical harmonic orders or long source-receiver distances. Although
this prevents real-time rendering, the approach has the advantage that all Green’s
functions for a given trajectory can be precomputed once and then reused for multiple
AVAS signals under identical propagation conditions.

For large distances, the required Green’s functions become very long because they
must contain the full propagation delay. Directly extending the BEM bandwidth
to support such long impulse responses would be computationally prohibitive. In
this thesis, this was mitigated by removing the propagation delay in the frequency
domain, zero-padding the time-domain Green’s functions to the required length, and
then reintroducing the delay afterward. This allows short BEM-derived impulse re-
sponses to be used for longer source-receiver distances, although the final Green’s
functions still need to be long enough to represent the full delay. While manageable
for the distances and sampling rates relevant to EV applications, this becomes im-
practical for scenarios such as aircraft flyovers, where Green’s functions would span
several seconds.” In such cases, interpolation schemes or a separate treatment of the
propagation delay would be required.

Finally, the moving Green’s functions approach is restricted to subsonic source
velocities. At v = ¢, the Doppler formula exhibits a singularity. For v > ¢, the sound
field forms a Mach cone with multiple retarded times, which cannot be represented
by a simple sequence of stationary Green’s functions [79, 81]. For v < ¢, the method
is in principle exact in the continuous-time limit. However, at finite sampling rates,
the increasingly compressed wavefronts ahead of the source require sufficiently fine
temporal discretization. The practical requirement that the source displacement per
time step remains small compared with the wavelength is comfortably fulfilled for all
velocities relevant to road-traffic noise, where v < ¢. It is also worth noting that, as
implemented, the method assumes a moving source and a stationary receiver. For
the reversed case, the receiver position at the time of sound arrival rather than at the
time of emission would need to be used, which introduces an implicit retarded-time
problem that is not present in the moving-source formulation.

4.1.5 Encoding and Reproduction

The final element of the auralization implementation is the encoding and reproduc-
tion stage. In this step, the different source contributions are combined, ambient

7 Auralizing a 30 s aircraft flyover with up to 2 km distance at a sampling rate of 10 kHz would

result in a matrix of Green’s functions with 30s-10kHz x 10 kHz - 32‘?3021‘75 ~ 17.5 x 10 values,

which, using Matlab’s double data type, requires about 130 GB of memory.
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noise is added, and the resulting signals are encoded in a format suitable for the
chosen reproduction system. The reproduction setup is adapted to each listening
experiment, depending on the research question and practical constraints.

In the broader methodological framework described in Chapter 2, encoding and
reproduction are treated as conceptually distinct stages. In the present application,
however, they are closely interlinked, and for clarity and continuity, they are there-
fore described together in a single section. The following subsections outline the
approaches used in this thesis, namely reproduction via static headphones, binaural
crosstalk cancellation, point sources in a circular loudspeaker array, and wave field
synthesis in the Living Room Lab.

Level Calibration and Mixing

For the final auralization of an electric vehicle pass-by, the AVAS signal and four
separate tire-noise receiver signals (i.e., the outputs of the previous processing stages)
are mixed with ambient background noise at realistic levels. In principle, the source
signal synthesis is based on calibrated reference measurements and should therefore
produce plausible sound pressure levels. However, radiation directivity models, which
link synthesized source signals to the velocity of a vibrating disk, cannot be assumed
to preserve the absolute level. The same applies to the tire directivities, which are
based on measurements that are not absolutely calibrated. As a result, the relative
level of tire noise relative to AVAS must be adjusted.

In this thesis, this adjustment was performed using a recursive procedure based
on roadside reference measurements described in Section 4.1.1. The recorded vehicle
velocity profile was used as input to the full auralization chain, re-synthesizing the
AVAS and tire noise components. In an ideal case, their sum would exactly match
the measured roadside pressure signal. To determine suitable tire levels, auraliza-
tion results for different tire-to-AVAS gain settings were compared with the reference
recording in third-octave bands, and the gain combination that minimized spectral
error was selected. This calibration step ensures that all subsequent listening exper-
iments are based on a consistent, physically plausible spectral balance among AVAS,
tire noise, and ambient background. To further refine the spectral balance, an op-
tional octave-band equalization filter can be applied to ensure the resulting spectrum
matches the reference as closely as possible. This equalization is determined once
for a given vehicle and then reused for other velocities, compensating for systematic
spectral imbalances in the synthesis and radiation models. The ambient background
noise recorded at the roadside is already calibrated and was therefore added at its
original level.

Figure 4.15 shows an exemplary comparison between a measured vehicle pass-
by and its corresponding resynthesized version. Both the spectrograms and the
numerical comparisons reported in Paper A indicate that the auralizations agree well
with the reference on a numerical level. A system-wide perceptual validation of the
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Figure 4.15: Recorded (a) and auralized (b) sound pressure at roadside observer position,
including multi-tone AVAS; tire-road noise, and ambient background noise.

complete auralization chain is presented in Section 4.2.1. Informal listening suggests
an overall good similarity between recording and reproduction, with the exception
that some fine temporal details of the tire noise, such as crackling components, are
not fully captured by the subtractive synthesis model.®

Headphone-based Reproduction

For static headphone-based reproduction, the mono pressure signal at the receiver
position is converted to a binaural signal by convolution with head-related transfer
functions (HRTFs) that depend on the instantaneous source direction. A simple
nearest neighbor strategy is used to select the most suitable HRTF for each source
angle. In practice, the synthesized receiver signal is first resampled to match the
HRTF sampling rate, which is 48 kHz in this case. The signal and the corresponding
source position vectors are then divided into short blocks, for example, of 512 sam-
ples, and each block is convolved with the HRTF corresponding to the mean source
direction within that block. This yields two ear signals per source. To avoid clicking
artifacts when the selected HRTF changes from block to block, the previous HRTF
is also applied to each block, and the two results are crossfaded using overlapping
windows.

In the current implementation of the auralization framework, AVAS and each of
the four tire-noise contributions are treated as separate sources at distinct positions.
Each of these signals is therefore convolved with its own direction-dependent HRTF
before the level calibration and mixing described above. This HRTF-per-source
approach is adequate in the far field, where each physical source can be approximated
as a point source in a single direction relative to the listener. For very close distances,
however, this simplification becomes less accurate. A more precise approach would
be to reconstruct the full sound field at the listener’s head position, for example, on a
spherical grid. The resulting set of pressure signals can then be treated as the inputs

8The reader can listen to these comparisons at https://doi.org/10.5281/zenodo.10610490
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to a multiple-input, multiple-output system, with the left- and right-ear signals as the
two outputs. The mapping from the sampled sound field to the ear signals is obtained
by determining a set of transfer functions that best reproduce measured HRTFs in
a least squares sense [36]. This would ensure that scattered contributions from the
vehicle body are represented as incident from multiple directions rather than being
collapsed to a single angle per physical source. For the studies in this thesis, these
near-field effects on apparent source width and detailed scattering perception were
neglected. Given the focus on relative differences between AVAS designs and the
moderate source distances used, this simplification was considered acceptable. For
applications that explicitly target the perceptual effects of vehicle scattering or the
optimization of AVAS loudspeaker placement within the chassis, a more advanced
binaural rendering based on sound field reconstruction would be preferable.

In principle, the same framework could be extended to dynamic headphone repro-
duction by tracking the listener’s head orientation and updating the source directions
accordingly when selecting HRTFs. In this thesis, the only experiment that employed
headphone-based reproduction was the perceptual validation in Paper A, where the
auralizations were compared to static binaural reference recordings. In that con-
text, introducing head tracking would have asymmetrically altered the reproduction
conditions and was therefore undesirable.

Binaural Crosstalk Cancellation

Figure 4.16: Binaural crosstalk cancellation setup with Paper C listening experiment
interface in anechoic chamber.

A closely related reproduction method to the headphone-based setup described
above is binaural crosstalk cancellation. In this approach, the same binaural sig-
nals that would normally be presented over headphones are reproduced via a pair of
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Figure 4.17: Inter-channel crosstalk level measured for setup shown in Figure 4.16.

loudspeakers, while inter-channel crosstalk is reduced by appropriate filtering. The
main advantage is that listeners do not need to wear headphones, which can increase
comfort and perceived immersion, at the cost of requiring a relatively fixed head po-
sition and a more constrained listening geometry. However, this restriction matches
the stationary roadside listener scenario in Paper C, which is why it was employed
there.

For the implementation used in this thesis, two loudspeakers were mounted in an
anechoic chamber at a distance of 3.1 m from the listening position and at azimuth
angles of £50°, as shown in Figure 4.16. To evoke the impression of standing at the
side of a road, participants stood throughout the experiment and were instructed to
face the virtual road straight ahead. The transfer functions from each loudspeaker to
each ear were measured using an artificial head placed at the listener position. These
four transfer functions form a 2 x 2 matrix that describes how the two loudspeaker
signals map to the two ears.

Crosstalk cancellation filters were obtained by inverting this loudspeaker-to-ear
transfer matrix in the frequency domain using a least squares solution with Tikhonov
regularization [90, 175]. Applying these filters to the binaural signals reduces the
unwanted contribution of each loudspeaker to the contralateral ear and approximates
the ear signals that would be obtained with ideal headphone reproduction. Exact
implementation details are given in Paper C.

To assess the technical performance of the implementation, single-channel white
noise was passed through the crosstalk cancellation filters and reproduced, such that,
in the ideal case, the signal would reach only one ear. The level of the residual sig-
nal measured at the opposite ear was interpreted as crosstalk and expressed relative
to the desired signal, as shown in Figure 4.17. The results indicate that channel
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separation generally increases with frequency and that crosstalk levels below -20 dB
were achieved over most of the frequency range of interest. These measurements,
however, do not fully determine the method’s perceptual accuracy, as additional fac-
tors, such as individual HRTF differences, may also influence perceived localization
and externalization [176, 177]. Therefore, a dedicated perceptual validation of the
reproduction method was conducted, as described in Section 4.2.3.

Free-field Circular Loudspeaker Array

Figure 4.18: Circular loudspeaker array setup in anechoic chamber.

Both the headphone-based reproduction and the binaural crosstalk cancellation
methods described above rely on generic HRTFs or require individualized HRTF
measurements. Since individual HRTFs could not be obtained for each study par-
ticipant with the available resources, and since generic HRTFs inevitably come with
the risk of reduced localization accuracy for some listeners [87], these approaches
were unsuitable for one of the central studies of this thesis, namely the listening
experiment on AVAS localization. For that experiment, the reproduction method
needed to resolve the source direction as accurately as possible without introducing
additional artifacts. Because the study focused solely on horizontal localization, a
dedicated circular loudspeaker array was chosen as the reproduction method.

A ring of 24 studio loudspeakers with a radius of 3m was installed in an ane-
choic chamber and hidden behind an acoustically transparent curtain, as shown in
Figure 4.18. In theory, such an array can reproduce two-dimensional Ambisonics
up to order L = 11, which corresponds to a main lobe width of approximately
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Ap = 360°/(2L + 1) ~ 15.7° for a synthesized beam [84]. For a listener at the array

Lc
27r?

which, for L = 11, » = 3m, and ¢ = 343m/s, yields approximately 200 Hz. Above
this frequency, the reproduced sound field is increasingly affected by spatial alias-
ing, so the effective usable order at audio frequencies is significantly lower than the
theoretical maximum. Although the nominal angular resolution is high, the com-
bination of finite order and aliasing means that the reproduced sources would still
be broader and less stable than a single physical AVAS loudspeaker, making this
approach unsuitable for the intended AVAS localization study.

An alternative would have been to use Vector Base Amplitude Panning (VBAP)
[85] to place virtual sources between loudspeakers. While VBAP provides contin-
uous azimuth control, the perceived source width varies depending on whether the

center, the corresponding spatial aliasing frequency is on the order of fuj.s =

virtual source lies close to or between loudspeakers. For the localization study,
which aimed to measure very small differences in localization accuracy, such order-
dependent changes in apparent width were considered undesirable.

For these reasons, a simpler and more robust approach was chosen: each vir-
tual vehicle was reproduced by a single physical loudspeaker. This method avoids
Ambisonics-related artifacts entirely and provides point-like sources whose spatial
accuracy is not limited by modal order or aliasing frequency, aside from physical
loudspeaker characteristics. It restricts reproduction to 24 discrete azimuths and
static vehicle positions, which was sufficient for the experimental design. The loud-
speakers were concealed behind a curtain, preventing participants from perceiving
or inferring these discrete positions. One remaining approximation is that a loud-
speaker at 3m does not reproduce the exact curvature of a spherical wave that a
source at 7m would produce. Consequently, distance cues related to listener move-
ment are not reproduced accurately. However, listeners were physically restrained
to the center of the array, so this limitation did not affect the intended perceptual
task.

