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Abstract

The central topic of this thesis is Reverberation. Reverberation is used as
a global term to describe a series of physical and perceptual phenomena that
occur in enclosed environments and relate to the acoustical interaction between
a sound source and the enclosure.

This work focuses on the effects of reverberation that are likely to occur
within common listening environments, such as car cabins and ordinary resi-
dential listening rooms. In the first study, a number of acoustical fields was
captured in a physically modified car cabin and evaluated by expert listeners
in a laboratory, using a spatial reproduction system. In the second study, nine
acoustical conditions from four ordinary listening rooms were perceptually eval-
uated by experienced listeners. The results indicated the importance of decay
times in these types of enclosures, even in these theoretically short and non-
dominant quantities. It was shown that a number of perceived attributes were
evoked by the alterations of the fields both within the same enclosure as well
as between different ones.

The studies made use of a novel assessment framework, which forms a signifi-
cant part of this work. The proposed framework overcomes previously identified
challenges in perceptual evaluation of room acoustics, relating to acquisition
and presentation of the acoustical fields, as well as the perceptual evaluation
of such complex sound stimuli. It was shown that this framework was able
to decompose the phenomena that underline the perceived sensations across
assessors. The related multivariate analysis techniques employed the conjoint
interpretation of both the physical and perceptual properties of the fields in a
factorial space and effectively enabled the direct investigation of their relation-
ships.

Overall the work described in this thesis contributes to: (1) understanding
the perceptual effects imposed in the reproduced sound within automotive and
residential enclosures, and (2) the design and implementation of a perceptual
assessment protocol for evaluating room acoustics.

The thesis contains two parts. In the first, the background and rationale of
the research project are presented. The second part includes four articles that
describe in detail the research undertaken.
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Resumé

Det centrale emne for denne ph.d-afhandling er efterklang (eng. reverbera-
tion). Focus er på rum i hjemmet (eng. domestic rooms) og bilkabiner (eng.
car cabins). Der er ligeledes fokuseret på arbejde med såkaldte rum-i-rum
senarier (eng. room-in-room scenarious. Ni akustiske senarier fra fire ordinære
lytterum er evalueret perceptuelt af erfarne lyttere (eksperter). Resultater in-
dikerer, at betydningen af tidsforsinkelser er utrolig vigtige for den type af
rum, der studeres. Et antal af egenskaber beskriver forholdene i de enkelte
rum og imellem rummene. En betydelig del af forskningsarbejdet bidrager til
(i) forståelsen af implementeringen og (ii) perceptuelle vurderingsprotokoller af
de rumakustiske egenskaber. Den foreslåede metode viser sig, at løse mange af
de tidligere identificerede udfordringer ved perceptuel vurdering af rumakustik.
Såkaldt multivariat analyse muliggør en forbundet fortolkning af de fysiske og
perceptuelle egenskaber. Ph.d-afhandlingen indeholder to dele: I den første
del præsenteres baggrund og rationale for forskningsprojektet. I den anden del
præsenteres fire forskningsartikler som beskriver den udførte forskning.
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Preface

When addressing complex and exploratory research questions, such as under-
standing the auditory human perception in enclosures, it is important to define
and understand the rationale and motivation of the investigation. That is,
the way the work undertaken will enhance a general research purpose, via a
restricted and application-specific experimental protocol. This is illustrated in
the following paragraph by a top-down approach, starting from the Why the
research was undertaken, leading to the What has been investigated.

The work described here is a part of the De-reverberation and Reverber-
ation of Audio, Music, and Speech (DREAMS) Initial Training Network, a
European funded project working in the general framework of Reverberation
and De-reverberation. DREAMS’ research motivation focuses on understand-
ing reverberation and its properties, in an attempt to better control its influence
in sound fields. That includes the improvement of speech intelligibility for the
hearing impaired in reverberant environments, as well as the enhancement of
human experience in an entertaining scenario, such as listening to music at
home. It was the project’s purpose, its Why, to contribute to the improvement
of the perceived sound experience in typical listening environments.

Understanding both the physical and perceptual aspects of reverberation
would allow the development of perceptually-relevant algorithms. That is, al-
gorithms that could improve the human experience in reverberant spaces, by
employing advanced signal processing techniques to better compensate for the
acoustical degradation. That is the study’s How, the approaches and methods
used to achieve this.

The current thesis, contributes to the What. That is the objective and
research scope of the studies that follow. The work in this thesis aims to un-
derstand, identify, and quantify the perceptual effects evoked in reverberant
fields, and attempts to depict the perceptual importance of certain proper-
ties of a sound field. Understanding the perceptual aspects of these spaces
and their relation to the physical characteristics will enable the development
of perceptually-relevant algorithms allowing the perceived aural experience in
such spaces to be room-independent; the project’s How. By implementing such
protocols the human experience in such fields could be improved, thus, serving
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Preface

the project’s high level objective, its Why. Figure 1 summarizes the rationale
of this study, and its link to the general purpose of the DREAMS objectives.

Why

How

What

Improve sound experience in enclosures

Develop perceptually-driven compensation algorithms

Investigate the perceptual aspects evoked by reverberation

Fig. 1: The rationale and motivation of this thesis relating to DREAMS’ research objectives.
This illustration follows Simon Sinek’s “Start with Why”.

* * *
This thesis is submitted to the Doctoral School of Engineering and Science

at Aalborg University in partial fulfillment of the requirements for the degree of
Doctor of Philosophy. The work was carried out in the period from August 15,
2013 at Bang & Olufsen as well as at the Department of Electronic Systems at
Aalborg University. The research leading to these results has received funding
from the European Union’s Seventh Framework Program under grant agreement
no. ITN-GA-2012-316969.

Neo Kaplanis
Bang & Olufsen / Aalborg University, December 29, 2016
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Sound in Enclosures

1 Introduction
Typically, the sound that arrives at our ears is a distorted variant of the sound
emitted by a source. The perceived sound is a mixture of the original sound,
as emitted by the sound source, and a combination of absorbed, diffused, and
modified copies of it; commonly referred to as acoustic reflections. This occurs
as the emitted sound interacts with the geometrical characteristics, boundaries,
and objects within the surrounding environment as it propagates through the
space. The effect is particularly prominent when humans experience sound in
large spaces, such as concert halls. This phenomenon is normally attributed
to Reverberation. Reverberation is a global descriptor and forms a common
lexicon that uniquely expresses both the perceptual and the acoustical prop-
erties of an enclosure [1]. In this thesis, reverberation is used as the holistic
description of the phenomena observed when sound propagates in enclosures.

Reverberation does not occur only in performance spaces but it is a phe-
nomenon we encounter constantly. It is unlikely that we experience a reflection-
free environment in daily life. Even when we experience sound outdoors, a
strong reflection from the ground can be observed which alters the perceived
sound experience [2]. Arguably this effect is not as prominent to the human
ear as the perceived sound inside a large space. Yet, both experiences operate
on the same acoustical and psychological principles.

The perceptual influence of reverberation to the human listener drives both
desired and undesired effects. In a concert hall, the interaction between the
sound produced by the orchestra and the acoustical characteristics of the en-
closure enhances the performance and reveals a perceptually pleasing result to
the human listener. However, when speech communication is required in such
spaces those effects reduce speech intelligibility, resulting in an uncomfortable
experience. It is unequivocally evident that the phenomenon of reverberation
is driven by the physical and acoustical characteristics of the environment,
demonstrating the importance of understanding these and identifying their ef-
fects on human perception.

In a series of studies [3] during early 1920’s, Physicist Wallace Clement
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Sabine investigated the relationship between the physical and perceptual prop-
erties of spaces; effectively founding the scientific field of architectural acoustics.
A plethora of investigations in that domain have been conducted since, aiming
to study the effects of reverberation in multiple environments including con-
cert halls [4–7], opera houses [8], historical theaters, and auditoria [9]. The
rationale and motivation behind these studies followed a common scope. That
is, to understand the properties of the reverberant sound field and identify the
links between the geometrical architecture, the acoustical properties, and the
perceived aural qualities.

The effects of reverberation in geometrically smaller environments that we
are likely to experience in everyday life are not well understood, and the re-
search in the domain is limited [10]. The geometrical divergence between the
purpose-made performance spaces and these enclosures has significant effects
in both the physical characterization of the fields as well as the perceived sen-
sations [11]. Moreover, these spaces are typically built to serve multiple pur-
poses and uses, for example speech communication, i.e., classrooms or living
dwellings, i.e., bedrooms. In this research the focus is on typical scenarios that
are likely to occur in ordinary listening settings. There, the sound source is
typically a sound reproduction system, i.e., a loudspeaker, encompassing its
own characteristics, which are known to influence both the timbral and the
spatial characteristics of the aural experience [12, 13].

It is evident that every environment we encounter has a distinct and unique
sonic identity that we experience as a set of sensations. This defines the general
sound of a church, or the unique properties of a specific church we experienced
before, a hall, a living room, or a car. Yet, it is still unknown which acoustical
properties evoke certain sensations and how these relationships operate.

Here, we aim to identify the influence of acoustical characteristics of every-
day environments on human perception, and seek to characterize and quantify
their relationships. The motivation behind this thesis follows the limited un-
derstanding of the perceptual effects of acoustical properties in enclosures e.g.,
reverberation, as encountered in listening environments we experience every
day. The investigations in this work focus on the two most common listening
environments [14]: the automotive car cabins and ordinary residential listening
rooms.

1.1 Research Questions
Before the related background and research findings of this thesis are presented,
it is important to define the questions that directly address the research inter-
ests of this work. Namely, our attempts to better understand the perceptual
effects of acoustical properties of commonly encountered listening spaces, such
as the automotive and domestic environments. This thesis directly addresses
three research questions:
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2. Background

[RQ1] What are the most relevant attributes that are likely to characterize the
perceived sound experience, i.e. reverberation, in domestic rooms and car
cabins?

[RQ2] What physical properties of the sound field are likely to affect the human
experience in these environments?

[RQ3] What is the relationship between the identified perceptual attributes and
the physical properties in these fields?

These research questions defined the direction of the work presented in this
thesis. During the attempts to address them, other questions were stipulated
which further expanded our scope. These are further discussed in the following
sections.

1.2 Thesis Structure
This thesis comprises of two parts. Part I presents the relevant background,
including the rationale of this investigation and the major findings. Part II
includes four articles, depicting the outcome of this work, and describing the
studies in detail.

In the following sections of Part I, the thesis provides a brief introduction
to the principles of sound propagation in enclosures relating to the physical
characterization of the phenomenon in Section 2.1, and the effects to human
perception in Sec. 2.3. This is followed by presenting the fundamental compo-
nents of perceptual assessment protocols in Sec. 3, where the state-of-the-art
protocols are critically assessed, focusing on their limitations and the require-
ments of evaluating the acoustics in domestic and automotive environments,
summarized in Sec. 4. The overview of this thesis is given in Sec. 5, including
the contributions and dissemination of the work presented here, and finally the
conclusions, limitations, and future work are discussed in Sec. 6.

2 Background

2.1 Basic Principles of Sound Propagation in Enclosed
Spaces

When a sound is produced in an enclosure, the sound waves propagate in the
finite space at a finite speed, and they arrive at a receiver, e.g., the human
listener, after a temporal delay. During this transmission, the waves interact
with the geometrical properties of the enclosure introducing multiple reflec-
tions, which cluster together at narrow time intervals. As a consequence the
received sound is a modified version of the produced sound. This is driven
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by the physical characteristics of the enclosure, the properties of the excita-
tion source, and the characteristics of the emitted sound, i.e. the signal, as
graphically summarized in Fig. 2.

Produced
Sound

Received
Sound

Transmission

Source EnclosureSignal

Fig. 2: Basic principles of sound propagation in enclosures. The produced sound is being
transmitted to a receiver, e.g., the human ear. The reception of this sound depends on the
transmission process, which relates to the characteristics of the signal, the source, and the
enclosure.

As mentioned above, the result of this acoustical process is typically referred
to as reverberation. In order to physically describe reverberation a simplifica-
tion is commonly followed, which resembles the series of events that occur when
an impulsive sound is produced in an enclosed space by an omnidirectional
source, normally expressed from the receiver’s point of view. This simplifica-
tion is realized as an acoustical Room Impulse Response (RIR), describing the
temporal characteristics of the sound field and energy. A typical RIR is shown
in Fig. 3.

The first sound that arrives at the receiver describes the sound that propa-
gated between the source and the receiver following the shortest distance, i.e. in
a straight and direct path, and it is referred to as the direct sound. Later, early
reflections arrive at the receiver, which is the result of the interaction between
the propagating wave and the nearby objects or boundaries. The intensity of
these reflected sound waves is typically reduced due to the absorptive nature of
room’s boundaries. The reflected energy continues to spread in the finite space
of the enclosure, interacting further with these surfaces. This interaction de-
creases their intensity over time and results in a well-known exponential decay
pattern that typically describes the behavior of late reflections.

The temporal division of the field in the two reflection zones, that is, the
earlier, distinct, and strong reflection patterns, and the later, denser, and de-
caying reflections formed the fundamental principles behind the physical and
perceptual understanding of sound in enclosures, and reverberation per se. Fun-
damental work in architectural acoustics [3] has shown that the exponential
decaying nature of the later reflections is largely similar in various positions of
a room. Sabine’s observations led to a metric that defined the time needed for a
sound intensity to decrease by factor of million, i.e., 60 dB. The reverberation
time, Reverberation Time –60dB (RT60), has been followed since describing
the decay time of a sound field in an enclosure. Following this stream of re-
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t

Energy Direct
sound

Early re-
flections

Late reflections

Fig. 3: Simplified Room Impulse Response (RIR). This resembles the simplified timeline of
events in a reverberant sound field.

search, reverberation has been mainly considered as a temporal phenomenon
that describes the prolonging sound in enclosures, highlighting the nature of
the surrounding surfaces [9].

2.2 Decomposing Perception - The Filter Model
The human responses evoked by the physical properties of the sound field are
fundamental to establish and quantify the relationships between the perceived
sensations and measurable physical quantities. It is evident in the literature
that the physical and perceptual features of reverberation are indivisible. In
order to better understand the effects of this phenomenon, one needs to address
the two domains conjointly.

Yet, the non-linear and highly adaptive auditory system humans posses [15],
makes the direct investigation of physical properties of audio signals and the
perceived sensations a complicated task [16]. Moreover, when the measuring
instrument is the human perception, it is likely that the observations would
follow inherent cognitive biases, such as own references, beliefs, and sentiments.
It is therefore critical, that the assessment protocols followed in such evaluations
address these issues, so that robust and repeatable results are observed.

Based on these principles, the Filter Model (FM) [16–18] provides a frame-
work that differentiates the qualities and properties of a sound stimulus, in
different domains. In general, the sound can be described in terms of its phys-
ical characteristics, using instrumental means, and in terms of the perceptual
characteristics using human assessors as the measuring device. The FM is
shown in Fig. 4.

The model’s Physical Domain, addresses the characteristics of the field
based on instrumental metrics, i.e. mathematical and physical descriptions
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Fig. 4: The Filter Model, comprising three domains, physical, perceptual, and affective
separated by a sensory and a cognitive filter respectively. Reproduced from Paper [A].

of the sound stimulus, such as sound pressure levels, frequency-based metrics
and reverberation time. When the characterization of the sound is based on
measurements using human assessors, the model defines two separate domains,
namely, the Perceptual and Affective domains. This distinction follows the
properties of the human auditory system, illustrated by the two main filters of
the model, the Sensory and Cognitive filters. The sensory filter encompasses
low-level psychoacoustical and physiological mechanisms of the auditory sys-
tem, such as frequency selectivity of the cochlea and auditory masking, which
are assumed to be common across humans. The cognitive filter relates to mech-
anisms at higher levels of the auditory processing, such as expectations, mood,
and memory. These processes are likely to evoke responses that are individual-
based, uncontrolled, and biased to one’s background.

Therefore, in the Perceptual domain one could seek for discriminative, uni-
dimensional, and defined features of the sound, known as perceptual attributes.
That is, the quantitative measurements of the sensations evoked from a sound
stimulus, that could be used to quantify and characterize the perceived aural
experience. In the Affective domain the sound is typically assessed as a holistic
experience, relating to general quality, such as likeness, and preference.

In this work, the basic principles of FM are followed. The abstractions of
physical, perceptual, and affective domains are further referred to the FM’s
definitions.

2.3 Reverberation & Perception
For years, the relationship between RT60 and the perceived reverberance1 domi-
nated the design of ‘acoustically prime’ performance spaces, following optimum
RT60 figures in the range of 1.8 to 2.2 seconds [19]. It was however realized, that
the decay time and the perceived prolonging sound, could not fully describe

1the the sense of a prolonging sound that decreases over time [10]; a prominent sensation
when auditioning in geometrically large spaces.

8



2. Background

the properties of reverberation. That is, two spaces with identical reverber-
ation times, were unlikely to be characterized as physically and perceptually
identical.

Although reverberation, can be perceived as a holistic entity, describing the
global behavior of an acoustic environment, i.e., the perceived Reverberance, it
evokes a multitude of other perceptual sensations [10], all of which contribute to
the sonic identity of the space. Investigating these phenomena in the late 40s,
Lothar Cremer suggested [20] that the properties and patterns of both early
and late reflections had a significant effect in the acoustical qualities of the
space. Follow up studies [21, 22] identified the significance of the first arriving
reflections and their relationships.

These observations steered the acoustical research towards the objective
and physical characterization of the reverberant fields. The research stream
introduced a number of the physical and mathematical depictions of properties
of reverberation that have been now well established and standardized [23, 24].
These metrics include RT60, Early Decay Time (EDT), Sound Strength (G),
Clarity Index (C50/80), Interaural Cross-Correlation (IACC) and many others
[23, 25, 26]. Although a number of physical descriptors exist and are used
widely, their perceptual relevance, that is, the extent to which these metrics
could explain the perceived experience, is highly challenged [27, 28].

These findings evoked further the central question in architectural acous-
tics research: “What defines an environment to be perceived as a good concert
hall?”. That is, “Which properties of the acoustical field evoke certain per-
ceived sensations, and what defines the aural qualities and identity of a sonic
environment?”.

A large number of studies attempted to answer these research questions,
primarily focusing on performance spaces and the musical enjoyment in concert
halls and opera houses. Several perceptual aspects of reverberation have been
identified and links to physical metrics have been proposed. For example,
metrics relating to decay time of a reverberant field, RT60 and EDT, have
been linked to the perceptual sense of Reverberance, and Room Size, whilst the
relationship between the early and late reflections, measured by C50/80 have
been related to the perceived Clarity of the sound.

A comprehensive review of these investigations has been conducted as part
of this thesis, presented in Paper [A]. Through this in-depth analysis across re-
search disciplines, several trends have been identified and reported; see Fig. 5.
It was however apparent that the relationship between physical and perceptual
metrics is still a field of research debate. It is well understood that reverber-
ation includes a number of dissimilar perceptual sensations that are described
by certain physical metrics. However, it is unlikely that these relationships
would occur independently in real sound fields. Although several perceptual
properties and physical characteristics of reverberation were identified, their
relationships have been physiologically quantified in highly controlled and sim-
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ulated sound fields [29]. The applicability of these relationships to naturally
occurring fields is therefore not straightforward, and currently only partial and
application-specific understanding of the phenomenon is apparent.

Fig. 5: Overview of the findings, indicating the major perceptual attributes and their rela-
tionships as described in reviewed literature. Reproduced from Paper [A].

The state-of-the-art in perceptual assessment of architectural acoustics fo-
cuses on the identification of co-occurring characteristics in reverberation fields
by comparing the features of real spaces [5, 6, 30]. That is, the perceptual
and physical properties of real environments, i.e. concert halls, are directly
compared so that common trends and dissimilarities between the two are iden-
tified. Although this approach is not novel in architectural acoustics [4, 7],
today’s technological advancements provide a toolkit that allows researchers to
overcome several shortcomings that prohibited a repeatable, robust, and con-
trolled experiment between real-sound fields. It has also been noted that in
the last decades, architectural acoustics studies have focused on investigations
that conjointly quantify the perceptual and physical aspects of the fields, in
contrast to the previously separate streams of research. That is a significant
finding, and highlights the complex relationships between the two domains.