In addition to the vehicle sounds rendered as point sources, a fourth-order Am-
bisonics ambiance recording from a quiet parking lot was reproduced over the full
loudspeaker array. The combination of high-precision point-source rendering for the
vehicles and a spatially diffuse Ambisonics ambiance created an immersive and real-
istic acoustic scene. Although this reproduction method was not formally validated,
the fact that study participants achieved mean localization errors below 3° for sev-
eral stimuli demonstrates that the setup supported localization performance near
the limits of human auditory resolution [87]. Further details on this implementation
and the experimental results are provided in Paper D.

Wave Field Synthesis in Living Room Lab

Investigating the human response to indoor road traffic noise poses a specific chal-
lenge for auralization and sound reproduction. A key difficulty is that sound trans-
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Figure 4.19: Visualization of Chalmers Living Room Lab.

mission through a facade and window depends strongly on the angle of incidence,
particularly around coincidence [74]. Although this behavior can be simulated nu-
merically, for example, by combining facade transmission models with a room acous-
tic simulation and applying the result to a headphone-based reproduction, such an
approach requires extensive modeling effort and substantial computational resources.
In addition, headphone-based playback may reduce immersion. Simpler filter-based
approximations of facade transmission would be computationally easier, but would
not recreate the spatial characteristics of a radiating window, such as the perception
of a moving vehicle indoors. Using only a small number of loudspeakers inside the
listening room, as done in related studies, may be adequate for some metrics, but
it does not reproduce the directional characteristics of an outdoor pass-by or the
correct transmission through a real facade.

This illustrates a general challenge in auralization for human response research.
Without dedicated studies, it is difficult to predict whether spatial aspects of the
indoor sound field influence annoyance, attention, or physiological response. It is
also difficult to obtain controlled in situ recordings that include the exact facade,
vehicle, and driving trajectory as reference material. The reproduction method used
in this thesis was therefore designed not for a single, narrow response measure, but
to support a broad range of perceptual and physiological experiments. The aim
was to reproduce the indoor sound field as accurately as possible, so that potential
influences on spatial fidelity could be investigated explicitly rather than assumed
negligible.

For this purpose, the present implementation adopts a hybrid approach that com-
bines wave field synthesis (see Section 2.7) with a physical facade and window. This
is implemented in the Chalmers Living Room Lab, a transmission suite comprising
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Figure 4.20: Receiving (a) and sending room (b) of Living Room Lab.

two rooms separated by a double gypsum wall with a real window. A linear 24-
channel loudspeaker array in the sending room synthesizes the outdoor sound field
of a passing vehicle in front of the window. The resulting sound interacts with the real
facade and window, meaning that the indoor field includes the true angle-dependent
transmission, the physical vibration behavior of the window, and the spatial distri-
bution of sound inside the receiving room. Figure 4.19 and Figure 4.20 illustrate
this setup. Because the receiving room is very quiet, with background noise levels
below 12dBA, hidden loudspeakers in the ceiling introduce a controlled background
noise. The detailed implementation of the wave field synthesis, including outdoor
propagation and AVAS radiation directivity, is described in Paper B.

A fundamental limitation of the array is its finite length, which leads to devia-
tions from the desired wave field, particularly amplitude errors at large incidence
angles. Additional limitations arise from reflections in the sending room and from
the array’s limited spatial resolution. To analyze the impact of these limitations and
explore possible improvements, Paper B includes a numerical model of the Living
Room Lab. This model uses a modified modal superposition approach to compute
Green’s functions from the loudspeakers to the window and into the receiving room.
The window is modeled as a simply supported plate, whose velocity response and
radiation into the receiving room are computed. Figure 4.21 shows an example in
which the array synthesizes a 600 Hz plane wave. The model calculates the resulting
pressure in the sending room, the window vibration, and the transmitted pressure
in the receiving room.

This simulation framework enables a systematic evaluation of different auralization
strategies. Paper B uses it to examine the role of sending room reflections and
to compare alternative array geometries by propagating the simulated loudspeaker
output through the window to the listener position and generating binaural signals
for both numerical and perceptual validation. The perceptual validation results are
summarised in Section 4.2.3.
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Figure 4.21: Simulation result for exemplary sound field in Living Room Lab.

Limitations

The encoding and reproduction stage described in this section is subject to several
general limitations in addition to the method-specific aspects already discussed. For
the headphone-based reproduction, the binaural crosstalk cancellation, and the cir-
cular loudspeaker array, the reproduction is optimized for a single, well-controlled
listener position. This sweet-spot assumption is appropriate for laboratory exper-
iments with seated or standing participants, but it does not capture the range of
listener positions and movements observed in real traffic environments. In contrast,
the wave field synthesis-based reproduction in the Living Room Lab aims to provide
a plausible sound field throughout the receiving room. However, it remains limited
to a single facade and room geometry and does not capture the full variability of
real dwellings.

All binaural reproduction stages in this thesis rely on generic HRTFs and do not
account for individual anatomical differences. This choice was dictated by practical
constraints and is common in spatial audio research. However, it may introduce
additional variability in localization and externalization that is not directly related
to the auralization methods themselves. Similarly, the loudspeaker-based methods
assume ideal loudspeaker behavior within the calibrated frequency range and do
not explicitly model residual loudspeaker directivity or small deviations from the
intended room conditions.

Finally, the level calibration and mixing rely on a limited set of reference record-
ings for specific vehicles, background noise, and facade conditions. This ensures a
consistent and plausible spectral balance across the experiments in this thesis, but
it does not encompass the full range of real-world traffic conditions and building
configurations.

These limitations are acceptable for the present work, which focuses on controlled
comparisons between AVAS designs under well-defined conditions. Their implica-
tions for generalizing the results to more complex and dynamic real-world scenarios
are discussed further in Chapter 6.

85



Chapter 4 Application to Electric Vehicle Noise

4.2 Perceptual Validation Strategies

A fundamental requirement for using an auralization framework to evaluate human
response is an appropriate validation strategy. The previous section introduced nu-
merical methods for comparing individual stages and the overall auralization output
with reference measurements. Such numerical comparisons are useful for diagnosing
errors and tuning the system, but they do not necessarily indicate whether remaining
discrepancies are perceptually relevant. Even when reference and auralized signals
closely match in third-octave spectra or in psychoacoustic metrics such as loudness,
tonality, or fluctuation strength, they may still be perceived as different due to dif-
ferences in temporal structure or spatial cues. Conversely, numerical deviations that
appear large in certain metrics may have little perceptual consequence.

Because no single numerical measure captures the perceptual similarity of com-
plex, time-varying signals such as vehicle pass-bys, perceptual validation is essential.
This can be done informally, for example, by listening to intermediate results during
model development, or formally through dedicated listening experiments. Percep-
tual validation can target the entire auralization chain, either directly by asking for
plausibility or authenticity, or indirectly by evaluating perceptual attributes that
are sensitive to specific modeling choices (see Section 2.8.2). In addition, individual
modules, such as reproduction methods, can be validated independently of the rest
of the chain.

This thesis employs all three validation approaches. First, a system-wide plausi-
bility assessment of the full auralization chain was conducted using headphone-based
reproduction. Second, indirect validation was achieved by evaluating perceptual at-
tributes such as perceived speed and annoyance. Third, independent validations of
the reproduction methods were conducted to ensure that the selected approaches
did not introduce unintended artifacts. All validation results presented here apply
to the specific implementation described in this chapter and should not be inter-
preted as general properties of the underlying framework. The following subsections
summarize these validation strategies.

4.2.1 System-wide Plausibility Validation

A system-wide plausibility validation is perhaps the most direct way to assess whether
an auralization chain produces perceptually convincing results. In such validations,
the final auralized stimuli are judged against reference recordings (authenticity) or
against the listener’s internal reference for how the scenario should sound (plausibil-
ity). For scenarios listeners are not routinely exposed to in everyday life, providing
reference recordings during the training phase can be essential, as participants may
otherwise lack a stable internal reference, and plausibility ratings may become unre-
liable.

This general challenge is particularly relevant for electric vehicle sounds, which are
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still unfamiliar to many listeners, and it becomes even more pronounced in indoor
noise scenarios, where obtaining controlled in situ recordings that match the simu-
lated laboratory environment is difficult. For this reason, the system-wide validation
in this thesis focused on outdoor pass-bys, for which binaural reference recordings
were obtained as described in Section 4.1.1.

In addition to reference sounds, it is often beneficial to include low-quality anchor
stimuli in a plausibility test. Anchors help stabilize the response scale and reduce
inter-subject variability by providing a clear perceptual lower bound. This is partic-
ularly important when several stimuli are already reasonably realistic, since listeners
might otherwise compress their ratings toward the upper end or apply inconsistent
interpretations of the scale. Including explicit poor-quality examples ensures that
plausibility judgments for the high-quality auralizations remain interpretable and
comparable across participants. The following briefly summarizes the plausibility
validation setup and results relevant to this thesis. A detailed description of the
experiment and a statistical analysis of the results are provided in Paper A.

Experiment Setup

The system-wide plausibility experiment consisted of two parts. In the first part,
participants listened to 10 binaural in situ recordings, two per measured vehicle and
driving direction. These recordings served two purposes. First, they familiarized
participants with the sound of real electric vehicle passages and helped establish an
internal reference for plausibility judgments. Second, they provided ground truth
ratings for other perceptual attributes, which are discussed in Section 4.2.2.

In the second part, participants listened again to a subset of the real record-
ings together with twenty auralized stimuli. These stimuli were generated from the
measured vehicle velocity profiles using the complete auralization chain and were
reproduced over headphones. Ten auralizations were generated using spherical har-
monic order L. = 64, five were generated with L = 16, and five were intentionally
degraded low-quality anchor stimuli. The anchors consisted of amplitude-panned
white noise, white noise combined with a binaural ambiance, auralizations without
ambiance noise, and auralizations without source movement. For all stimuli in this
second part, participants rated plausibility on an 11-point numerical scale ranging
from 0 (not at all plausible) to 10 (extremely plausible).

All stimuli were presented via calibrated Sennheiser HD 650 headphones using
HRTFs measured for a HEAD acoustics HMS 11.3 artificial head, which matches the
geometry of the artificial head used for the reference recordings. Twenty participants
with self-reported normal hearing completed the experiment.
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Figure 4.22: System-wide plausibility ratings of auralization, recording, and anchor, plot-
ted as arithmetic mean and 95% confidence interval (N = 20).

Results

The obtained plausibility ratings are summarized in Figure 4.22. Across all vehi-
cles, the real in situ recordings received the highest plausibility scores, confirming
that participants established a clear internal reference during the first part of the
experiment. As expected, the anchor stimuli were rated as the least plausible, with
amplitude-panned noise receiving the lowest scores. The two evaluated spherical
harmonic orders did not show a consistent difference in plausibility.

Overall, the results suggest that, although the auralizations are not indistinguish-
able from the reference recordings, they achieve plausibility ratings that are suffi-
ciently high for the intended listening studies. At the same time, it is important
to acknowledge that the notion of an “acceptable” level of plausibility is not well
defined and depends on the specific perceptual task. While Paper A reports statis-
tically significant differences between recordings and auralizations when averaging
across vehicle types®, the overlapping confidence intervals for almost all individual
comparisons in Figure 4.22 indicate that the synthesized stimuli are at least close to
the reference in perceived plausibility.

Regardless of how one interprets the absolute level of plausibility, this validation
step provides an important contextual basis for the subsequent listening experiments.
Rather than assuming plausibility, as is often done in applied auralization studies,
the present framework includes an explicit perceptual verification. This enables

9The grand mean plausibility for all recordings is 8.0, compared to 6.3 for auralizations with
L = 64 and 6.7 for auralizations with L = 16.
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interpretation of subsequent perceptual results with greater confidence, knowing that
the stimuli are plausible but not perfect and that any residual discrepancies are at
least quantified rather than unknown.

4.2.2 Indirect Validation via Perceptual Attributes

Instead of directly validating plausibility or authenticity, an auralization can be as-
sessed indirectly through other perceptual attributes. The choice of attributes should
be motivated by the intended response measure of the final listening experiment. For
example, if an auralization is developed to study loudness and annoyance differences
between heat pumps, one could argue that the most relevant validation step is to
demonstrate that the auralized sounds yield the same loudness and annoyance ratings
as corresponding real-life references.