At this point, it will be useful to review the current practices in perceptual
assessment of room acoustics. This will allow us to identify possible limitations
of the state-of-the-art and stipulate further considerations for assessing room
acoustics properties of domestic rooms and automotive car cabins. In the
sections below, the fundamental principles of perceptual assessment of audio are
presented, focusing on the requirements of assessing room acoustics properties
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in a typical sound reproduction scenario.

3 Perceptual Assessment of Room Acoustics
In the lack of a standardized protocol and evaluation procedures, a wealth of
scientific studies attempted to perceptually evaluate the qualities and acoustical
properties of several spaces, following general principles of audio assessment
[16]. Two basic frameworks were typically followed to evaluate the perceptual
qualities of sound in enclosures. These include the in-situ evaluation and the
laboratory based protocols. The former requires the human assessor to evaluate
the sound field/stimulus in natural settings, for example, a pair of loudspeakers
in a listening room. The latter, follows an evaluation protocol, where the sound
field/stimulus is captured in real settings or by means of computer simulation,
and then recreated in neutral environments, where the listening experiment is
conducted.

In the domain of concert hall acoustics, in-situ assessment seemed a natu-
ral choice and has been followed consistently since the early days of architec-
tural acoustics research. In these protocols the assessor’s perceived sensations
where typically observed during real performances using structured question-
naires and post-hoc interviews [4]. The practical limitations of these methods
and the need for repeatable experimental settings and procedures gave rise to
laboratory-based methods. In these methods, the sound field of an orchestra in
several concert halls was recreated [29] over a sound reproduction system and
evaluated by human assessors in a comparative and repeatable manner.

Perceptual assessment of sound in smaller listening enclosures has been
also conducted, both in-situ [31] and in the laboratory, using simulations of
the acoustical field [32] as well as binaural measurements [33]. In these studies
however, the dominant research interests related to the effects of the interaction
between the source’s properties, i.e., the loudspeaker, and the room. The
sound reproduction has therefore dominated these research studies, where the
acoustical properties of the listening enclosures were often simplified or assumed
to be constant.

This work seeks to investigate the imposed effects of the acoustical prop-
erties of domestic and automotive enclosures on the perceived sound field, by
identifying and quantifying the perceived sensations that relate to the acousti-
cal features of these spaces.

When investigating the effects of room acoustics and reverberation per se,
one needs to employ a protocol where the influencing factors are controlled and
a systematic variation of the acoustical properties of the enclosure is followed.
Moreover, the acquisition and presentation of the acoustical field should be
experimentally repeatable, so that different assessors are exposed to identical
settings and sound fields. It was therefore important to identify the influencing
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factors of such investigations and define a framework that would enable the
perceptual assessment in a complex sound field. These considerations were ini-
tially stipulated in Paper [A], where the applicability of current methodologies
to this research project was discussed. Several limitations and requirements
were presented and further highlighted the need of a new experimental frame-
work for the evaluation of acoustics in small enclosures such as domestic rooms
and automotive car cabins.

Fig. 6: Basic principles of audio evaluation, depicting the procedures followed in in-situ
evaluations and laboratory-based methods. The figure is adapted from Paper [B] [34].

In perceptual assessment of sound in enclosures, the protocols employed
typically follow the basic principles shown in Fig. 6. One could classify these
in three major parts, the acquisition of the field, its presentation to human
subjects, and the evaluation procedure where human responses are observed.
In such evaluation schemes, the stimuli under investigation are the product
of a signal, a source, and an enclosure, each of which encompasses its own
characteristics. As it is discussed in Sec. 4.1 the properties of these factors
highly influence the sound field and one is required to impose experimental
controls when evaluating the properties of the enclosure.

In the sections below, the influencing factors are discussed in detail and
considerations are raised following our research interests. Then the available
acquisition and presentation methods are described, in Sec. 3.4, followed by
the evaluation protocols in Sec. 3.7. General remarks are given in Sec. 4,
where the limitations of these protocols are summarized.

3.1 The Excitation Signal
It is well understood that reverberation is both a spatial and a temporal phe-
nomenon [1]. It is therefore critical that the signals, as well as the sound
sources, excite both aspects of the fields under investigation. In order to assess
spatial attributes one needs to use broad-band and realistic signals and sources,
that exhibit dynamic scenes and content [35]. Yet, the temporal properties of
reverberation are more prominent with impulsive signals, which led to many
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studies incorporating narrow-band noise bursts [10].
In concert hall research, the excitation signal was not considered as a ma-

jor factor at first, as in-situ evaluations occurred during live orchestra perfor-
mances, in consequence, there was no experimental control on the repertoire.
It has been recently noted by laboratory-based studies [36] that the properties
of the signals, i.e., the music piece, used to excite the hall altered the per-
ceived sensations significantly. Similarly, standardized audio assessment proto-
cols [37, 38] often recommend the use of a number of different signal types and
musical genres [16] so that signal-based effects are highlighted.

Moreover, the perceived sound field in a residential listening environment,
via loudspeakers, is likely to be comprised of two acoustical fields. That is, the
acoustic response of the recorded room, where the signal was captured, as well
as the acoustics of the reproduction room, where the loudspeaker reproduces
that signal. This is typically referred to as room-in-room effect [39] and it has
been shown to affect listener’s spatial awareness whilst listeners are able to
discriminate the two fields independently [35]. That is a major difference to
concert halls assessment, where the signal is typically the natural sound of the
instruments.

It seems therefore appropriate to our research interests, that the excitation
signals include both less reverberant recordings, e.g., anechoic, as well as typical
dynamic and well reverberated signals, e.g., music. These would result to a
controlled and repeatable protocol that extends in both cases, yet, they would
reveal a familiar and natural signal to the human listener.

3.2 The Sound Source
A performance hall is typically designed and built to accommodate an orches-
tra, which is placed at a pre-defined point, i.e. the stage, and it is experienced
at a set of known listening positions, i.e. seating map. In every-day environ-
ments the source is unlikely to be an orchestra but it is rather a sound system
that comprises of several loudspeakers, that may be arbitrarily placed in the
room. This adds another layer of complexity when the acoustics of these types
of enclosures are in question. Loudspeakers differ in many ways and it is well
known that their properties and placement in the room would highly influence
the perceived sound field [12, 13].

It is anticipated that the excitation of the field by a typical loudspeaker in
an ordinary room and an orchestra in a hall would result in dissimilar physical
and perceptual observations. For example, most standard physical quantities
used to describe performance halls make use of an omnidirectional source; sim-
ulating the directional characteristics of an orchestra. This scenario is unlikely
to be observed in a typical listening environment [40], thus its perceptual rel-
evance is highly challenged. In contrast to concert halls, ordinary listening
environments are geometrically smaller and include strong, distinct, and dense
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early reflection patterns. The properties of these reflections are highly influ-
enced by the loudspeaker’s placement and directivity characteristics, affecting
the perceived Timbre, Apparent Source Width, as well as the location of the
sound source [40].

This study aims to assess the effects imposed by the reproduction room.
Therefore, the source and signals should be kept constant, while the properties
of the enclosure are modified. The source should represent a typical reproduc-
tion system that one is likely to experience in that type of enclosure, whilst its
position and main characteristics are well controlled.

In our research interests, we consider two types of enclosures, that is, the
ordinary residential listening rooms and car cabins. Although in rooms a typical
reproduction scenario could be kept constant and be comparatively evaluated,
e.g., a stereo configuration in several standardized listening rooms [41, 42], in
automotive environments such approach is not possible. Each car audio system
is individually designed and it is unique in its own manner, thus comparing
several car cabins, while the reproduction system is kept constant, is unlikely.
These are challenges that should be addressed in the experimental designs
within automotive audio evaluation.

3.3 The Enclosure
Naturally, a geometrically smaller space is expected to be characterized by
shorter decay times due to the lower volume [43] they comprise. The volume,
geometrical shape, and the acoustical properties of the enclosure are likely to
affect the observed decay times, as well as the early reflection patterns in terms
of their temporal distribution, amplitude, and density. These observations are
shown in Fig. 7, where the RIR of three types of enclosures, a concert hall, a
listening room, and a car cabin are contrasted.

As seen in Fig. 7, the reflection patterns are dissimilar between the three
fields, both in terms of energy and temporal distribution. Standardized physical
metrics [23, 24] that are used to characterize performance halls, seem unsuitable
for describing the properties of smaller enclosures. For example, time-based
metrics such as Clarity Index (80 ms) (C80), assume a temporal distribution of
early and late reflection patterns that is unlikely to occur in a living room, or
a car cabin. The temporal and spatial distribution of the reflections in smaller
rooms, may enhance specific auditory processing mechanisms and perceptual
weightings, i.e., dominance of echo suppression2 and precedence effects [44];
driven by the reflections’ intensity, spectral properties, as well as their temporal

2echo suppression occurs when two coherent signals are presented to the ears from dif-
ferent locations with a slight delay. A human listener perceives only the first event, rather
than two distinct sound events, as the human hearing system assigns priority to the direc-
tional information of the first event, effectively suppressing the second, thus, allowing faster
processing in complex scenarios.
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Fig. 7: Room Impulse Response measured in a car cabin, ordinary listening room, and
concert hall. The responses were normalized and are partially displayed for illustration
purposes, focusing on the early reflection patterns. Note that the horizontal axis follow
different scaling in the three responses due to the temporal properties of the fields. The red
triangle indicates the 50 ms mark.

distribution [45, 46]. Low-level psychoacoustical mechanisms may alter the
perceived sensations in a dissimilar manner, relating to the field the human
auditory is exposed to.

In order to study the properties of the enclosure, one needs to system-
atically modify their physical characteristics so that a range of sound fields is
obtained, or study several enclosures of the same type, and comparatively iden-
tify commonalities. It is well known that real-life enclosures differ in a myriad
of ways (size, materials, geometry). Thus, introducing a systematic variation
of isolated parts of the sound field is almost impossible in practice. Both the
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physical and perceptual aspects of the field are unlikely to alter independently
when real spaces are in question.

Nevertheless, a real room can be physically modified, by altering the absorp-
tive properties of the boundaries’ materials. This approach requires a modular
room and it is laborious. Moreover, the observed changes will include several
alterations of the field, rather than a single quantifiable change, e.g., Clarity
Index (50 ms) (C50) in isolation. It is however possible to achieve single al-
terations in the field by employing computer simulations, such as geometrical
acoustics modeling [47]. The conceptual distinction that emerges between the
two approaches is however important; a perceptual space identified in a con-
trolled modification of a field, i.e., in a simulation, may not relate to a natural
acoustic change that is likely to occur in real life.