However, indirect validation alone is not necessarily sufficient. An auralization that
reproduces loudness judgments accurately but is perceived as implausible overall may
still limit the ecological validity and real-world transferability of the experimental
results. Indirect validation via perceptual attributes should therefore be viewed as a
complement to, rather than a replacement for, system-wide plausibility validation.
When used together, the two approaches offer a more nuanced understanding of
where and how an auralization deviates from reality.

For instance, in a concert hall auralization, one could first evaluate overall plausi-
bility, then assess specific perceptual dimensions such as timbre, perceived room size,
or spatial envelopment. This would refine an overall statement like “the auralization
is moderately plausible” into a more informative description such as “the auraliza-
tion is moderately plausible, consistent in timbre and room size, but underestimates
spatial envelopment”. In this thesis, such indirect validation was achieved by analyz-
ing two perceptual attributes relevant to electric vehicle pass-bys: perceived vehicle
speed and perceived annoyance. The experimental setup and results are described
below.

Experiment Setup

The indirect validation via perceptual attributes was integrated into the same listen-
ing experiment used for plausibility validation, in which participants also rated per-
ceived annoyance and perceived pass-by speed for all stimuli. In the first part of the
experiment, participants evaluated 10 binaural in situ recordings, two per measured
vehicle and driving direction. These ratings served as ground-truth reference data
and simultaneously as training data, allowing participants to form a stable internal
reference for subsequent comparisons. In the second part, five of these recordings
were repeated, and twenty auralized pass-bys synthesized from the corresponding
velocity profiles were presented. Participants again rated annoyance and perceived
vehicle speed for each stimulus. This design enables two comparisons. First, it
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Figure 4.23: Distribution of differences in annoyance and vehicle velocity ratings between
both experiment parts. The data combines the results for all evaluated vehicles.

allows assessing how consistently participants rate the repeated in situ recordings.
Second, it enables evaluating how closely the auralizations reproduce the perceptual
attributes of the real recordings.

To analyze these relations, the ratings obtained for the stimuli in the second part
were compared with the ratings for the corresponding recordings in the first part. As
discussed in Paper A, linear regression was used to illustrate overall trends, while the
primary analysis relied on comparing the distributions of rating differences between
both experiment parts, as described in the following subsection.

Results

The histograms in Figure 4.23 show the differences between the ratings obtained in
the first and second experiment parts. The blue distributions represent repeated in
situ recordings, while the orange distributions represent auralizations in the second
part compared to their corresponding recordings (that is, stimuli based on the same
velocity profile) in the first part. These distributions were compared using Wilcoxon
signed-rank tests.

The results show that, even for repeated in situ recordings, participants were not
perfectly consistent across the two experimental rounds. For the recordings, however,
the difference distributions for both annoyance and perceived speed were approxi-
mately normal and centered on zero, indicating no systematic shift in ratings. A
similar pattern was observed for the auralized annoyance ratings, whose distribu-
tion closely matched that of the recordings and did not differ significantly in the
Wilcoxon test. This suggests that the auralizations reproduced perceived annoyance
reasonably well.

For perceived vehicle speed, the pattern differed. The auralizations showed a clear
bias, with the distribution centered below zero, indicating that auralized passages
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were generally rated as faster than their corresponding real recordings'®. This shift
was statistically significant according to the Wilcoxon signed-rank test. The direction
of this bias is consistent with the numerical analyses in Paper A, which showed that
the auralized pass-bys exhibit slightly sharper time-frequency transitions, likely due
to limitations in the radiation directivity modeling and the absence of environmental
reflections in the current implementation.

This outcome implies that the current implementation of the auralization frame-
work is unsuitable for studies requiring accurate absolute estimates of perceived
vehicle speed. However, it does not invalidate the method for relative comparisons.
The auralizations were sufficiently consistent to detect differences between stimuli,
for example, when evaluating whether different AVAS designs yield different per-
ceived speeds. This observation directly motivated the follow-up work in Paper C,
which focused specifically on pass-by speed perception.

4.2.3 Component-Level Perceptual Validation

In addition to system-level validation of the complete auralization chain, individual
components of the framework can be validated separately. Such component-level
validation may be motivated either by research questions that focus on a specific
aspect of the auralization, or by methodological changes introduced after a system-
wide plausibility assessment has been completed.

The latter motivation applies to the component-level validations performed in this
thesis. The overall auralization chain was perceptually validated using a headphone-
based reproduction system. In subsequent studies, additional reproduction methods
were employed, most notably binaural crosstalk cancellation and wave field synthesis
in the Living Room Lab. Rather than repeating a full system-level validation for each
reproduction setup, these methods were evaluated individually at the component
level. The following sections summarize the corresponding perceptual validation
experiments and discuss their implications for the respective listening studies.

Binaural Crosstalk Cancellation

A component-level validation was conducted for the loudspeaker-based binaural re-
production with crosstalk cancellation employed in Paper C. For this reproduction
method and the corresponding listening experiment’s target outcome measure, per-
ceived pass-by speed, the primary concern was that incomplete crosstalk suppression
(cf. Section 4.1.5) could degrade horizontal localization cues and thereby uninten-
tionally influence the task.

To assess this risk, a simple perceptual validation was conducted prior to the main
experiment. Thirty-one participants were presented with nine binaural speech stimuli

10The differences were calculated by subtracting the ratings obtained in the second part from the
ratings in the first part, hence a negative bias means the ratings in the second part were higher.
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Figure 4.24: Exemplary component-level perceptual validation results for binaural
crosstalk cancellation in anechoic chamber (a), and for WFS reproduction in Living Room
Lab (b).

distributed horizontally over azimuth angles ranging from —90° to 90°. Participants
were instructed to report the perceived azimuth on a nine-point scale spanning from
left (90°) to right (—90°). This procedure provided a coarse estimate of horizontal
localization accuracy, as illustrated in Figure 4.24a.

The results showed that perceived azimuths were, on average, reasonably accurate
for small angles but increasingly underestimated at larger azimuths. This behav-
ior is consistent with known limitations of binaural crosstalk cancellation, where
loudspeaker-based reproduction typically achieves lower interaural channel separa-
tion than headphone playback. For experiments that aim to quantify localization
accuracy, such deviations would be unacceptable and would argue against the use of
this reproduction method.

However, for the specific purpose of evaluating pass-by speed perception, the ob-
served limitations were considered acceptable. The simulated vehicle trajectories in
Paper C did not involve large azimuth angles, and the task did not require precise
spatial judgments. The validation, therefore, supported the use of binaural crosstalk
cancellation as a suitable compromise between spatial fidelity and experimental sim-
plicity for this specific application.

Wave Field Synthesis Reproduction in the Living Room Lab

A more elaborate component-level validation was conducted for the wave field syn-
thesis reproduction used in the Living Room Lab. The goal was not only to assess the
perceptual plausibility of the existing linear loudspeaker array, but also to evaluate
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whether alternative array geometries could perceptually reduce artifacts associated
with finite array length (cf. Section 4.1.5).

Defining an appropriate reference for this validation is nontrivial. While one
could, in principle, record traffic pass-bys in real living rooms, finding an in-situ
environment with a comparable facade, window construction, and controllable vehi-
cle trajectories is practically infeasible. Instead, an indirect validation strategy was
adopted. The previously conducted system-level listening experiment showed that
the EV auralization toolbox produces plausible binaural renderings when reproduced
via headphones. This allowed treating the auralized sound field at the window plane
as a valid reference and focusing the validation on the reproduction method inside
the Living Room Lab.

A numerical model of the complete Living Room Lab setup (see Section 4.1.5 and
Paper B) was therefore used to simulate how different loudspeaker array geometries
would reproduce the same exterior sound field. In addition to the existing linear
array, hypothetical circular and rectangular array configurations were modeled and
compared against an idealized reference consisting of an infinitely long, continuous
loudspeaker array in free field, without reflections in the sending room. The numer-
ical model accounted for room coupling, window transmission, and room reflections,
and the resulting sound fields at a fixed listener position were rendered to binaural
signals.

This approach effectively constitutes an auralization of different reproduction
methods. Instead of actually setting up multiple arrays, their expected perceptual
outcomes were evaluated via numerical simulation, followed by binaural rendering.
The resulting stimuli represented pass-by scenarios reproduced with different array
geometries as well as the ideal continuous reference.

As described in Paper B, a listening experiment was conducted with 15 partici-
pants, who rated the similarity between pairs of stimuli on an 11-point Likert scale
ranging from “not at all similar” to “extremely similar”. The test set included the
different array geometries, a hidden reference corresponding to the ideal continuous
array, and several low-quality anchor stimuli. The results are shown in Figure 4.24b.
While none of the finite WFS arrays reached the similarity ratings of the hidden
reference, all were rated substantially higher than the low-quality anchors. Impor-
tantly, no statistically significant differences were observed between the tested array
geometries.

Based on these results, the existing linear array was retained for subsequent ex-
periments. In retrospect, participants reported considerable difficulty in identifying
differences between the stimuli, suggesting that the chosen similarity-rating paradigm
may have lacked sensitivity for this application. A forced-choice paradigm, such as
ABX or two-alternative forced choice (2AFC), might have been more suitable for
detecting subtle perceptual differences between array configurations.
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4.3 AVAS Perception and Safety

To demonstrate the applicability of the auralization methods in the present im-
plementation, this thesis presents a series of controlled listening experiments that
address different aspects of human responses to electric vehicle noise. These experi-
ments were designed to evaluate behavioral, subjective, and physiological responses
under well-defined and reproducible acoustic conditions. The following subsections
focus on the studies related to AVAS perception and safety, outline the experimental
frameworks, and briefly summarise the key observations related to the perception
of pass-by speed (Section 4.3.1) and auditory localization (Section 4.3.2). Detailed
results and interpretations are presented in the corresponding papers and discussed
further in Chapter 6.

4.3.1 Pass-by Speed Perception

Background The investigation of pass-by speed perception was motivated by the
system-wide perceptual validation described in Section 4.2.1, which indicated that
auralized electric vehicle passages tended to be perceived as slightly faster than
corresponding reference recordings. Inspection of the auralized signals suggested
differences in time structure, that is, in how spectral content and level evolve during
the pass-by. One plausible contributor to these differences is the radiation directivity
used in the auralization, which shapes how sound energy is distributed before and
after the vehicle passes the listener.

Since the influence of source radiation directivity on the perceived speed of moving
sound sources has not been systematically investigated in previous work, a dedicated
listening experiment was conducted and published in Paper C. The scenario involved
a pedestrian standing at the roadside, judging the speed of a passing electric vehicle.
The modular auralization toolchain described earlier was used to generate stimuli
in which only selected components were varied. Specifically, different AVAS sig-
nal types, pass-by speeds, and radiation directivities, including omnidirectional and
several directional patterns derived from numerical modeling and analytic shapes,
were combined while all other elements of the rendering chain were kept identical.
This allowed the perceptual influence of radiation directivity and AVAS type to be
examined in isolation.

Procedure Because absolute speed judgments are known to be difficult and highly
variable, a paired comparison paradigm was employed [178]. Participants were pre-
sented with pairs of pass-by stimuli and asked to indicate which one sounded faster,
using a two-alternative forced-choice design that required a decision even when no
clear difference was perceived. To limit the total number of comparisons, the stimuli
were divided into several paired comparison groups, each targeting a specific research
question, such as the effect of directivity within one AVAS type or differences between
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Figure 4.25: BTL probability scores and 95% confidence intervals for tonal AVAS (a) and
narrowband noise AVAS (b) with different directivities (C = Cardioid, S = Star, B = BEM
simulation, O = Omnidirectional), simulated at 10 km/h and 20 km/h.

tonal and narrowband noise signals. Each group included one lower-speed pass-by
as an anchor stimulus. The experiment was conducted with 31 participants using
a loudspeaker-based binaural reproduction in an anechoic chamber, as described in
Section 4.1.5.

The paired comparison data were analyzed using a Bradley—Terry—Luce (BTL)
model [179, 180], which estimates relative preference scores from binary-choice data.
In this context, the scores represent the probability that one stimulus is judged as
corresponding to a higher pass-by speed than another when presented as a pair,
reflecting systematic tendencies in perceived speed ordering rather than absolute
speed judgments.

Results Figure 4.25 shows exemplary BTL probability scores with 95% confidence
intervals for tonal and narrowband noise AVAS signals under different radiation
directivities. The results indicate that radiation directivity can influence perceived
pass-by speed under certain conditions. In particular, some directional radiation
patterns were more likely to be judged as faster than an omnidirectional reference
when all other stimulus parameters were held constant.

However, this effect was not observed consistently across all tested conditions.
Statistically significant differences occurred only for specific combinations of AVAS
signal type and directivity, and the associated confidence intervals indicate relatively
small effect sizes. The findings should therefore be interpreted as evidence for a
modest and context-dependent influence of radiation directivity on speed perception
rather than a general effect applicable to all AVAS designs.

Regarding AVAS signal type, no consistent overall difference in perceived speed
between tonal and narrowband noise signals was found across participants. Instead,
substantial inter-individual variability was observed, with some listeners systemati-
cally associating one signal type with higher perceived speed than the other. This
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suggests that pass-by speed perception in complex acoustic scenes depends on a com-
bination of acoustic features, listener expectations, and prior experience rather than
on a single signal characteristic.

Overall, the experiment demonstrates that the proposed implementation of the au-
ralization framework is sufficiently sensitive to reveal subtle perceptual effects related
to radiation directivity, while also highlighting the limitations of generalizing such
effects beyond the specific experimental conditions. Detailed analyses are presented
in Paper C, and broader implications are discussed in Chapter 6.

4.3.2 Auditory Localization

Background One of the central research questions of this thesis concerns the lo-
calizability of different AVAS designs, particularly in scenarios involving multiple
vehicles simultaneously present. To investigate this question, a dedicated labora-
tory experiment was developed that combines a high-resolution reproduction method
with a custom-built response interface. This experiment exemplifies the close cou-
pling between auralization techniques and evaluation methods, as the reproduction
setup and response paradigm were explicitly designed to address small differences in
localization performance.

Procedure The experiment was conducted in an anechoic chamber using a con-
cealed circular loudspeaker array consisting of 24 loudspeakers (Figure 4.18). Par-
ticipants were positioned at the center of the array and exposed to simulated static
vehicles modeled as point sources, with each vehicle assigned to a single loudspeaker.
Depending on the trial, one, two, or three vehicles were presented simultaneously.
Each vehicle reproduced either one of three AVAS signals or a combustion engine
reference sound.

To measure localization performance with high angular resolution, a custom point-
ing device was developed by modifying a toy waterblaster to house two microcon-
trollers equipped with motion sensors and a trigger switch (Figure 4.26a). The
device’s horizontal pointing angle was tracked in real time and mapped to a circular
LED strip mounted on the inside of the loudspeaker array. The currently indicated
azimuth was visualized as a blue LED (Figure 4.26b), providing participants with
precise visual feedback of their pointing direction'!. A small display located at the
0° position provided task instructions and timing information. Similar experiment
setups, although often with lower spatial resolution, have been used in the context
of spatial hearing research [181, 182].

Each trial began with a visual countdown of 3 s, followed by a stimulus presentation
of 10s. During this interval, participants were instructed to indicate the perceived

1 The strip consisted of 695 LEDs, resulting in 360°/695 LEDs ~ 0.5° angular resolution for the
visual feedback.
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(b)

Figure 4.26: Pointing device with inertial sensors used for localization responses (a) and
participant point of view with blue LED light indicating current pointing direction (b).

direction of each audible vehicle by aiming the device and pulling the trigger as
quickly as possible. In trials with multiple vehicles, participants were asked to localize
all perceived sources in arbitrary order. The number of vehicles per trial was not
disclosed in advance. After 10s, the trial ended, and participants were instructed to
return to the 0° position and pull the trigger to initiate the next trial.

In total, three AVAS designs and one combustion engine sound were evaluated
in single-, dual-, and triple-vehicle configurations. This resulted in 72 trials per
participant, all presented in randomized order. The experiment was completed by
55 participants, of whom three were excluded from the following analysis as their
overall localization error, averaged over all trials, was more than 1.5 interquartile
ranges above the upper quartile. Further details on the experimental procedure and
stimulus design are provided in Paper D.

Results Localization performance was evaluated using two primary outcome mea-
sures, absolute localization error and response time. Absolute error was defined
as the angular deviation between the reported direction and the true loudspeaker
position. Response time was measured from stimulus onset to trigger activation.
Repeated-measures analyses of variance were used to assess the effects of sound type
and number of vehicles on both measures, with Bonferroni-corrected post hoc tests
applied for pairwise comparisons. Figure 4.27 illustrates exemplary localization error
results for single- and dual-vehicle conditions.

In addition, the percentage of failed localizations was analyzed. A localization was
considered failed if a participant did not respond within the 10s time limit or if the
reported direction deviated by more than 90° from the true source position. Because
these data violated normality assumptions, failed localization rates were evaluated
using nonparametric Friedman tests.

The results show a clear dependence of localization performance on sound type

97



Chapter 4 Application to Electric Vehicle Noise

121 <01 p<.001
p<.001 40+ p <.001
° 10 p <.001 o p <.001
£ £ p <.001
E g g 30t p<.001
L L
c 6l c
N4 X
g § ¥ g
S Ll L g 107 s i
oW
0 0 '
o\ 2 (J (4 O\ (4
\)‘3\'\0 $0\‘5 (_\:‘0(\ 0:‘0(\ \)5\\0 \\\0\‘-9 ;\\:‘O(\ 0'(0(\
o® NS < o NS <
(2) (b)

Figure 4.27: Exemplary localization error results for single-vehicle (a) and dual-vehicle
(b) conditions as a function of sound type.

and scene complexity. Combustion engine noise consistently yielded the smallest
localization errors and fastest response times across all conditions. Among the AVAS
designs, the two-tone AVAS exhibited the poorest localization performance, while
no significant differences were observed between the multi-tone AVAS and the noise
AVAS in single-vehicle conditions.

Crucially, the differences between sound types increased substantially in multi-
vehicle scenarios when multiple vehicles emitted the same sound. In these conditions,
all three AVAS signals were localized significantly less accurately than the combustion
engine reference. The two-tone AVAS performed worst, with mean localization errors
exceeding those of the combustion engine sound by up to 20° and response times
up to 2s longer. The proportion of failed localizations also increased markedly in
this condition, with most participants localizing fewer than 60 % of the presented
vehicles when three two-tone AVAS signals were played simultaneously.

The fact that mean localization errors smaller than 3° were achieved for some stim-
uli demonstrates that both the reproduction method and the response interface pro-
vided angular resolution beyond typical human localization limits. Lower-resolution
approaches, such as headphone-based reproduction with generic HRTFs or pointing
methods without continuous visual feedback, would likely have introduced additional
response variability and masked the observed differences between AVAS designs.

4.4 Noise Effects in Living Environments

The second major research question addressed in this thesis concerns the effects of
road traffic noise on humans in living environments. To study these effects un-
der controlled yet realistic conditions, the Living Room Lab with its wave field
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synthesis-based reproduction and physical facade transmission (see Section 4.1.5)
was employed. Two studies conducted in this environment, Paper E and Paper F,
investigated human responses to low-level road traffic noise. Paper E focuses on
electric vehicles and AVAS, while Paper F investigates low-frequency traffic noise
with different temporal structures. Both studies combined subjective, cognitive, and
physiological outcome measures to capture complementary dimensions of human re-
sponse. The following subsections summarize the rationale for the selected measures
and outline the main experimental approaches, with detailed analyses reported in
the corresponding papers.

4.4.1 Attention

Attention is a central cognitive function and belongs to the class of cognitive per-
formance measures described in Section 3.4.1. Together with working memory, it
is among the most frequently studied cognitive domains in noise research because
it is sensitive to distraction and task interference caused by environmental sound.
Previous studies have shown that noise can impair attentional performance, particu-
larly under conditions of high sound levels, irrelevant speech, or highly variable and
unpredictable noise [20, 183]. However, much of this literature relies on relatively
elevated exposure levels and simplified noise stimuli, such as broadband noise or
stationary sounds, rather than acoustically realistic traffic scenarios.

This gap motivated focusing on attention as the primary measure of cognitive
performance in the present work. In residential settings, traffic noise is typically en-
countered at relatively low indoor levels, yet it remains a frequent source of reported
disturbance. In addition, AVAS signals introduce sound components that are inten-
tionally designed to attract attention in outdoor contexts, raising the question of
whether such signals may have negative cognitive effects when transmitted indoors,
even at low absolute levels.

Attention is not a unitary construct but can be divided into several partially dis-
tinct subprocesses. Sustained attention refers to the ability to maintain focus over
extended periods of time. Selective attention involves filtering relevant information
from competing stimuli, while executive control supports conflict resolution and in-
hibition of irrelevant responses [184]. Different noise characteristics may affect these
subprocesses in different ways, as suggested by findings that continuous white noise
can selectively alter performance over time in sustained attention tasks, whereas ir-
relevant speech or environmental sounds modulate selective and executive aspects
of attention control [185-187]. In the following, attention is used as an umbrella
term encompassing sustained attention, selective attention, and executive control
processes relevant for task performance under noise exposure. To address these dif-
ferent components, two complementary attentional paradigms were employed across
the studies, as described below.
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Conners’ Continuous Performance Test

Background Sustained attention was examined in Paper F using a Continuous
Performance Test (CPT). CPTs are commonly used to assess sustained attention and
inhibitory control by requiring frequent responses to target stimuli while suppressing
responses to rare non-targets. The implemented paradigm resembles the Conners’
CPT, which is widely used in clinical and experimental settings [188, 189]. To the
best of the author’s knowledge, this type of CPT has not previously been applied to
investigate the effects of complex traffic noise on cognitive performance.

Procedure During the task, participants were presented with a sequence of single
letters on a computer screen and instructed to press a response button for all letters
except the letter “X”, which appeared in 10% of trials. Each CPT round consisted
of 360 letters organized into six cycles, with variable interstimulus intervals of 1 s,
2 s, or 4 s and a fixed stimulus duration of 250 ms, resulting in a total task duration
of approximately 14 minutes. The high target-to-distractor ratio required frequent
responding and occasional response inhibition, making the task sensitive to lapses
of attention and impulsive responding. Performance was quantified primarily by
the number of commission errors, that is, responses to the non-target letter “X”.
Response times were analyzed secondarily.

Results Figure 4.28 shows the mean number of commission errors and mean re-
sponse time for the three sound conditions evaluated in Paper F, namely close traffic
noise, far traffic noise, and silence. Both traffic noise conditions were normalized to
the same indoor equivalent sound pressure level of Ly oq = 40 dB, while the silence
condition corresponded to a background level of approximately L oq = 10 dB. Forty-
two participants completed the experiment in a fully randomized within-subject de-
sign, performing one CPT for each sound condition, with breaks in between.

A repeated-measures analysis of variance revealed a significant effect of sound
condition on the number of commission errors (F(2,82) = 3.68, p = .029, partial
n? = .082). While post hoc comparisons did not show a significant difference between
the close and far traffic conditions, the far traffic condition yielded a significantly
higher number of commission errors than silence after Bonferroni correction. A
planned contrast analysis further showed that, when both traffic noise conditions
were combined, they differed significantly from silence. These results indicate that,
even at moderate indoor levels, road traffic noise can exert a small but measurable
effect on sustained attention compared with an acoustically very quiet baseline. At
the same time, they demonstrate that the Living Room Lab environment and the
applied auralization approach are sufficiently sensitive to detect subtle cognitive
effects under controlled indoor exposure conditions.
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Figure 4.28: Number of commission errors (a) and mean response time (b) for the CPT
attention test performed in Paper F.

Combined Flanker and Spatial Stroop Test

Background The CPT results in Paper F showed that sustained attention can be
affected by traffic noise, but only weakly and at moderate indoor levels. For the
electric vehicle experiment in Paper E, two additional considerations motivated the
use of a different attentional paradigm. First, the expected indoor exposure levels
were substantially lower (La oq < 21.5 dB), suggesting that any performance effects
would likely be even smaller. Second, the CPT requires long and monotonous task
blocks, which would have resulted in unreasonably long experiment sessions when
combined with four sound conditions. The aim was therefore to employ a more
time-efficient task that probes additional attentional control mechanisms and may
be more sensitive to subtle acoustic influences.

Procedure Paper E employed a combined Eriksen Flanker and spatial Stroop task.
Whereas the CPT primarily targets sustained attention and response inhibition, the
Flanker and Stroop paradigms probe executive attention under conditions of stim-
ulus conflict. The Eriksen Flanker task assesses selective attention and interference
control by requiring participants to respond to a target stimulus while suppressing
conflicting information from surrounding distractors. In the version used here, the
visual target was a central arrow pointing left or right, flanked by four additional
symbols: arrows pointing in the same direction as the target (congruent), arrows
pointing in the opposite direction (incongruent), or non-directional dashes (neutral).
The spatial Stroop component introduced a conflict between stimulus identity and
spatial location by presenting the entire stimulus array either centrally, shifted left,
or shifted right on the screen. By combining these manipulations, the task targets
multiple components of executive control, including conflict monitoring, selective
attention, and spatial processing. Figure 4.29a shows the resulting stimulus set.
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Figure 4.29: Combined flanker and spatial Stroop stimulus configuration (a) and number
of errors, including arithmetic mean, within-subject confidence intervals, and Friedman test
statistics (b).