These challenges would typically result in domain specific experimental de-
signs, focusing on the contextual factors and applications of interest. This
includes the method to acquire and reproduce a sound field, as well as the
experimental designs to observe human responses during evaluation. There
are several approaches that one could employ to address these. Below, a brief
overview is given, focusing on the considerations of our research interests.

3.4 Experimental Apparatus: Acquisition & Presenta-
tion

A fundamental decision when conducting perceptual assessment of audio ma-
terial is whether the signals are evaluated in-situ, in their intended and natural
settings, or in a neutral and controlled laboratory. Through the literature one
can identify a major trade-off between the two approaches. In situ evaluation
provides the listener with a familiar and natural experience, thus, the evalua-
tion of the perceived sensations relate directly to reality. It is however difficult
to employ comparative protocols and systematic alterations in such evalua-
tion schemes, leading to potential uncontrolled biases relating to both auditory
and non-auditory factors. Laboratory-based methods are able to overcome
these challenges, yet, their perceptual relevance and ecological validity could
be questioned.

3.5 In-Situ Assessment
Sound in enclosures is described as a highly complex sound field, and its charac-
teristics are affected by interdependent parameters, relating to the interaction
between the excitation signals, sound sources, and the enclosure. In a gen-
eral audio evaluation protocol, one aims for a systematic variation of certain
physical parameters, that evoke a number of perceptual characteristics. When
assessing real room acoustics, this approach is difficult; that is, systematic vari-
ation of single parameters of a real-field, e.g., varying the C50, whilst the re-
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3. Perceptual Assessment of Room Acoustics

maining characteristics are constant is impractical if not impossible. Therefore,
most studies compare several real sound fields, e.g., different concert halls, and
the perceptual observations are then contrasted to the physical characteristics
of each concert hall, so that a correlative trend across all observations could be
established. Such approaches formed the fundamental work in understanding
architectural acoustics and the cognate perceived experiences [4, 7].

Unequivocally, the in-situ methods provide the most ecologically valid sce-
narios, as the human listeners experience the sound fields as they would occur
in real life. Still, these methods encompass several limitations. It is some-
what impractical to instantaneously compare several acoustical fields in-situ,
for example, the sound of a loudspeaker in several rooms. This imposes long
test-to-test periods between the experimental stimuli, in this case the sound
fields in each room, which is well known to provide erratic perceptual results,
due to the limited auditory memory humans exhibit [48, 49]. Moreover, ex-
posing assessors in a real environment introduces several non-acoustical factors
in the evaluation, relating to the multi-modal experience of being in a space,
aural room adaptation, as well as cognitive and personal cognitive factors of
the listener, such as current mood, emotion, and taste of each listener [50].

Naturally, the in-situ evaluation was not followed in this work due to un-
controlled biases that may alter our observations when evaluating acoustics in
typical, thus familiar environments, as well as the impractical challenges that
would comprise for a comparative evaluation. Therefore, we focused in defining
the appropriate acquisition, and presentation protocols so that a laboratory-
based method could be followed. The process to define these is described below.

3.6 Laboratory Assessment
Laboratory based methods aim to directly overcome the limitations of in-situ
assessment, by imposing higher control of the experimental factors and vari-
ables in a repeatable, robust, and blind protocol that allows simultaneous com-
parisons between audio material.

These methods comprise of two major parts: the acquisition of the field,
where the experimental stimuli are captured, and the presentation, where the
experimental stimuli are presented to the human assessors. The acquisition of
sound fields, could be completed with computer simulations, where the signal,
the source, and the enclosure are simulated based on their physical characteris-
tics, and a computer model estimates the resultant sound field. Measurements
could be also conducted in real fields, were the sound field created by a source
in an enclosure is recorded at a specific location, e.g. the listening position.

The methods followed to acquire and present the experimental stimuli are
equally important and drive the trade-off, between the ecological validity and
the variable control in the experimental design. That is the extent to which the
human responses evoked, within this framework, relate to the responses in the
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real-life aural experience, whilst imposing controls on the experimental factors.
These considerations highly influenced this work and the establishment of

a perceptual assessment protocol to address our research questions. To further
explore these challenges, a critical review of the published literature was con-
ducted. This led to a series of pilot experiments in an attempt to define the
most suitable acquisition and presentation schemes for evaluating sound fields
within domestic rooms and automotive car cabins.

In the sections below, a brief description of this process is given, relating
to the possible approaches that one could employ such as simulating and mea-
suring sound fields. These include several observations through the reported
experimental studies, that led to the requirements and proposals of an experi-
mental methodology to be followed in this work.

Simulations

A number of algorithms exist that directly focus on simulating sound propaga-
tion in enclosures, i.e. modeling of the acoustical field. One could categorize
these in Geometrical Acoustics (GA), Wave Based, and Artificial methods, as
summarized in Fig. 8

Geometrical
Acoustics Wave Based

Ray-Tracing Image Source Finite Element
Method

Artificial
Algorithms

Finite Difference
Time Domain

Feedback Delay
Networks

Statistical
Reverberation

... ... ...

Fig. 8: Overview of acoustical models for sound propagation. Based on [51].

The first part of this work focused on simulating the acoustical fields of
interest using GA and Wave-based models [47]. Acoustical models were de-
veloped based on two GA acoustics methods, i.e. image source and ray trac-
ing techniques [51], using CATT-A. Moreover, as these methods are limited
to low-frequency reproduction [47], relating to the size of the room model, a
wave-based model, i.e. Finite Difference Time Domain (FDTD) method [52],
was introduced for the low frequencies.

In these experimental studies, it was possible to simulate acoustical fields
with systematic variable control that would be a major advantage for our study.
However, the detail in which the physical properties of the enclosures could
be defined in such models is restricted, typically dominated by the diffusion
and absorption coefficients given in octave-wide frequency bands. In order to
achieve a plausible [53] acoustical depiction of a real domestic environment, one
needs to manually ‘tune’ the model in recursive experiential manner. Moreover,
the model’s source properties do not provide a real depiction of a loudspeaker

18



3. Perceptual Assessment of Room Acoustics

but rather a crude simplification. Often the source is defined in terms of energy
across octave bands and its directional characteristics are spatially-limited. The
presentation of the field typically follows binaural auralization, i.e., presentation
over headphones, which encompasses its own spectral and spatial limitations
[10].

An acoustical field that this thesis addresses is the one that occurs in car
cabins. Car cabins are physically an unconventional acoustical environment,
exhibiting significant seat-to-seat variation and extreme modal behavior, which
makes the physical quantification of the field highly challenging [34]. These
properties of the field limit the possibility to adequately simulate cabin’s acous-
tical behavior [54, 55] for perceptual assessment purposes. These approaches
cannot easily provide adequate synthesis of an acoustical field of a car cabin
over a wide-frequency range. That relates to the high computational demands
of the methods, requiring oversimplifications of the model and violation of the
methods’ assumptions, such as the wave-length ratio and model’s boundaries3
in GA [51].

These challenges have potentially led to the observed lack of perceptual and
ecological relevance of these approaches when simulating the sound fields of
small enclosures, such as car cabins and ordinary rooms. It is understood that
careful and systematic work, that compares real acoustical fields and computer
simulations in parallel can improve these limitations. Yet, the efforts required
did not fit our purposes and research goals. It was therefore decided that the
investigation towards capturing these sound fields should be focused on the
domain of measurements instead, as detailed below.

Measurements

Two basic techniques could be followed to capture the acoustical field using
measurements, namely, the Binaural techniques and the Spatial techniques.

The Binaural techniques, aim to capture the pressure that would arrive
to the ear of a human listener, including the effects imposed by the physical
properties of the head and torso.

The Spatial techniques make use of microphone arrays, aiming to capture
the spatial properties of the sound field, so that one can re-synthesize it at
a later stage, using a spatial rendering scheme. There is a number of spatial
methods that make use of multiple microphones, such as Ambisonics, Spatial
Decomposition Method, and DirAC.

Each of these approaches encompasses its own advantages and disadvan-
tages, following their implementation needs and their theoretical assumptions
and basis. The limitations of the methods were identified in the literature and

3The considered wavelengths should be small compared to the mean-free-path in a room
[11]
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their applicability to our research interests was evaluated. The work focused
on the two major measurement methods, which are described below in detail.

Binaural Techniques

Binaural techniques are well established in spatial audio research [56], due to
the straightforward implementation and the solid theoretical background they
operate on [58]. The term describes the methods relating to recording, syn-
thesizing, and reproducing the signals that appear at the two ears of a human
listener. In such approach one aims to capture the sound field that a human
listener is exposed to in a way that the filtering effects of the head, pinna and
torso are included, i.e., the Head Related Transfer Function (HRTF). When
these signals are reproduced appropriately, the human auditory system appro-
priately decodes the imposed acoustic cues revealing a similar aural experience
as being in the real field.

There are several ways in which binaural signals can be obtained, for exam-
ple by in-situ measurements, where a recording apparatus is used to capture
a real field, or by simulations where virtual environments are combined with
anechoic HRTF resulting to virtual auditory display.

In this study we focused on binaural measurements. These measurements
could be achieved by capturing the sound at the eardrum of a human listener,
or by using artificial dummy-heads, or in some cases by using stereophonic
microphone techniques, i.e., Jecklin Disk. Due to the practical challenges of
capturing the field with human listeners, artificial dummy-head recordings are
often employed. A dummy-head is exposed to the real field of interest and in-ear
microphones are used to capture the signals at the two ears. These two signals
are then synthesized and reproduced to the human listener via auralization
techniques, e.g. headphone reproduction [56]. This process is shown in Fig. 9.

2

Binaural Synthesis

Acquisition

Presentation

2

Fig. 9: Procedure for the acquisition and presentation of binaural signals.