During the experiment, participants were instructed to indicate the direction of the
central arrow as fast as possible using left or right response keys while ignoring both
the flankers and the spatial offset. Each sound condition block consisted of 180 trials
and lasted approximately five minutes, making the task substantially shorter and
less fatiguing than the CPT while still providing a sufficient number of trials for
statistical analysis.

Results Figure 4.29b shows individual participant data, arithmetic means, and
within-subject confidence intervals for the total number of errors in the attention
task, performed by 60 participants. Both the descriptive statistics and the Friedman
test, which is also reported in Figure 4.29b, indicate that there was no significant
effect of sound condition on error rates. Although the mean number of errors and the
corresponding confidence intervals show a tendency toward slightly higher values for
the two-tone AVAS condition, this trend did not reach statistical significance. Mean
response time and response time variability likewise showed no significant effects of
sound condition. Since no significant main effects were observed, no post hoc tests
were conducted.

In summary, these results suggest that low-level electric vehicle road traffic noise
does not significantly affect attention as assessed using a combined Eriksen Flanker
and spatial Stroop task. At least for short-duration indoor exposures at realistic
closed-window levels, executive control mechanisms appear relatively robust to traf-
fic noise. The absence of measurable performance effects also helps contextualize
subsequent subjective and physiological findings, indicating that changes in annoy-
ance or perceived workload are not necessarily accompanied by detectable decrements
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in executive attention.

4.4.2 Perceived Workload and Annoyance

Background In addition to objective performance measures, both Paper E and Pa-
per F assessed subjective responses using a modified NASA Task Load Index (NASA-
TLX) questionnaire (see Section 3.2). The motivation for including subjective work-
load measures was twofold. First, perceived workload provides complementary infor-
mation to cognitive performance metrics, particularly when performance differences
are small or absent. Second, in the context of electric vehicle noise and indoor traffic
noise, subjective responses such as mental demand, frustration, and annoyance are
directly relevant outcome variables, even when objective task performance remains
stable. Paper E additionally included explicit noise annoyance ratings to capture
the affective response to different AVAS signals.

Procedure In Paper E, participants completed the workload questionnaire after
each attention test round, that is, once per sound condition, resulting in a repeated-
measures design. The standard NASA-TLX item physical demand was replaced by a
noise annoyance question phrased as “How annoyed were you by the noise you heard
during the experiment?”, with response options ranging from “not at all” to “very”.
The remaining items assessed mental demand, temporal demand, performance, effort,
and frustration.

In Paper F, the original NASA-TLX questionnaire was used without modification.
In that study, where the attention task with subsequent breaks required much more
time than in Paper E, the questionnaire was administered only once after the first
attention test round, resulting in a between-subject design. This difference in ex-
perimental design reflects the distinct aims of the two studies and limits the direct
comparability of their absolute workload ratings.

Results The perceived workload and annoyance data in Paper E were analyzed
using separate Friedman tests for each questionnaire item, followed by Bonferroni-
corrected Wilcoxon signed-rank tests for post hoc comparisons. Figure 4.30 shows
individual participant ratings from 60 participants, together with arithmetic means,
within-subject confidence intervals, and the corresponding test statistics.

Overall, the results indicate that sound condition significantly influenced both
annoyance and perceived workload. Participants reported significantly different an-
noyance ratings across the evaluated sound conditions, with the two-tone AVAS
consistently rated as most annoying. Importantly, this signal was also the only con-
dition that produced a significant increase in perceived mental demand compared
with silence, as well as a near-significant increase in perceived frustration. No other
sound condition led to significant changes in subjective workload relative to silence.
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Figure 4.30: Paper E perceived workload and annoyance results showing individual sub-
ject data (grey dots) and arithmetic mean with within-subject 95%-confidence intervals
(blue errorbars) for mental demand (a), temporal demand (b), performance (c), effort (d),
frustration (e), and noise annoyance (f). The subplot titles report Friedman test results,
and the horizontal bars represent significant (p < 0.05) and near-significant (p < 0.075)
Bonferroni-corrected Wilcoxon signed-rank post hoc tests.

These findings show that, even in the absence of measurable performance decre-
ments in the attention tasks, different AVAS designs can substantially affect how
demanding and unpleasant a task is perceived to be. This dissociation between ob-
jective performance and subjective workload underscores the importance of including
self-report measures when evaluating human responses to low-level traffic noise.

Paper F, which evaluated low-frequency traffic noise with different temporal struc-
tures, likewise reported significant effects of sound condition on perceived mental
demand. However, since the present chapter focuses on the application of the frame-
work to electric vehicle noise, the reader is referred to Paper F for a detailed presen-
tation and discussion of those results.

4.4.3 Electrodermal Activity

Background The only physiological measure investigated in this thesis is Electro-
dermal Activity (EDA ), introduced in Section 3.3.2. EDA reflects changes in skin con-
ductance caused by sweat gland activity under sympathetic nervous system control
and is commonly used as an indicator of physiological arousal, stress, and cognitive
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workload [140, 190]. It consists of a slowly varying tonic component, the Skin Con-
ductance Level (SCL), which reflects general arousal, and faster phasic components,
Skin Conductance Responses (SCRs), which are associated with transient increases
in sympathetic activation. Changes in either component can therefore provide an
objective complement to subjective workload and annoyance ratings in response to
environmental noise.

Procedure In Paper E, EDA was recorded continuously throughout the experiment,
i.e., while participants performed the attention task under different sound conditions,
using Ag/AgCl electrodes placed on the palmar side of the middle and ring fingers of
the left hand. Signals were acquired at a sampling rate of 6 kHz and analyzed only
during the approximately five-minute attention task blocks for each sound condition.
To separate tonic and phasic activity, the EDA signals were filtered using second-
order Butterworth low-pass and high-pass filters with a cutoff frequency of 0.05 Hz.

For each participant and sound condition, the mean SCL was computed from the
tonic component. From the phasic component, SCRs were identified using a peak-
detection algorithm, and two metrics were derived: the number of SCRs per minute
and the summed SCR amplitude per minute. Because all metrics were averaged
across entire task blocks and the experiment employed a within-subjects design,
minor movement-related artifacts were unlikely to bias comparisons between sound
conditions systematically.
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Figure 4.31: Paper E electrodermal activity results showing individual subject data (grey
dots) and arithmetic mean with within-subject 95%-confidence intervals (blue errorbars)
for skin conductance level (a), SCR rate (b), and sum of SCR amplitudes per minute (c)
for the four evaluated sound conditions. The subplot titles report Friedman test results for
the main effect of sound condition. The horizontal bars represent significant (p < 0.05) and
near-significant (p < 0.075) Bonferroni corrected Wilcoxon signed-rank post hoc tests.

Results Figure 4.31 shows individual participant data, arithmetic means, and within-
subject confidence intervals for SCL, SCR rate, and summed SCR amplitude. For
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all three measures, Friedman tests indicated statistically significant main effects of
sound condition, with small effect sizes as reported in the figure titles.

Post hoc Wilcoxon signed-rank tests did not reveal any significant pairwise dif-
ferences for SCL or SCR rate after Bonferroni correction, suggesting that the main
effects reflect subtle distributed differences rather than strong contrasts between
specific sound conditions. For the summed SCR amplitude, however, a significant
difference was observed between the multi-tone and two-tone AVAS conditions, with
the two-tone signal eliciting higher overall SCR amplitudes.

Overall, these findings indicate that even low-level road traffic noise can affect
physiological arousal, as reflected in electrodermal activity. Although the observed
effects are small and should be interpreted cautiously, the consistently elevated SCR
amplitudes for the two-tone AVAS suggest that this signal may evoke stronger sym-
pathetic activation than other AVAS designs. Together with the subjective workload
and annoyance results, the EDA findings support the conclusion that low-level EV
noise can influence subjective and physiological responses even when objective task
performance remains unaffected.
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CHAPTER D

Summary of Included Papers

This chapter presents concise summaries of the included papers, written in the con-
text of the overall aims of this thesis. The papers collectively build on a shared
methodological foundation, while differing in how they implement and apply it to
specific research questions. The summaries are not copies of the abstracts but high-
light the elements that matter for the later discussion, such as study aims, design
choices, key results, and limitations relevant here. The goal is to give the reader
enough context to follow the synthesis without consulting the full articles. Chap-
ter 6 then integrates these results and discusses their implications for methods, reg-
ulations, and future work.

5.1 Paper A

Auralization of Electric Vehicles for the Perceptual Evaluation of
Acoustic Vehicle Alerting Systems

Leon Miiller, Wolfgang Kropp

Published in Acta Acustica, 2024, 8, 27.

This paper introduces a foundational auralization approach for simulating out-
door passages of electric vehicles with a focus on Acoustic Vehicle Alerting Systems.
Based on in situ recordings of three passenger EVs, it integrates AVAS and tire-road
synthesis methods with boundary element-derived source directivities and a propa-
gation model using moving Green’s functions with spherical harmonics expansion.
All data and algorithms were made publicly available in an open-access database.
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Validation included numerical comparisons to reference recordings and a two-part
listening experiment with 20 participants. The perceptual results showed that au-
ralizations achieved relatively high plausibility but were judged less realistic than in
situ recordings, likely due to the absence of tire-road transient noise. Annoyance
ratings were consistent with the references, while vehicle speed was systematically
overestimated, pointing to a possible role of radiation directivity in speed percep-
tion and motivating Paper C. Overall, the proposed auralization approach provides
a validated and openly accessible foundation for AVAS-related listening experiments
and subsequent studies in this thesis.

5.2 Paper B

Loudspeaker Array-Based Auralization of Electric Vehicle Noise in
Living Environments

Leon Miller, Jens Ahrens, Wolfgang Kropp

Published in Proceedings of Forum Acusticum, 11th Convention of the Euro-
pean Acoustics Association, Forum Acusticum 2025, Malaga, Spain.

Paper B extends the electric vehicle auralization approach introduced in Paper A
to indoor environments by reproducing vehicle pass-bys in the Chalmers Living Room
Lab. Using a 24-loudspeaker array and wave field synthesis, outdoor vehicle sound
fields are projected onto a real window separating two coupled rooms, allowing au-
thentic transmission into a furnished living space. This setup enables perceptual
experiments on how electric vehicle noise, including AVAS signals, is experienced
indoors. The study investigates various loudspeaker array geometries to minimize
time-structure distortions resulting from a finite array aperture. A numerical model
of the whole source-window-receiver path was developed, and binaural auralizations
were generated for perceptual testing. While simulations suggested that a circular
array yields the closest match to a continuous free-field reference, listening tests with
15 participants revealed no significant perceptual differences between array types at
realistic indoor levels. Together, these results demonstrate that the approach can
be adapted to indoor contexts, providing a validated basis for controlled studies on
the perception and potential health impacts of electric vehicle noise in residential
environments.

5.3 Paper C

On the Influence of AVAS Directivity on Electric Vehicle Speed Per-
ception
Leon Miiller, Wolfgang Kropp
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5.4 Paper D

Published in INTER-NOISE and NOISE-CON Congress and Conference Pro-
ceedings, INTER-NOISE 2024, Nantes, France.

This paper builds on the auralization approach developed in Paper A, applying
it for the first time beyond plausibility validation to investigate perceptual effects
of AVAS radiation directivity. Motivated by the findings of Paper A, where per-
ceptual validation suggested that mismatches in modeled radiation directivity might
influence speed perception, a paired-comparison listening experiment with 31 par-
ticipants was conducted to test whether directivity shapes the perception of electric
vehicle pass-by speed. Tonal and narrowband AVAS signals were combined with
different radiation patterns and reproduced via loudspeaker-based binaural crosstalk
cancellation. Results show that directivity can significantly affect speed perception,
with omnidirectional patterns generally perceived as slower than more directional
ones. While no overall difference between tonal and narrowband AVAS was observed,
some listeners showed strong and consistent preferences, indicating that signal type
may influence perception in subjective ways. This study provides the first system-
atic investigation of how AVAS radiation directivity affects vehicle speed perception,
demonstrating the value of the auralization approach for generating novel perceptual
insights and contributing to a better understanding of how spatial emission patterns
of moving sources shape human perception.

5.4 Paper D

Auditory Localization of Multiple Stationary Electric Vehicles
Leon Miiller, Jens Forssén, Wolfgang Kropp
Published in Journal of the Acoustical Society of America, 157, 2025.

While the experiment in Paper C served as an exploratory, academically oriented
investigation with limited direct implications for traffic safety, Paper D presents the
first large-scale, safety-relevant application of the electric vehicle auralization ap-
proach, investigating the auditory localization of electric vehicles, including scenar-
ios with multiple simultaneously present EVs emitting similar AVAS sounds. Using
a concealed 24-loudspeaker array in an anechoic chamber, static single- and multi-
vehicle scenarios were simulated with combustion engine noise, a two-tone AVAS,
a multi-tone AVAS, and a noise-based AVAS. Results from 52 participants show
that the two-tone AVAS is localized significantly worse than broadband alterna-
tives and combustion noise, and that presenting multiple vehicles with similar AVAS
sounds further degrades performance, drastically increasing localization errors and
the number of failed responses. These findings indicate that sounds performing well
in detection tasks are not necessarily well-suited for localization, especially in com-
plex traffic scenarios. This study not only provides the first systematic evidence
on the localizability of electric vehicles but also demonstrates that the auralization
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approach developed in Paper A can produce robust and practically relevant results
in listening experiments that go beyond plausibility validation.

5.5 Paper E

Effects of Low-Level Electric Vehicle Noise on Attention, Electro-
dermal Activity, Workload, and Annoyance

Leon Miiller, Jens Forssén, Wolfgang Kropp

Published in Journal of the Acoustical Society of America, 159, 2026.

Building on the auralization approach developed in Paper A and its indoor ex-
tension introduced in Paper B, Paper E investigates the effects of low-level indoor
electric vehicle noise on human cognitive, physiological, and subjective responses.
Using a wave field synthesis-based auralization in the Chalmers Living Room Lab,
60 participants completed attention tasks while electrodermal activity was contin-
uously recorded, and perceived workload and noise annoyance were assessed. The
same three commonly implemented AVAS types used in Paper D were presented at
realistic indoor levels corresponding to outdoor vehicle passages on a nearby street
(La,eq < 21.5 dB). Results show that the two-tone AVAS, which showed the poor-
est localization in Paper D, also elicits the highest physiological arousal, perceived
mental demand, and annoyance, even though attention performance remains unaf-
fected. These findings demonstrate that low-level, highly tonal AVAS signals can
impose measurable perceptual and physiological strain on non-involved listeners in
living environments. The study not only provides the first empirical evidence on
human responses to indoor EV noise at very low levels but also confirms that the
auralization methods developed in this thesis can be successfully applied to health-
and comfort-related research, thereby extending their utility beyond perception and
traffic safety studies.

5.6 Paper F

Traffic Noise at Moderate Levels Affects Cognitive Performance: Do
Distance-Induced Temporal Changes Matter?

Leon Miiller, Jens Forssén, Wolfgang Kropp

Published in International Journal of Environmental Research and Public Health,
20(5), 2023

Even though Paper F predates the other studies and does not focus on electric
vehicle noise, it is included in this thesis because its methodology, auralization of
traffic noise in an indoor living environment, provided the foundation for the im-
plementation presented in Paper B and the experiment performed in Paper E. The
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5.6 Paper F

study investigates the effects of low-frequency road traffic noise with different time
structures caused by varying road-to-facade distances, while maintaining the same
indoor equivalent sound level (La ¢q =~ 40 dB). Forty-two participants performed a
continuous performance test to assess sustained attention and inhibitory control and
completed a NASA-TLX questionnaire to measure perceived task load while being
exposed to different traffic stimuli in the Chalmers Living Room Lab. Results show
that low-frequency road traffic noise at moderate levels can affect both cognitive
performance and perceived workload, with significant differences between noise and
silence, but no statistically significant differences between close and distant traffic
conditions. In the context of this thesis, the study provided both methodological
groundwork and new insights into human responses to moderate levels of indoor
traffic noise.
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CHAPTER 6

Discussion

This chapter discusses the findings of the preceding studies, starting with method-
ological insights gained from applying the proposed framework to controlled inves-
tigations of traffic noise. Rather than reiterating individual results, the discussion
integrates evidence across experiments to identify consistent patterns, trade-offs, and
limitations across perceptual, cognitive, and physiological outcomes. The chapter
concludes with broader implications for future research and experimental design.

6.1 Methodological Insights

This thesis demonstrates that, under suitable conditions, listening experiments on
electric vehicle noise can be conducted in virtual acoustic environments with results
that are informative for design and policy. The following points discuss the main
methodological insights of this thesis. Here, auralization chain refers to the concrete
electric-vehicle-specific implementation used across the papers, while framework de-
notes the more general methodological principles introduced earlier.

6.1.1 Modular and Task-Driven Auralization

Investing in a universal yet task-adaptable auralization chain proved worthwhile.
Source models for AVAS were developed once and then reused across experiments,
with modules that could be swapped or tuned for the task at hand. This enabled, for
example, using a shared tire-noise component in Paper E, generating traffic sequences
with randomized velocity profiles where AVAS, tire noise, and trajectories remain
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consistent, applying different radiation directivities in Paper C, and creating quasi-
constant signals with slightly different velocities for Paper D. Off-the-shelf recordings
or a one-size-fits-all auralization tool would not have provided this flexibility. The
trade-off is higher engineering effort and the need for validation.

For efficient listening experiments in virtual acoustic environments, the evaluation
method should inform the auralization, and reproduction constraints should inform
evaluation choices. Here, the outcome measure is the primary variable the study
aims to estimate, for example, localization error or perceived pass-by speed. In Pa-
per D, horizontal localization was the primary outcome measure. Headphones with
generic HRTFs risk degraded localization accuracy, so a loudspeaker approach with
single hidden sources was used. This choice prioritized stable interaural cues over
exact wavefront reproduction and yielded mean angular errors below 3°, a perfor-
mance rarely achieved with generic HRTFs or low-order spatial arrays. By contrast,
Paper C examined speed judgments under free-field assumptions where small di-
rectivity changes, once spectrally equalized, do not strongly alter interaural cues.
Immersion and simplicity were therefore prioritized through crosstalk-cancellation
binaural playback with generic HRTFs, which provided a headphone-free, immersive
experience at the cost of less accurate interaural cues.

The general conclusion is to select auralization and reproduction methods that
best serve the primary outcome measure, rather than maximizing physical accuracy
in dimensions that will not affect that outcome. Unfortunately, predicting which
acoustic aspects influence a given human response is not always straightforward.
For instance, one might assume that the spatial characteristics of indoor noise, i.e.,
the fact that one perceives some vehicle movement even after propagation through
a facade, does not alter human responses. However, there is currently no direct
evidence that confirms this assumption. Hence, a fully comprehensive auralization
that encompasses all plausible aspects would be ideal in principle, but is rarely
feasible in practice. Researchers should therefore make motivated choices about
what to include, state omissions explicitly, and avoid overclaiming transferability.
For example, a study that examines noise effects using white noise from a single
loudspeaker can yield valid insights for that stimulus and setup, yet its findings
do not automatically generalize to traffic or workplace noise. When possible, small
sensitivity checks that toggle candidate features, such as added spatial structure, can
indicate whether the main conclusions depend on those aspects and inform future
study designs.

6.1.2 System-Level Plausibility with Targeted Component Checks

A system-level perceptual validation, here via binaural renderings compared with
reference recordings, showed that the synthesized electric-vehicle passages in Paper A
were not indistinguishable from reality but reached a comparable level of plausibility.
Perceptually validating the auralization chain in a free-field pass-by scenario, then
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later allowed for assuming sufficient plausibility in static scenarios (Paper D) and
only required additional validation of the different reproduction techniques used in
Paper C and Paper E. System-level checks are valuable because individual steps can
compensate for each other, even when some internal modules are imperfect. This has
a practical upside. When the final signal at the listener position sounds plausible,
effort spent on details that become inaudible after propagation may not add value.
For example, a source model with small, unwanted high-frequency components may
contribute negligibly at the ear after air absorption, facade or window transmission,
and HRTF filtering. In this thesis, the synthesized multi-tone AVAS signals sounded
noticeably different from their recorded references when heard in isolation. Once
combined with tire noise, propagation, and source motion, these differences became
subtle and did not undermine the scene’s plausibility.

The converse risk is that scene-level plausibility does not guarantee that each mod-
ule is valid in other contexts. A mis-specified distance attenuation can be masked
in one scene by compensating gain settings, yet it will bias any task that relies on
distance cues. Likewise, a directivity model that is spectrally accurate on-axis but
inaccurate off-axis may pass a static plausibility check yet distort outcomes as the
source moves. Component-level validation is therefore necessary for some modules
that are intended to generalize across studies or that are expected to contribute
substantially to human response. In this thesis, perceptual component-level valida-
tions were conducted for the reproduction methods used in Paper C and Paper E.
However, such validation does not always need to be perceptual. Some aspects,
such as distance attenuation or facade transmission, can be numerically compared
with analytical solutions. Nevertheless, a system-wide perceptual validation remains
essential, because even if all modules match numerical expectations, the resulting
auralization can still be judged implausible.

6.1.3 Study Design, Analysis, and Open Data

During the planning of the studies in this thesis, care was taken to align the study
design and analysis with what participants could reliably report. For subjective mea-
sures, this meant favoring response formats that people can judge with confidence
and statistical models that match those formats. The main studies, therefore, used
fully balanced repeated measures designs with standard parametric or nonparamet-
ric analyses for continuous outcomes (Paper D-F). When it seemed unlikely that
participants could deliver a stable point estimate, comparative judgments were pre-
ferred. For example, in Paper C, it was unlikely that participants, without reference,
would be able to judge perceived speed on a continuous scale consistently enough
to detect differences in radiation directivity. Hence, the experiment relied on paired
comparisons of perceived speed. While this required familiarization with a different
set of statistical evaluation methods, it ultimately might have paid off by yielding
more stable ranking results. This, however, is only an assumption that would need to
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be confirmed by running a similar experiment using continuous response scales. Nev-
ertheless, planning the response scale in advance reduced ambiguity during piloting
and improved statistical power when effects were expected to be small.

A second consideration throughout this thesis was transparent exposure control
and open data. Re-recording the exact stimuli at the listener position with a cali-
brated artificial head, as in Paper C to Paper F, provided traceable evidence of what
participants actually heard and reduced reliance on long calibration narratives. Mak-
ing these recordings, together with raw data and analysis routines, openly available
in an online repository helps reviewers and readers retrace the analysis and check
assumptions. When working with novel sounds that many readers have not encoun-
tered, being able to listen to the stimuli makes the studies more comprehensible than
relying solely on descriptions or spectrograms. This open data approach was partic-
ularly valuable in experiments at relatively low levels, such as those in Papers E and
F, where small mismatches between intended and delivered signals could otherwise
raise doubts about validity. In addition, publishing complete datasets, including
factors not analyzed in depth in the papers, for example, potential gender effects
in Paper E, enables others to examine these aspects and to combine the data with
their own results. Finally, sharing the auralization toolbox, reference measurements,
and stimuli enables other researchers to replicate or extend the experiments without
having to repeat substantial portions of the development.

6.2 EV Noise Findings

The findings related to electric vehicle noise can be grouped along the two thematic
strands introduced earlier in this thesis: AVAS perception and safety, and noise
effects in living environments. The following sections synthesize the findings for each
strand and present a combined interpretation of the results in terms of regulatory
implications.

6.2.1 AVAS Perception and Safety

The results of Paper C and Paper D suggest that the human response to electric
vehicle noise in outdoor traffic scenarios depends strongly on the AVAS implementa-
tion. In terms of localizability, the two-tone AVAS, which is based on a regulation-
compliant implementation in an existing vehicle, performed significantly worse than
all other evaluated signals, particularly in situations with multiple vehicles exhibiting
similar AVAS. From a safety-oriented perspective, this reduced localizability may be
critical, as accurate spatial attribution is a key component of situational awareness,
i.e., the ability to perceive relevant elements in the environment and anticipate how
they will evolve in order to guide timely and appropriate action in traffic situations
involving vulnerable road users.
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Although the two-tone AVAS clearly stood out as the least suitable candidate
in terms of localizability, the results do not identify a single “best” AVAS from a
safety perspective, as the noise and multi-tone AVAS performed equally well in the
localization experiment. While neither matched the localizability of the combustion-
engine reference, both outperformed the two-tone AVAS, with localization errors
small enough that practical relevance is likely limited for typical single-vehicle sit-
uations. In this context, it should be noted that this thesis does not include a
pure detection experiment in which participants indicate when they first hear an
approaching vehicle. Based on related literature, a tonal signal would likely perform
well in such a detection task under broadband background noise. Whether such a
detection advantage would be sufficient to compensate for reduced localizability and
increased noise annoyance remains an open question.