In order to explore the applicability of these techniques to our research
interests we first conducted dummy-head measurements in standard listening
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3. Perceptual Assessment of Room Acoustics

rooms and car cabins, as shown in Fig. 10. Binaural Room Impulse Responses
(BRIR) were captured for multiple head orientations using Binaural Scanning
Methods [57]. A number of acoustical conditions were obtained, for example, by
altering the decay times of the enclosure, or exciting the enclosure using mul-
tiple sound sources. These were then reproduced binaurally over head-tracked
headphones [58]. Informal listening tests compared the in-situ experience in
these fields and the one delivered by the Binaural Room Scanning (BRS) sys-
tem.

Fig. 10: In-situ measurements using a dummy head in ordinary rooms and car cabins.

In general, the results of the informal experiments indicated that binaural
measurements and the subsequent synthesis adequately delivered the percep-
tual properties of the fields in terms of relative differences, e.g., between two
loudspeaker systems. The methods could be used to identify the relative per-
ceptual properties between certain acoustical scenarios. However, two major
shortcomings were evident for our research purposes.

First, the spatial properties of the sound field were perceived as unfamiliar to
the assessors, although they have been exposed to the real fields before. More-
over, during the binaural reproduction, spatial alterations that were apparent
in the real field were perceived as timbral differences instead, i.e., coloration
of the sound sources, as noted in previous studies of automotive audio evalu-
ation [59] using BRS. The lack of externalization, i.e., in-the-head perception
of the sources, resulted to alien and somewhat unnatural perceived experience
of sound in an enclosure. The reported observations may relate to the use of
non-individualized HRTF4 synthesis and the fixed HRTF of the dummy-head.
Summarizing the literature one could note that the extent to which individual-
ized or compensated HRTF eliminate such effects is currently a field of research
debate [53]. It was therefore unclear whether employing individualized HRTF
would guarantee well externalized sound, rather than the identified distortions
of the acoustical field.

Second, the reproduction over headphones provided inadequate low-frequency
performance and lack of the whole-body-vibration [60] was also reported, as
already identified in the literature [61]. This can be seen as an important limi-

4fitting or compensating for individual assessors’ anthropometric properties
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tation for a more natural aural experience, as it is known that low-frequencies
are highly important in sound reproduction, especially in geometrically small
enclosures such as ordinary listening rooms [60] and car cabins [33].

The findings of the experiments described above indicated a limited ap-
plicability of binaural methods to our research interests. The spatial nature
of reverberation was highly anticipated in this work, yet, this property is not
guaranteed to be preserved during binaural presentation. This may relate to a
mismatch between the assessors’ physical features and the dummy-head’s, thus,
a dissimilar HRTF to what the assessor would expect. Nevertheless, following
these limitations, the spatial characteristics of the fields might be degraded,
introducing technical artefacts and an unnatural experience, as reported in
previous studies that employed binaural techniques in room acoustics assess-
ment [10]. These observations steered our research directions towards methods
that may overcome such limitations.

Spatial Techniques

Spatial methods aim to capture the acoustical field in the form of simulta-
neous measurements using multiple microphones, most commonly in three-
dimensional orientations. These spatial measurements are used to analyze the
acquired field, in a way that the field could be reconstructed in the laboratory
by means of sound reproduction, e.g., over loudspeaker rendering5. These tech-
niques overcome several limitations of binaural measurements. For example,
the fixed HRTF on the captured field and the related limited externalization
of the sound sources, as well as the limited low-frequency reproduction over
headphones.

The published literature in the domain of spatial audio comprises of mainly
two approaches, the physics-driven methods, and the perception-driven meth-
ods. The first type considers the methods that aim to recreate the physical
sound field as accurately as possible. The second, relates to methods that
focus on recreating the sound field as perceptually accurate as possible, i.e.,
delivering the same experience to the human listener as the captured field.

In the attempt to recreate the exact captured fields, most physically-driven
techniques, e.g., (Higher Order) Ambisonics and Wave-Field Synthesis, intro-
duce significant artefacts that are prominent to the human listener. These
relate to non-accurate and perceptually colored sound fields and source prop-
erties [62], as well as a confined and impractical listening area [63]. Moreover,
the reproduction frequency depends on the spacing between the reproduction
loudspeakers, typically introducing spatial aliasing at high frequencies6, which
potentially introduce ill-conditioning [63] to listeners. These limitations affect
the naturalness of the perceptual aural experiences, especially when the focus

5binaural presentation over headphones is also possible
6> 4kHz for 5cm spacing between reproduction loudspeakers
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3. Perceptual Assessment of Room Acoustics

is the evaluation of real fields at broad frequency bandwidths. The applicabil-
ity of these methodologies to the project’s interest has therefore seemed highly
challenging and impractical.

The second family of spatial techniques that is eminent in spatial audio
research, the perception-driven methods, aim to limit the influence of audible
artefacts by following psychoacoustical principles. The most commonly used
techniques in spatial audio are (1) Directional Audio Coding (DirAC) [64], (2)
Spatial Impulse Response Rendering (SIRR) [65], and (3) Spatial Decomposition
Method (SDM) [66]. These methods focus on recreating a more perceptually
relevant experience, by preserving the perceptual qualities of measured sound
fields in the best possible way. This is typically achieved by taking advantage of
current psychoacoustical knowledge and the properties of the human auditory
system. For example, the restricted spatial resolution of human hearing in
complex sound fields and its enhanced sensitivity to timbral properties. These
methods may however operate at the cost of the physical representation of the
captured sound fields.

One of the most recent spatial acquisition and synthesis methods is the SDM
[66]. SDM has been implemented following studies in concert halls that initially
used DirAC [5] and later SIRR [6]. SDM employs an analysis of the Direction Of
Arrival (DOA) in time segments, for each discrete captured sample of a spatial
impulse response7. This information is combined with the pressure values from
an omni-directional microphone, ideally located in the center of the array. The
resultant vectors can be then used to spatially synthesize the field using a
parametric rendering scheme. Recently, SDM was also used to perceptually
evaluate studio control rooms [67], indicating its applicability for geometrically
smaller spaces. SDM synthesis has been claimed to preserve the sound quality
of the captured fields [68], whilst its implementation is straightforward allowing
to presentation of the analyzed sound fields in any parametric rendering scheme
[66].

Moreover, the method provides spatiotemporal analysis of the sound fields.
This novel objective analysis of the captured sound field presents the energy
distribution of reflections in terms of time and direction [69]. The literature
has primarily focused on the temporal measurable quantities of reverberation,
due to the limited capacity to physically characterize the spatial properties of
the field. Thus, such metric could be highly valuable when investigating the
perceived spatial aspects of the fields. The basic principles of SDM are shown
in Fig. 11.

As SDM was first developed for concert halls, we first sought the applicabil-
ity of the method in car cabins, the most diverse acoustical field of this project.
A number of acoustical alterations8 of a car’s interior were conducted and the

7Impulse Responses captured simultaneously with a multi-microphone array, such as 3D
microphone probe

8see Paper [C]
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Fig. 11: Basic overview of Spatial Decomposition Method.

resultant fields were captured and analyzed using SDM (see Fig. 12). These
studies led to a proposed adaptation of the method to allow for the analysis
of near-field sources. The process followed to acquire the acoustical fields in
the cabin (see Fig. 12), including the results and proposed adaptation of the
method were summarized in Tervo et al. [70] (see Paper [E])9.

In order to verify the performance of the method, several acoustical con-
ditions of a car cabin were analyzed using SDM and their deviation from the
reference condition was reviewed. Figure 13 shows the energy distribution over
time in a car cabin, equipped with 17 individual transducers. On the left (a)
the figure presents the analysis for the typical production car with no modi-
fications, the reference condition, and on the right (b) the figure presents the
energy distribution in the cabin when the front windows of the vehicle were
opened. The accuracy of the analysis cannot be physically verified as a bench-
mark of these methods is not straightforward. Still, the relative differences
between the reference and an acoustical condition can be contrasted. As it can
be seen in Fig. 13, the direct sound (0-500 ms) is identical between the two
conditions, whilst the lateral energy that could be related to the reflections of
the windows, is significantly lower when windows are open compared to the
reference, as one would expect. This signifies that the SDM is able to analyze
such fields and yield their spatiotemporal behavior of the field, which seems to
follow the theoretical explanations.

A series of informal listening experiments was also conducted where a num-
ber of acoustical conditions in car cabins were perceptually evaluated. The
method was found to provide an externalized sound field, as it made use of a
loudspeaker array, and it was capable of acquiring and adequately reproduc-
ing the frequency range of interest (20-20k Hz). These advantages directly
addressed the challenges raised with previously used methods. The acoustical

9where the the author of this thesis was a contributor
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3. Perceptual Assessment of Room Acoustics

Fig. 12: Example of measurements that were conducted in car cabins, where the interior
was physically altered.
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Fig. 13: Spatiotemporal analysis for two conditions in the car cabin, indicating the ability
of the method to identify the spatial distribution of energy over time in car cabins. Adapted
from Paper [B].

conditions presented evoked perceived sensations in both spatial and timbral
domain, as reported in Tervo et al. [70], and in more detail in [34], Paper [B].
It was also apparent that no technical inadequacies were audible, e.g., arte-
facts resulting to perceived noise or spatial unnaturalness, which is commonly
observed when spatially reproducing a sound field [10].

3.7 Evaluation - Decoding Human Perception
The last part of a perceptual assessment framework includes the evaluation
protocol where the stimuli are assessed and characterized by human assessors.
The evaluation process typically follows the form of a listening experiment
were the assessors are asked to quantify their perceived experience. These
observations are then contrasted to measurable physical features of the stimuli,
aiming to identify the relationships between them.

As it has already been discussed, reverberation is a highly complex sound
stimulus, described by a number of interdependent physical and perceptual
features. Thus, it is rarely possible to directly relate a physical measurable
quantity to the perceived experience in such investigations, especially when real
acoustical fields are in question. The perceived sensations in such experimental
designs would typically include a wealth of both timbral and spatial aspects,
relating to the enclosure, the source, and signals. This adds another layer
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complexity to the experimental analysis, decreasing the ability to relate the
perceived attributes (i.e. perceptual domain) to acoustical features of the field
(i.e. physical domain) and the global experience (i.e. affective domain).