Furthermore, the results of Paper C showed that extreme differences in AVAS
radiation directivity can influence pass-by speed perception and that, in a direct
comparison between multi-tone and noise AVAS, neither is universally perceived as
faster-sounding across the examined participant pool. Instead, the data suggest that
the majority of subjects can be divided into two groups that consistently choose
either the noise AVAS or the multi-tone AVAS to sound faster, whereas only a few
participants alternated between the two AVAS types. This underlines how personal
experience and expectations can influence even abstract perceptual aspects, such
as perceived pass-by speed, thereby underscoring the need to account for human
perception in both AVAS design and regulatory evaluation.

Finally, informal interviews suggested that the noise AVAS more closely resembles
sounds that listeners already associate with vehicles. This is relevant for situational
awareness, which requires not only detection and localization but also correct iden-
tification and interpretation of a sound as an approaching car. While short-term
training can improve localization of unfamiliar signals, it remains unclear whether
lifelong exposure to combustion-engine sounds confers an advantage that transfers
to EV contexts. Moreover, even with accurate detection and localization, delayed
recognition of an unfamiliar AVAS could hinder timely responses. Direct compar-
isons of identification and action responses for familiar combustion sounds and novel
AVAS designs are largely absent from the literature and should be addressed in future
work.

6.2.2 Noise Effects in Living Environments

From the perspective of resident indoor noise exposure, the same AVAS designs
exhibit different patterns of relevance. In Paper E, no significant differences in
cognitive performance were observed between the noise and multi-tone AVAS at
the low indoor exposure levels studied. Apart from annoyance, where both signals
received slightly higher ratings than silence, neither AVAS type led to measurable
increases in mental demand, frustration, or electrodermal activity relative to the
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silent reference.

In contrast, the two-tone AVAS consistently elicited higher ratings of annoyance,
mental demand, and frustration, as well as a small but systematic increase in electro-
dermal activity. These results indicate that certain AVAS designs can have detrimen-
tal effects on perceived workload and physiological arousal in living environments,
even when objective task performance remains unaffected. The outcome is that the
two-tone AVAS, which already performed worst in localizability, also exhibits the
most negative indoor noise effects, raising the question of whether implementing
such highly tonal designs is favorable when both outdoor safety and indoor noise
effects are considered.

Beyond perceptual responses, propagation-related aspects are also relevant for
indoor exposure. In Paper E, all three AVAS types were equalized to the same facade
level of Lp ¢q = 60 dB with a maximum level of La max = 66 dB. After transmission
through the window, the indoor level at the participant position was slightly higher
for the two-tone AVAS than for the multi-tone and noise AVAS. This highlights
that facade transmission can depend on signal type, not only on overall level. For
a two-tone signal, it is plausible that a substantial fraction of the energy coincides
with local dips in the facade reduction index, leading to elevated indoor levels. For
broadband signals with the same outdoor level, energy is distributed across the
frequency spectrum, reducing the impact of spectral coincidences. While the effect
observed here was subtle for the specific window construction, other facade types may
produce larger differences. A targeted comparison using measured and simulated
reduction curves for representative facades would therefore be a valuable extension,
particularly for informing AVAS level regulations that are currently defined only at
the vehicle exterior.

6.2.3 Regulatory Implications

The objective outcomes of this thesis suggest that, under the controlled conditions
and AVAS designs studied here, AVAS signals consisting of only two pure tones are
disadvantageous for both localization accuracy and localization time. Such signals
were also found to increase annoyance, perceived mental demand, and physiological
response. A straightforward regulatory implication would therefore be to discour-
age strongly tonal designs and to require broader spectral content. For example,
regulations could mandate that the signal distributes energy across a larger number
of nonadjacent one-third-octave bands, or specify bounds on spectral balance and
modulation characteristics.

However, such prescriptive rules would likely increase certification complexity and
may face opposition from industry stakeholders.! Moreover, the present work did not

IThe records documenting the development of the corresponding U.S. regulation, FMVSS No. 141,
show that several commenters urged the National Highway Traffic Safety Administration
(NHTSA) to adopt more flexible guidance and opposed tighter prescriptive constraints [191].
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include a pure detection task, which is the paradigm used most often in regulatory
contexts. Previous studies have shown that strongly tonal signals can improve de-
tectability under certain masking conditions. Therefore, any regulatory shift should
weigh detectability, localizability, and community impact together. Such a weighting,
however, requires further research, as it is currently unclear whether detectability
without reliable localization translates into higher real-world risk for exposed road
users.

A more flexible path would be to prioritize performance-based criteria over de-
tailed signal prescriptions. Regulators could, for instance, set limits on tonal promi-
nence and require minimum detection or localization performance in standardized
tests across representative background environments, rather than prescribing exact
acoustic properties. Such tests could also include a standardized annoyance evalu-
ation, and regulations could, where appropriate, specify that AVAS designs should
not exceed a certain annoyance threshold. This aligns requirements with real-world
outcomes while preserving manufacturer design freedom.

Notably, during development of FMVSS No. 141, the 2013 Notice of Proposed
Rulemaking explored an objective and repeatable jury-based recognizability option,
including fixed jury composition, pass-fail criteria, and power analyses that implied
panel sizes between roughly 28 and 140 listeners depending on the recognition tar-
gets [191]. The present findings support such an approach, because signals with
similar overall levels and spectral composition can still evoke markedly different hu-
man responses. In the final record, NHTSA treated jury testing as an analyzed
alternative but did not adopt it, citing practicality and repeatability concerns raised
in comments, as well as the administrative burden of human-subject certification.?

A pragmatic compromise would be to certify AVAS modules rather than each
vehicle model individually. Manufacturers could submit a small number of stan-
dardized AVAS designs to a jury-based or hybrid performance test once, then de-
ploy those modules across different vehicle models without repeating human-subject
certification. Such an approach would, however, still require verification that the
vehicle-specific loudspeaker position yields sound pressure levels consistent with the
jury-validated AVAS. From an acoustics perspective, a limited portfolio of consistent
AVAS signatures may also aid public learning and recognition over time. This latter
point is a motivated hypothesis rather than a confirmed finding and should be tested.

Finally, Paper D shows that localization, and likely also detection, degrade when
multiple vehicles with identical AVAS are present. This could be read as an argument
against module unification. An alternative is to allow controlled stochastic variabil-
ity within a certified design, for example, small, bounded randomizations of spectral
balance or modulation that prevent two cars from sounding exactly the same while
preserving the certified performance envelope. Current measurement-only certifica-

2The NHTSA estimated costs of approximately $20,000 to run a 50-person laboratory jury per
vehicle, using headphone playback of binaural pass-by recordings [192].
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tions tend to favor strict reproducibility within make and model,® which complicates
such variability. However, a laboratory jury or hybrid certification could accommo-
date families of closely related variants by requiring each variant to meet the same
performance targets. In summary, while this thesis does not prescribe a single regu-
latory path, it shows that, despite full compliance with current requirements, some
of the evaluated AVAS signals leave clear room for improvement.

6.3 Broader Implications and Transferability

6.3.1 Applications beyond EVs

Although developed for EV alerting sounds, the methodological choices and valida-
tion steps in this thesis are applicable to other moving sources, such as e-scooters,
delivery robots, and emergency vehicles. In these applications, the same balance
between detectability, localizability, and noise disturbance applies, even if priorities
differ. A modular source-path-receiver auralization chain, with system-level plausi-
bility checks and targeted component validation, as used here, supports rapid testing
while keeping results interpretable for design and policy purposes.

The framework also extends to indoor exposure problems, for example, railway or
aircraft noise. For such sources, the auralization chain would need to be adapted,
because isolated source signals at different velocities are not easily recorded. Suit-
able options include parametric source models, synthesis from pass-by recordings,
or hybrid models that combine measurements and simulation. Auralizations that
accurately model building transmission, whether via numerical modeling or by in-
corporating a real facade in the laboratory, enable assessments that go beyond single-
number metrics. Such assessments can help bridge the gap between observational
exposure studies, which often rely on facade-level noise maps, and laboratory exper-
iments that examine effects without accounting for outdoor or facade propagation.

6.3.2 Standardization and Open Science

The notion of performance-based standardization rather than purely signal-based
prescriptions, as discussed in Section 6.2.3, is not limited to AVAS. In adjacent do-
mains such as medical devices, industrial alarms, and public warning signals, most
standards are specification-driven. They prescribe signal structures and acoustic
margins, for example, minimum levels above background, stability, and environmen-
tal robustness, rather than mandating human performance outcomes like minimum
detection rates or maximum localization error in standardized tasks. In this context,

3FMVSS No. 141 states “Any two vehicles of the same make, model, model year, body type, and
trim level ... shall be designed to have the same pedestrian alert sound when operating under
the same test conditions and at the same speed.” [17]
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the ideas here are best viewed as complementary. Where appropriate, outcome-
oriented tests for detection, localization, and annoyance could augment current re-
quirements without replacing the established specification framework.

A practical suggestion would be a laboratory protocol that tests detection and
localization across a small set of representative backgrounds, with published stim-
uli, clear pass-fail thresholds, and transparent reporting. Where sound radiates into
public spaces, and alerting is not the only priority, annoyance can be measured along-
side performance, enabling designers to balance audibility and community impact.
The same open science practices used in this thesis, for example, sharing stimuli,
analysis code, and listener position control recordings, would make such tests more
comparable across laboratories.

6.4 Limitations

This thesis combines methodological development with an application to electric
vehicle noise, and its limitations reflect both aspects. Although many constraints
were already discussed alongside specific models and experiments in Chapter 4, this
section summarizes the main limitations at a higher level to clarify the scope and
interpretation of the findings.

6.4.1 Simplified Tire-Road Noise

One limitation of this thesis is that tire-road noise was modeled less accurately than
the AVAS. While the tire-road auralization was judged perceptually plausible and
produced realistic spectral levels, its radiation directivity is overly simple, and factors
such as drive torque, pavement types, or gravel on the road were not included. In
Paper E, the same tire-road synthesis model was used for all passages. This has
the advantage that tire-road noise could be treated as a controlled background, so
differences between conditions are not confounded by changes in tire noise. At the
same time, it is not very realistic because in real-world traffic, tire-road noise can
vary strongly across tire models, road surfaces, and meteorological conditions.

This limitation implies that conclusions about relative differences between AVAS
designs remain valid, since they were evaluated against the same tire-road baseline,
but absolute statements about overall EV noise should be interpreted with care. In
particular, differences in tire-road noise characteristics could affect outcomes when
tire noise is a significant contributor to the total level. This applies especially to
Paper E, where some passages were rendered at velocities high enough for tire-road
noise to become more prominent.
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6.4.2 Experimental Context and Exposure Conditions

The experiments in this thesis were conducted under controlled laboratory conditions
that differ in several respects from everyday listening environments. While some
studies were conducted in the Living Room Lab, others used anechoic conditions, and
background noise was deliberately controlled rather than representative of typical
indoor or outdoor contexts. In Paper E, additional background noise was introduced
to achieve realistic indoor exposure levels, but overall variability remained lower than
in real-world situations.

Furthermore, exposure durations were relatively short and confined to a single
experimental session, so the results primarily reflect acute responses rather than
long-term adaptation, fatigue, or annoyance accumulation. In addition, the acoustic
scenes were limited to a small set of trajectories, speeds, and vehicle configurations,
often with few sources and without complex intersections, occlusions, or dense traffic.
These constraints were necessary to isolate specific factors under study, but they limit
the direct transfer of the findings to more dynamic and heterogeneous real-world
environments.

These constraints are typical of laboratory work and were necessary to isolate
specific factors. However, they limit generalizability. In everyday settings, EV alert
sounds will interact with a wider range of background noise, including competing
traffic, voices, and intermittent sources such as construction or household noise.
Listeners will also be engaged in other tasks and may not attend as carefully as
participants in a focused experiment. As a result, the absolute effect sizes reported
here, particularly at low indoor levels, should be interpreted with caution when
extrapolated to busier environments or longer exposure durations. The findings are
most directly applicable to controlled scenarios with similar signal-to-noise ratios and
short-term exposure, and they should be complemented by studies in more complex
acoustic and behavioral contexts.

6.4.3 Range of AVAS Designs

A further limitation concerns the variety of AVAS designs covered in this thesis.
The EV studies focused on three main classes: a broadband noise AVAS, a two-
tone AVAS, a multi-tone AVAS, and a combustion reference. These categories still
represent many currently implemented concepts, but more recent systems may be
more complex. For example, real vehicle implementations can include multiple spec-
tral layers, richer mappings of speed and acceleration, more elaborate amplitude
modulation, and branding-related sound signatures. Within each of the three cate-
gories considered here, there is, in practice, a wide design space defined by carrier
frequencies, bandwidth, modulation depth and rate, onset and offset behavior, and
level-speed curves.

The findings in this thesis, therefore, speak most directly to the specific vehicle
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models synthesized and evaluated. They support relative statements such as “two-
tone designs of this type can perform poorly on localization and annoyance, even
when compliant”, but they should not be assumed to generalize to all possible two-
tone, multi-tone, or noise-like designs. Alternative choices of frequency range, mod-
ulation pattern, or dynamic mapping could yield different outcomes. Future work
should sample more densely within each AVAS family and include additional classes,
for example, signals with mild impulsive components, to establish how general the
observed patterns are.

6.4.4 Limited Sample Diversity and Preregistration

While the sample sizes used in this thesis were generally large enough to achieve
sufficient statistical power, the composition of the participant pool was relatively
homogeneous. Across all six experiments, a total of 220 participants were included
in the analyses. Of these, 115 identified as male, 101 as female, 2 as non-binary, 1
as other, and 1 preferred not to specify. Participants were between 20 and 64 years
old, with study-wise median ages ranging from 25.5 to 27 years. This homogeneity
is partly a consequence of recruiting at a university. The majority of participants
were students or staff at Chalmers, and many had an educational background in
acoustics or related fields. As a result, the range of age, socioeconomic background,
and familiarity with technical listening tasks is limited. These factors limit the
generalizability of the findings to other groups, such as older adults, people with
hearing impairments, or listeners without prior critical listening experience. On the
other hand, an approximately balanced gender distribution was achieved across the
studies, which is not always the case in acoustic human response research.

One final limitation is that the studies in this thesis were not preregistered. Pre-
registration means publicly time-stamping hypotheses, primary outcomes, exclusion
rules, and analysis plans before the actual experiment is conducted. The purpose
is to increase transparency and credibility by fixing primary analyses in advance,
reducing hindsight bias and analytical flexibility, and making clear which results are
confirmatory and which are exploratory [193]. It is standard in clinical trials and is
increasingly used in psychology and human factors, but it has not yet been estab-
lished in acoustics research. Adopting preregistration in future experiments would
sit naturally alongside the open-data and transparent reporting practices used in the
present work, and help ensure that analyses follow a pre-specified plan while still
allowing clearly labeled exploratory work.
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6.5 Future Research Suggestions

6.5.1 Listening Experiments in Virtual Environments

This thesis shows that listening experiments in virtual acoustic environments can
yield meaningful results. External validity beyond plausibility checks was not in
scope, however. For some paradigms, the translation to real settings is likely. For
example, there is little reason to expect that horizontal localization with single hid-
den loudspeakers in anechoic conditions would not transfer to AVAS loudspeakers
mounted on a car chassis in a parking lot. Even then, details such as the point-
ing method, vertical offsets, and early reflections may shift absolute performance.
Future work should therefore include targeted validations that quantify when labo-
ratory findings generalize and when they do not.

A first priority is to compare reproduction methods for horizontal localization
tasks directly. In a related study on robot sounds that used headphone playback
with generic HRTFs, minimum localization errors were larger for the same AVAS
signals as used in this thesis, which could reflect the reproduction method or dif-
ferences in the task design [194]. A factorial comparison would be informative, for
example, reproduction method (loudspeaker array with single hidden sources versus
headphones with generic HRTFs), pointing interface (high-precision tracker versus
off-the-shelf VR controller), and dynamic versus static rendering. Such a study would
show whether future work can rely on simpler headphone-based protocols.

There is evidence that each of these factors can affect localization, yet current
results do not quantify these effects specifically for vehicle localization. To judge ad-
equacy, a study should predefine a maximum allowed performance drop attributable
to the reproduction and measurement method. Setting that threshold requires know-
ing which errors matter in practice. As discussed in Section 6.5.2, the localization
error magnitude that impacts situational awareness in traffic scenarios is not yet es-
tablished. If errors of 2° alter behavior, then the experimental setup must be capable
of reproducing and measuring with even higher spatial accuracy. If conditions below
15° do not affect behavior, then a setup that adds approximately 5° of error may
still be sufficient to detect the differences that matter.

A second question is whether the wave field synthesis setup used in Papers E and
F is actually necessary for studying noise effects in living environments. So far, the
plausibility of this setup has been validated only against continuous ideal references,
not against reduced playback configurations. It would be useful to compare spatially
accurate array playback with simplified options, for example, two loudspeakers or a
single loudspeaker with matched level and time structure. Thereby, one should con-
sider both scene plausibility as judged by listeners and whether subjective, cognitive,
and physiological measures change significantly. If not, simplified setups could be
adopted more widely.

A third aspect is the role of signal-to-noise ratio in the laboratory. In the Liv-
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ing Room Lab, background levels are below 17 dBA, so even very quiet stimuli are
clearly audible. At more typical apartment backgrounds, a 40 dBA stimulus would
be less salient, and very quiet conditions may feel unnatural or even uncomfort-
able, as reported by some participants in Paper F. Many studies treat silence as the
ideal reference condition, yet it is unclear whether silence yields the best behavioral,
subjective, or physiological baselines. Laboratory isolation also varies. Higher back-
ground levels in less isolated rooms can reduce audibility and complicate comparisons
across studies, even when nominal stimulus levels are matched. Future experiments
should therefore vary the baseline environment, for example, silence, realistic indoor
backgrounds, and shaped masking noise, while measuring subjective, behavioral, and
physiological responses. This would clarify when absolute silence is appropriate and
when a more ecological baseline improves interpretability.

6.5.2 Electric-Vehicle Alerting Signals

This thesis examined localizability and annoyance, as well as cognitive and phys-
iological responses, across three AVAS designs. Detectability, which has been the
primary consideration in most regulatory work, was not tested directly. Future
studies should therefore evaluate detectability, localizability, and annoyance within
a single paradigm, across single- and multi-vehicle scenes, and across representative
background noise levels.

A practical design would extend Paper D by using approaching vehicles rather
than static sources. On each trial, participants would first indicate detection, then
provide a localization response, followed by annoyance ratings. After each block, the
perceived workload could be collected. This combined protocol would quantify trade-
offs under identical acoustic conditions. As a simpler alternative, a detection-only
study could be conducted using the same stimuli and scene geometry. Those results
could then be combined with the localization and response data from Papers D and
E to form an integrated picture.

Clear conclusions will depend on whether such detection outcomes align with the
localization and annoyance patterns reported here. If a follow-up study found that
the two-tone AVAS, which performed worst on localization and subjective measures,
yielded the best detection results, the regulatory implications would be difficult to
interpret. To address this, future work should include applied paradigms that speak
directly to safety relevance. Examples include identifying thresholds for minimum
detection distance and acceptable localization error for pedestrians, cyclists, and
people with visual impairments, using controlled six-degree-of-freedom virtual envi-
ronments and realistic traffic scenarios. Complementary observational work could
also help, for example, by linking incident records to AVAS types and by conducting
post-incident interviews to determine whether vehicles were detected and localized.

Beyond the noise, two-tone, and multi-tone AVAS classes, an additional signal
type with mild impulsive components should be explored. A design that resembles
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light gravel in the tire tread would be broadband yet punctuated by low-intensity
transients. Given evidence that click or impulse-train signals can improve localization
in related psychoacoustic contexts, such features may aid localization while remaining
familiar to the sound that we currently associate with approaching vehicles.

The influence of such familiarity should be investigated systematically. Listeners
respond differently to familiar voices than to unfamiliar voices [195], but it is not well
understood how familiarity with environmental sounds shapes detection, localization,
appraisal, and action. Emotional and contextual factors are likely moderators, for
example, whether a sound is associated with one’s own car or a neighbor’s, attitudes
toward electric mobility, or nostalgic associations with combustion engines. Targeted
experiments that manipulate familiarity and measure its influence on performance
and appraisal would clarify these effects.

Finally, inclusive design suggests extending performance tests to include a range of
listeners, including older adults, individuals with mild hearing loss, and individuals
with visual impairments. Reporting performance by subgroup would help identify
cases in which an alert is easily detected by one group but not by another, which is
important for safety and equity.
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Conclusions and Outlook

This chapter presents the main conclusions of the thesis, summarizes its contribu-
tions, and outlines a focused outlook. A detailed integration of results, methodolog-
ical reflections, and limitations is provided in Chapter 6.

7.1 Key Conclusions

This thesis set out to develop and demonstrate a methodological framework for
studying human responses to sound using virtual acoustic environments. Electric
vehicle noise, and in particular acoustic vehicle alerting systems, served as a concrete
application through which the framework was implemented, tested, and refined.

First, this thesis shows that a modular, task-driven approach that combines aura-
lization and human-response evaluation can enable controlled listening experiments
with sufficient plausibility and experimental control. When reproduction methods,
validation strategies, and response measures are selected based on the primary out-
come of interest, virtual acoustic environments can yield robust and interpretable
results across subjective, behavioral, and physiological outcomes.

Second, applying this framework to electric vehicle noise indicates that strongly
tonal two-tone AVAS designs can perform poorly across several response domains
despite regulatory compliance. In this thesis, two-tone signals were localized less
accurately and more slowly than other designs and elicited higher annoyance, per-
ceived mental demand, and physiological arousal (Section 6.2). These results suggest
that compliance with current level and bandwidth requirements does not necessarily
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imply perceptual or functional suitability.

Third, noise-based and multi-tone AVAS designs performed similarly across most
evaluated conditions. Both were localized more accurately than the two-tone AVAS
and, under the very low-level indoor exposure conditions studied, did not produce
measurable increases in cognitive performance decrements, physiological arousal, or
subjective workload relative to silence, apart from slightly elevated annoyance rat-
ings. The results, therefore, point to multiple viable design directions rather than a
single optimal AVAS.

7.2 Contributions

Methodological contributions This thesis introduces a reusable, modular aurali-
zation framework that links physically informed sound synthesis and propagation
with outcome-driven experimental design. It demonstrates a validation workflow
that combines system-level perceptual plausibility checks with targeted component-
level evaluations for specific modules critical to the outcome measure. The work also
documents practical procedures for calibration and exposure control and supports
transparency by openly sharing stimuli, data, and analysis code.

Empirical contributions on EV alerting sounds The thesis provides new empirical
evidence on how AVAS design choices relate to localizability, perceived speed, annoy-
ance, perceived workload, and electrodermal activity. It extends laboratory research
on AVAS beyond single-source scenarios by testing multi-vehicle localization and
by connecting outdoor safety-oriented effects with indoor exposure responses under
controlled, facade-transmitted conditions.

Applied contributions toward regulation and design The findings highlight that
AVAS signals with similar overall levels and compliance status can still evoke markedly
different human responses. This supports considering performance-oriented evalu-
ation criteria that reflect detection, localization, and community impact, alongside
conventional acoustic specifications. The thesis also outlines a practical direction for
integrating human-response evidence into design workflows through early human-in-
the-loop testing.

7.3 Implications

The key findings of this thesis have the following implications:

For researchers Human-response studies benefit from outcome-driven auralization
design. Modeling details, reproduction methods, and validation strategies should be
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aligned with the intended response measure and documented transparently. Modular
frameworks enable controlled manipulation of individual factors while maintaining
plausibility, and open sharing of stimuli and analysis routines strengthens repro-
ducibility and comparability across laboratories.

For regulators The findings support adopting performance-based criteria that jointly
consider detectability, localizability, and annoyance. Limiting tonal prominence and
requiring minimum localization performance in standardized tests would better align
requirements with real-world human responses than compliance checks that focus
primarily on the exterior level.

For industry The results suggest avoiding narrowly tonal AVAS designs and instead
exploring broadband or multi-tone signal families. Incorporating human-in-the-loop
evaluations early in development can help identify unfavorable trade-offs between
safety-relevant performance and community impact before implementation.

7.4 Outlook

Future research should prioritize combined paradigms that evaluate detection, lo-
calization, and annoyance for approaching vehicles across representative background
environments. Such studies would clarify trade-offs under identical acoustic condi-
tions and help calibrate performance targets that are meaningful for certification and
safety assessment.

Further work should also explore AVAS designs that occupy the space between
tonal and noise-like signals, for example, mildly impulsive or modulated broadband
designs, which may improve localization while maintaining acceptable annoyance
and a familiar sound character.

Finally, the coupling between AVAS spectral design and facade transmission de-
serves more systematic attention. Integrating representative building transmission
characteristics with outdoor performance evaluation could help ensure that exterior
requirements translate more reliably to indoor exposure and impact.
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