In order to decompose the multidimensional character of the perceived
sound in enclosures several studies employed qualitative methodologies [4], e.g.,
structured questionnaires and interviews, where listeners described their per-
ceived experiences on paper, or verbally. These studies [10] have been funda-
mental in sound quality research and they further demonstrated the challenges
of defining the perceived sensations in single and quantifiable descriptors that
one can relate to physical and pragmatic quantities. These observations were
presented in Paper [A], highlighting that the vocabularies and attributes used
in the published literature include ambivalent definitions and labels, making
the generalization of the results a complicated matter.

It is agreed that employing human perception as a measuring instrument
imposes a number of biases that the experimenter needs to overcome. This
may include own references and judgments, as well as cognitive influences, e.g.,
mood. These potential biases could be limited by employing controlled and
repeatable evaluation protocols. That is, a protocol that follows the contextual
factors and applications of interest, resulting in domain-specific approaches.

Several audio evaluation protocols have been proposed over the last decades,
that one can categorize in two groups: (1) the Attribute-based, and (2) the Basic
Quality methods. In attribute-based methods, a list10 of perceptual attributes
is used to quantify the perceived sensations, what is referred to as Perceptual
domain by FM. In the contrary, Basic Audio Quality methods [37] seek to
quantify the perceived experience in a single measurable quantity, relating to
personal preference and likeness, what FM describes as an affective response.
Based on these principles several evaluation protocols have been established
and standardized including recommendations for the perceptual assessment of
small degradation of signals [37], coding schemes [38], and sound reproduc-
tion in ordinary rooms [42]. There is currently no standardized procedure for
perceptually evaluating room acoustics and their properties.

In an attempt to follow a well-structured and repeatable evaluation frame-
work, recent studies [5, 6, 71] have adopted Sensory Analysis (SA) methodolo-
gies [72], commonly found in food and wine industries. The major advantage
of these techniques lies on their ability to mathematically relate the physical,
perceptual, and affective domains in the same experimental design and in con-
sequence in a unified statistical analysis. That is, a multivariate decomposition
of the stimulus’ properties in all three domains, i.e., physical, perceptual, and
affective, in each domain separately, as well as merging the domains in a single
analysis. It is evident in the literature that these techniques allowed a novel
characterization of complex and multidimensional entities, whilst avoiding com-

10pre-selected or elicited
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monly encountered challenges, such as the erratic interpretation of verbal de-
scriptors, and uncontrolled personal sentiments and judgments.

The main research scope of this thesis was to identify and quantify the per-
ceptual aspects that dominate the properties of sound in the rooms of interest
and relate these, when possible, to physical alterations of the field, i.e., measur-
able quantities. As the perceptual aspects are multiple and not known a-priori,
the evaluation protocol to be employed, should be capable of decomposing the
perceived experience in separate attributes. Still, the protocol should provide
means to investigate the relationships between the identified attributes and the
physical quantities. These requirements are met by several verbal elicitation SA
methods, e.g., Quantitative Descriptive Analysis (QDA) [72]. However, these
are laborious procedures, requiring multiple experimental sessions. Thus, an
adaptation of these methods was considered in this study, the so-called rapid
SA methods [73, 74]. The method chosen, the Flash Profile (FP) [75], was
found to adequately meet the requirements of this exploratory investigation,
due to its limited experimental time required, the free verbal elicitation pro-
cess, and the absence of training procedures or requiring reference stimulus,
i.e., an optimal sound field. The details and rationale are given in Papers [B]
& [C].

Perception, Expectations, & Multimodal Processing

Every enclosed environment has a sonic identity [43]. Humans are evidently
able to identify the characteristics of their surrounding environment based on
information contained in the reverberant field [76–78] alone – in the absense
of visual input. However, in realistic environments this process involves both
visual and auditory information processes, where the visual representation ac-
counts for most [79]. It has been shown that visual information distorted human
judgment on auditory tasks including estimating auditory distance [80], spatial
impression [81, 82], and spatial width [83, 84]. Although humans are not of-
ten aware of these processes, especially when sound matches expectation [26],
it is well known that in a mismatch between aural and visual cues, one would
dominate, in an attempt to establish a known mental scenario [85], for example
based on memories of architecturally similar spaces [83, 84].

In fact, the human auditory system processes the information contained in
a reverbrant field to primarily serve a fundamental and evolutionary purpose,
what is known as Space Perception [85]. That is, the ability of humans to iden-
tify and define the properties of their surrounding environment [86], in order
to establish safety [85] and adapt their behavior [77, 87] to the environmental
factors. This involves multiple low-level processes and mechanisms, from sev-
eral modalities, all of which contribute to a mental representation and spatial
map of the surrounding environment.

It is therefore critical to respect that once a listener is exposed to a large
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concert hall, a car, or a living room his/hers perceptual and cognitive auditory
processes might be modified due to memory and expectations [50, 83], even
before auditory information is perceived. In consequence, the human assessor’s
judgments and sentiments may influence his/her responses to the acoustic prop-
erties of a signal or an experience.

In an experimental setting, e.g., in perceptual studies conducted using vir-
tual environments, this may require the assessment of an acoustical field to be
accompanied by a realistic visual and spatial experience, or a way to neutralize
the visual input when dissimilar environments are to be evaluated. Control-
ling the visual inputs, e.g., by blindfolding assessors, may not reveal a true
representation of a realistic experience, yet, it controls the interaction between
visual and aural inputs, whilst space perception is aided by aural information.

In this work, several steps were taken to address these factors. This included
a controlled experiment, where the experimental apparatus, room, purpose of
the experiment was kept unknown to the subjects. The listening experiment
was conducted in dark conditions and the assessor was separated from the ap-
paratus with an acoustic curtain, both during and in-between sessions. It is
understood that these aspects of reverberation and its properties are fundamen-
tal in perceptual evaluation and they must be considered in an experimental
design where an auditory response is to be evoked.

4 General Remarks

4.1 Limitations & Considerations
In the previous sections the major physical and perceptual aspects of rever-
beration were presented. It has been noted that several properties of the field,
e.g., the decay times, the strength of reflections, and the relative energy be-
tween early and late, could be quantified mathematically. These parameters
seem to alter the perceived experience, relating to multiple sensations in a non
predictable manner. This interdependence is also mirrored in the perceptual
domain, as the perceptual attributes are clearly not independent to each other.
These findings indicate that it is currently impossible to create an accurate per-
ceptual profile of an acoustical environment based on physical metrics alone, or
visa versa. This disconnection between the physical and perceptual domains
limits the ability to determine the relations to the affective properties of an
acoustical environment, that is, the attributes and parameters that could char-
acterize the overall human experience in a given environment. Following these
observations, the latest studies in the domain follow the conjoint investigation
of both the physical and perceptual properties of acoustical fields.

It is has also been apparent that the majority of the studies on reverberation
focused on geometrically large environments, typically described by prominent
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prolonged decays and the dominant sense of reverberance. Our research scope
seeks to study these effects in smaller acoustical enclosures that one encounters
every day, i.e., ordinary residential environments and automotive car cabins.
In the lack of perceptual studies in our domain of focus, it was a natural choice
to initially investigate the findings within spatial audio, architectural acoustics,
and psychoacoustics, and seek their applicability to our research interests. A
limited number of studies exist that directly assessed the properties of small
rooms as a complete sound field, in contrast to the plethora of research on large
performance spaces. As previously discussed, these spaces encompass acous-
tically divergent fields compared to typical listening environments that may
introduce several limitations in translating their results between the two do-
mains. To explore these assumptions, a literature review was conducted (Sec.
2-3 & Paper [A]) and attempted to identify common paths of reverberation
research. It further assessed the extent to which findings in large performance
halls translate to geometrically and acoustically smaller environments and stip-
ulated the factors that may drive their relationships.

The primary findings highlighted the physical differences between the two
domains that may influence the perceived sound experience. Based on this
evidence, it seemed unlikely that the previous findings in spatial audio research
and performance halls studies could be translated to our research interests.
Three major factors were found drive this divergence, namely:

1. Source & Signal Properties

2. Enclosure Properties

3. Human Biases - Expectations & Multimodal Processing

Moreover, several considerations of the state-of-the-art in perceptual assess-
ment of room acoustics were stipulated, and the challenges imposed by these
factors were described above in detail. In a series of exploratory studies, the
advantages and shortcomings of the major approaches were identified. These
motivated the design of a new experimental protocol, which aimed to address
the major shortcomings identified in the literature. The proposed protocol
comprised of a presentation of the sound field in a perceptually relevant way,
whilst the evaluation procedures were controlled, repeatable, and blind, based
on a robust scientific framework.
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5 Thesis Overview
The main topic of the work presented in this thesis is the perception of sound
in enclosures and the effects of reverberation11 per se. The research focus of
the current thesis was in geometrically small listening environments that one
encounters in every day life, such as domestic rooms and car cabins.

In order to address the specific research interests in such a wide subject
as reverberation, a deductive, top-down approach was followed. The effects of
room acoustics properties and human perception were first investigated and
directed the research focus on acoustical fields that could address our research
questions, as graphically shown in Fig. 14.

Perceived sound in enclosures

Focus on every-day enclosures

Focus on sound reproduction
in ordinary rooms
& car cabins

RoomAcoustics - Reverberation

Fig. 14: Rationale and deductive top-down approach of this thesis.

Part I of this thesis presented the rationale and background of this work,
leading to the identified limitations, and the experimental methods that were
followed in these investigations. In the next part of the thesis, the contribu-
tions are presented in four articles, and supplementary material is given in the
appendices. In the following sections these contributions are briefly presented,
and the major conclusions and limitations of the studies are discussed, leading
to proposals for future work.

5.1 Contributions & Dissemination
The main part of this thesis, Part II, comprises of a collection of four papers.
The first two papers focus on the literature pertaining the perceptual evalu-
ation of room acoustics, and the design of a novel experimental methodology
that met the requirements of this work and could address the proposed re-
search questions. The last two papers, include the results of implementing the
methodology in automotive audio systems, and in ordinary residential listening
rooms. Paper [E] and [F] contain related work to this thesis, given as supple-
mentary material in the appendix. The contributions are summarized in Fig.
15.

11In this work, we refer to reverberation as the result of the interaction between a sound
source and an enclosure.
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5. Thesis Overview

Background
& Motivation

Paper [A]
55thAES (2014)

Paper [B]
JAES (2017)

Paper [C]
JASA (2017)

Paper [D]
JASA (2017)

Experimental framework
& pilot findings

Addressing Research
Questions for automotive

Addressing Research
Questions for domestic

Experimental Methods Case Studies

Research Scope

Paper [E]
JAES (2015)
Acquisition of the field

using SDM (co-authorship)

Paper [F]
60thAES (2016)
Requirements & proposal of
experimental framework

Fig. 15: Overview of the work included in this thesis, in a chronological continuum.

In order to address the research questions proposed in Sec. 1.1, we employed
an iterative active research process [88]. Concurrent cycles were followed to
plan, act, observe, and reflect on findings so that the major research questions
were investigated in the best possible way. These cycles focused on understand-
ing the current state-of-the-art, which set the foundations of this investigation.
This allowed us to identify the limitations noted in the literature and design
a novel experimental method that could overcome these and address our re-
search interests adequately. Two case studies followed, which investigated the
perceived sound fields in car cabins and domestic ordinary rooms, respectively.

The initial work that was described in the previous sections, has been de-
tailed in Paper [A]. Motivated by these findings, Paper [B], detailed the re-
quirements for evaluating sound in the enclosures of our research interest and
presented a new experimental framework. Having established a perceptual
assessment framework, two case studies followed, investigating the perceived
effects within car cabins and ordinary listening rooms. In Paper [C], we im-
plemented these experimental procedures, to identify the effects of the main
acoustical compartments inside a car cabin on the perceived sound field. This
led to Paper [D], a study that focused on investigating the perceptual aspects of
reproduced sound in the most used listening environments [14], the residential
ordinary rooms.

The research undertaken in this PhD project is presented below, depicting
the directions followed during this work, ordered in a chronological continuum.
The summary of the contributions and their linkage to the research questions
is summarized in Fig. 16.

1. Paper A - Perception of Reverberation in Small Rooms: A
Literature Study
This work presented a comprehensive literature review in several domains
of perceptual audio, relating to room acoustics and reverberation per se.
The main aim of this study was the identification of trends and sim-
ilarities across the published literature, in disciplines relating to room
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Fig. 16: Summary of the contributions, based on the active research cycle [88].
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5. Thesis Overview

acoustics. That is, evaluating the possibilities that knowledge from other
domains could support our research scope, to perceptually characteriz-
ing small room acoustics. As studies directly addressing the volumet-
rically smaller environments, e.g., car cabins and ordinary rooms, were
limited, the work evaluated the scientific literature in spatial audio re-
production, psychoacoustics, acoustical measurements and the plethora
of studies linking concert hall acoustics to perceptual aspects of the sound
field. This provided a holistic overview of the most common perceptual
attributes relating to acoustical properties of the fields (RQ1). Several
studies identified relationships between physical parameters of the sound
fields and the major perceptual attributes that they evoke (RQ2), as well
as linkage and inter-relations of perceived sensations (RQ3). Based on
these findings, it was suggested that smaller environments comprise of
physical limitations that would affect perception in a dissimilar way than
in the domain of spatial audio and concert halls acoustics. Thus, the
applicability of the current literature to smaller rooms seem challeng-
ing. The study summarized the identified requirements to address our
research questions, and several proposals for a novel experimental design
were made.
This work was presented at the 55th International Conference of Audio
Engineering Society, on Spatial Audio, in Helsinki, Finland, August 2014.

2. Paper B - A Rapid Sensory Analysis Method for Perceptual
Assessment of Automotive Audio
Following the findings and suggestions of Paper [A] and a series of ex-
perimental studies, this work extended the initial proposals of a novel
assessment framework for evaluation of sound in the acoustical fields of
interest12. The paper presented the reviewed the current perceptual eval-
uation protocols in automotive domain and stipulated the limitations of
the state-of-the-art. A research framework was then proposed to directly
address our research questions. The method made use of SDM for acqui-
sition and presentation of the sound fields in the laboratory, aiming to
overcome issues raised in the literature, and our exploratory studies.
A rapid sensory analysis method, the Flash Profile (FP), was followed
for the perceptual characterization of the sound stimuli, where individual
vocabulary was used to identify and quantify the perceived sensations.
The experimental framework was then implemented to perceptually as-
sess automotive audio. The initial results were discussed, depicting the
advantages and limitations of the proposed methods.
This work has been accepted for publication in the Journal of Audio En-
gineering Society, Vol 134(1/2), 2017. Parts of this work can be found

12first described in (Paper [F])
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in Paper [F], describing the work presented in Proc. of the 60th Inter-
national Conference of Audio Engineering Society, on D.R.E.A.M.S, in
Leuven, Belgium, February, 2016.

3. Paper C - Perceptual Aspects of Reproduced Sound in Car
Cabins
In this work, the perceptual characterization of the acoustical fields in
car cabins was addressed, by implementing the proposed methodology,
described in Paper [B].
Automotive car cabins encompass a unique and somewhat hostile acous-
tical environment, comprising of challenges in both its physical and its
perceptual characterization. This is in fact, one of the major challenges
in achieving high quality sound reproduction in cars. The main pur-
pose of the study was the investigation of the extent to which acoustical
alterations in the car cabin influence the perceived sound field.
As comparing different car cabins whilst the reproduction system is iden-
tical was not possible, one car cabin was acoustically modified and twelve
acoustical fields were used in a listening experiment. Their perceptual
effects were quantified by expert assessors using Flash Profile. The per-
ceptual attributes relating to the acoustical modifications were identified
and analyzed, which highlighted the influence of several compartments
on the perceived experience, even in such a temporally-limited and dense
reflective environment. This work presented the most salient perceptual
attributes (RQ1) that related to acoustical fields within a car’s interior.
The quantification of these attributes in a ranking protocol indicated the
perceptual importance of certain physical alterations (RQ2), and possible
relationships (RQ3) between the two were proposed.
This work has been accepted for publication in the Journal of Acoustical
Society of America, to be published in 2017. Parts of this work were
presented at the 171th meeting of the Acoustical Society of America, Salt
Lake City, May, 2016

4. Paper D - On the perception and preference of reproduced
sound in ordinary listening rooms
In this work, the experimental framework described in Paper [B], and used
in Paper [C], was modified for evaluation of ordinary listening rooms. The
practical and statistical limitations identified in the previous works were
addressed allowing the interpretation of perceptual, hedonic, and physical
characteristics of these sound fields. A series of in-situ measurements
was conducted, leading to a database of nine acoustical fields, from four
standard listening rooms [42]. This included the response of four listening
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5. Thesis Overview

rooms, as well as a set of six sound fields originating from one room
that was physically modified. Ten expert assessors characterized and
quantified their perceived sensations to these fields, using Flash Profile.
These were then contrasted with measurable physical features of the fields
and the assessors’ preference. A multidimensional analysis was performed
and depicted the most prominent perceptual attributes evoked by the
presented fields (RQ1) and contrasted these to physical characteristics
that objectively described these sound fields (RQ2), and their relations
(RQ3). The preferences of these sound fields were also collected and
discussed.
The results highlighted the remarkable importance of reverberation in
small, ordinary, residential listening rooms, on the perceived listening
experience. The current findings depict a limited perceptual space for
these sound fields, where the decay time dominates the assessors’ evoked
sensations.
This work has been submitted to the Journal of Acoustical Society of
America, in November 2016, and as of December 29, 2016, it is cur-
rently under peer-review. Parts of this work were presented at the 171st
Meeting of the Acoustical Society of America, Salt Lake City, May, 2016.

The following works are provided as supplementary material for com-
pleteness.

5. Paper E - Spatial Analysis and Synthesis of Car Audio System
and Car Cabin Acoustics with a Compact Microphone Array13

In this exploratory work, we investigated applicability of acquisition and
presentation of the automotive sound fields using Spatial Decomposition
Method. A series of experiments is reported, and modifications of the
initial SDM algorithm were proposed to operate for near-field sources in
highly reflective environments. The reported experiments include phys-
ical and perceptual studies, confirming the applicability of the method
for assessing car cabin acoustics and automotive audio. Moreover, using
SDM analysis it was possible to physically characterize the properties of
the fields in a novel representation that conjointly presents spatial and
temporal properties of the field. Such approach was found to be highly
anticipated in automotive audio. These initial investigations led to the
design of a purpose-made laboratory and experimental apparatus which
was used in Paper [C] to perceptually evaluate automotive audio over
loudspeakers.

13The author in this paper is only a partial contributor.
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6. Paper F - A method for Perceptual Assessment of Automotive
Audio Systems and Cabin Acoustics
In this paper the initial experimental framework for assessing automotive
audio using SDM and rapid sensory analysis was presented. This work
combined our findings in Paper [A] and Paper [E] in which we discussed
the requirements for assessing these environments and we reported the
applicability of SDM in the acquisition and presentation of the sound
fields. In this work we introduced rapid sensory analysis, and defined the
requirements for the evaluation protocol. These were met by Flash Profile
protocol, which is described in detail. The practical implementation of
the method was then presented and pilot results were shown. This paper
was later expanded and accepted for publication in the Journal of Audio
Engineering Society (2017) (Paper [B]).

6 Summary & Conclusions
In this thesis, we investigated the influence of acoustical properties of typical
listening environments on human perception. These investigations addressed
three major questions relating to (a) the perceptual attributes that could char-
acterize these fields, (b) the physical properties of the fields that are likely to
influence human perception, and (c) the relationships between the physical and
perceptual properties of the fields. In order to address these, the thesis also
dealt with the appropriate methods to perceptually evaluate room acoustics
and a new experimental framework was proposed and implemented.

The following sections summarize the main findings of this thesis. The
first part, Sec. 6.1, discusses the research foundations and presents the re-
lated literature, leading to the rationale and motivation of the study. The
requirements and considerations that drove the development of a perceptual
assessment methodology are discussed in Sec. 6.2, and the key findings of
the two case studies are presented in Sec. 6.3. In the last part, the possible
limitations of this work are described and future directions are stipulated.

6.1 Research Foundation & Motivation
The first contribution, Paper [A], reviewed the literature pertaining the per-
ceived sound in enclosures, and assessed their applicability to our research
interests. The literature showcased a wealth of perceptual attributes for de-
scribing the aural experience in enclosures (RQ1), mostly relating to perfor-
mance spaces. Yet, most studies provided ambivalent definitions and labels for
these sensations, which degraded our ability to summarize the findings across
studies based on semantic equivalence. It was apparent that several research
streams used identical attribute labels to describe different perceptual sensa-
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6. Summary & Conclusions

tions, and vice versa. In Paper [A], the studies were summarized in terms of
given definitions. This allowed us to identify the commonly evoked perceived
sensations and summarize their interrelations as well as the proposed physical
parallels.

Nevertheless, the study highlighted the need for a common vocabulary to
perceptually quantify aural experiences. This finding is not novel in audio
evaluation. A number of vocabularies have been proposed recently, comprising
of well defined perceptual attributes that one can use for sound reproduction
[89], spatial audio properties [90], and virtual environments [91]. There is
currently no vocabulary available relating to the evaluation of the perceived
sound in enclosures, or reverberation per se.

In this thesis, we aimed to identify the most salient attributes that could
describe the perceived sensations when experiencing the acoustics of domestic
and automotive environments. As studies in these spaces were limited, the
initial review focused on the published literature in perceptual evaluation of
performance spaces and the cognate spatial audio research. This review has
shown that these diverse acoustical fields seemed likely to evoke sensations in a
dissimilar manner, than in smaller enclosures, that could relate uniquely to the
physical properties of each field (RQ2–3). It was therefore not clear whether
these attributes are applicable to smaller spaces, i.e., to our research interests.

The limitations in translating the accumulated knowledge to geometrically
smaller environments, motivated the exploration for a novel experimental de-
sign in which the relevant attributes could be identified and quantified per-
ceptually. The state-of-the-art in perceptual assessment of sound in enclosures
was then examined and the influencing factors were identified, as reported in
Sec. 3 and further in Paper [A] and [B]. These studies highlighted a fundamen-
tal trade-off in perceptual evaluation protocols. That is, the balance between
the ability of a method to evaluate as natural an aural experience as possible,
against its capacity to impose high variable control in the experimental factors.

6.2 Perceptual Assessment Framework
As reverberation is a multifaceted and complex entity it is difficult to control its
features, i.e., the experimental variables, independently. Thus, the majority of
studies focused on in-situ evaluation of real environments. There, the common-
alities between several environments were drawn in both the perceptual and
physical terms and their interpretation was attempted in a comparative man-
ner. It was clear, however, that whilst maintaining the ecological validity and
naturalness of the sound field, several non-auditory factors were introduced.
These include visual and spatial expectations, as well as affective judgments
relating to individual’s taste and memory. Similarly, the major contextual fac-
tors, e.g., the sound source, the signals, and the enclosure’s differences, were not
always possible to be systematically controlled, limiting the ability to employ
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repeatable and scientifically robust evaluation procedures.
Laboratory-based methods address these challenges by recreating the aural

experience in a neutral experimental space, where the human assessors could
simultaneously assess the stimuli presented. These experimental methods al-
low for repeatable protocols including systematic controls on the experimental
variables and factors. Hence, they effectively limit the influence of uncontrolled
biases that may occur, relating to human perception and cognition. This ap-
paratus, however, may limit the generalization of the results. That is, the
results and observations of laboratory studies could be challenged as the per-
ceived experience in the laboratory may not accurately reconstruct the in-situ
experience.

In this work, we followed an active research [88] approach in order to define
the requirements of the perceptual evaluation protocol. This allowed us to
identify a method that could best address our research questions by targeting
the limitations of the current methodologies. During this process our aim was
to follow a protocol where evaluation procedures were controlled, repeatable,
and blind, based on a robust scientific framework. Moreover, it was our aim to
present the sound fields in the most perceptually relevant way, so that both the
spatial and temporal characteristics of the fields were preserved to be evaluated
by human assessors.

That led to a proposal of an alternative perceptual assessment protocol that
included the acquisition, presentation, and evaluation of sound fields; detailed
in the second contribution, Paper [B]. The method made use of a hybrid ap-
proach where real sound fields were captured in-situ using measurements, and
spatially reproduced in a neutral environment over a loudspeaker array, shown
in Fig. 17. A comparative and blind perceptual evaluation protocol could be
therefore followed, where the major influencing factors, i.e., the source, the
signal, the enclosure properties, and possible cognitive biases, could be experi-
mentally controlled.

To address the multidimensional character of the sound stimuli during the
listening experiment, a rapid SA protocol, the Flash Profile was adapted for
audio evaluation and used to identify and quantify the perceived sensations
of human assessors. This protocol allowed for the perceptual assessment of
several acoustical settings, between and with-in enclosures, aiming to decode
the complex character of the physical features within the fields and the evoked
perceptual sensations.

The experimental framework that was followed in this work seems to over-
come previously noted challenges in perceptual evaluation of room acoustics;
related to acquisition, presentation and evaluation of such fields (Sec. 3). These
include the non-externalized sound when presenting the sound fields over head-
phones, as well as the audibility of technical inadequacies and artefacts that
limit the ability of the human assessor to relate the experience in a real life
scenario. Here, no attributes relating to technical issues were elicited when
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Fig. 17: An example of the experimental apparatus installed in the anechoic chamber. This
apparatus was used in the pilot investigations for automotive audio.

using the proposed framework, in contrast to previous laboratory studies [10].
This is a remarkable result considering that all assessors were product-experts,
i.e., critical listeners, and the scales and attributes were not fixed or defined.

Flash Profile has been shown to include several advantages that support
the evaluation of acoustical sound fields. The method requires no reference,
which is highly useful when comparing both with-in and between stimuli in a
single experimental setup, or when novel and unique systems are in question.
In addition, its rapidity meets the demands of the automotive industry without
affecting the underlying statistical analysis. It was shown that the physical,
perceptual, and affective responses can be merged in a summative statistical
representation, mirroring the multidimensionality of these sound fields. Fur-
thermore, FP makes use of individual verbal elicitation procedures, where each
assessor defines his/her perceived sensations using own descriptors that are then
used to quantify the magnitude of the perceived experience in a uni-dimensional
manner. This effectively eliminates the influence of linguistic and ambivalent
interpretations of the perceptual attributes, which were often noted in similar
studies.

All in all, this work highlighted the possibilities of the Sensory Analysis
methods for perceptual assessment of room acoustics, as well as the ability of
SDM to preserve the acoustical properties of the acquired sound fields. Having
new analysis tools, such as the spatiotemporal analysis provided by SDM, could
potentially lead to new investigations focusing on the spatial distribution of
reflections in a systematic way, and better understanding of the spatial aspects
of these fields.
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6.3 Case Studies
The third and fourth contributions, Paper [C] & [D], implemented the proposed
experimental framework in order address the proposed research questions (Sec.
1.1).

Paper [C] investigated the perceived effects within car cabin acoustics. Al-
though the car cabin has lately become a major listening space that humans
enjoy music in [14], the physical and perceptual characteristics of this environ-
ment are not well understood, and the research in the domain is very limited.
The complex geometrical and acoustical properties of a cabin form a unique
sound field. These acoustical features result to unreliable physical descrip-
tion of the field, requiring automotive audio manufacturers to rely heavily on
perceptually-driven methods. That is a process where manual sound tuning by
an audio engineer is followed, in order to design, optimize, and deliver a pleas-
ing experience to the listeners inside the cabin. Understanding the relationship
between physical and perceptual aspects of these fields will be a significant
advantage in this process.

This study has therefore focused on the effects of the acoustical properties
of the cabin, by imposing physical alterations on the interior of a car cabin.
This with-in cabin evaluation allowed us to investigate the effects of specific
alterations of the field on the perceived experience. The results indicate that
even slight alterations in the cabin, e.g., by reducing the reflective properties
of a boundary, have a noticeable effect in the perceived experience. It was also
shown that changes of the decay times, e.g., by altering the absorptive proper-
ties of the cabin, were observed by human assessors even at these marginal val-
ues (i.e. 80 ms). Such findings highlight the divergence of these environments
compared to typical rooms and the incapacity of temporal based metrics to
describe such fields physically. The identified attributes (RQ1) related to tim-
bral alterations, such as the perceived Bass and Brightness. Spatial attributes
were also evoked related to the sense of Ambience, Width & Envelopment, and
Image Focus. Several relations (RQ3) between the physical (RQ2) and the per-
ceptual properties of the field were identified and summarized in the article.
For example, it was shown that the decay times influenced the extent to which
the field was perceived as more ambient, whilst the windscreen properties had
a remarkable effect on spatial and timbral aspects of the perceived sound.

The last contribution, Paper [D], investigated the effects of the acoustics in
ordinary residential rooms. Aiming to evoke several perceptual attributes that
are likely to occur in such environments, nine acoustical fields were captured
in four standardized [42] ordinary listening rooms. Previous studies focused
on the effects of the interaction between the loudspeaker’s properties and the
room, as well as the audibility and influences of the first reflections. Here, these
factors were kept constant. The signals, sources, and the first reflection points
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were not modified14, aiming to focus on alterations of the field that relate to
the acoustical properties of the enclosure.

Using Flash Profile, a comparative evaluation was conducted where the
sound fields were evaluated. These fields were captured in four standardized
ordinary listening rooms, including six fields captured in a single room whilst
its physical properties were modified. In this study, it was possible to combine
both the physical, perceptual, and affective domains (discussed in Sec. 2.2) in
the same assessment protocol, using a rapid sensory analysis evaluation and
multivariate statistical analyses. These processes are described in detail in the
manuscript, Paper [D].

Two major dimensions were found to explain the perceived differences of the
evaluated rooms. The dominating sensations (RQ1) related to the perceived
Reverberance, Width & Envelopment, sources’ Proximity, as well as the per-
ceived low frequency content, i.e., Bass. The results indicate that alterations
of RT60 have an important effect on the perceived sensations (RQ2) as well as
the assessor’s preferences, highlighting the importance of recommended decay
times for listening rooms [42] (RQ3), and the subsequent standardization. In
terms of the assessors’ preferences, it was found that a critical value exists,
above which the experience is reported as less pleasing. The work presented
in Paper [D] further expands the research in sound reproduction in ordinary
rooms, and depicts the need for perceptual control in such settings. The influ-
ence of the room in a sound reproduction scenario seems to be crucial, and the
need for compensation schemes that address such degradation is eminent.

6.4 Limitations of the study
A number of limitations exists in this study relating to the methods, and the
limited research focus. It is important to acknowledge these, identify the cur-
rent pitfalls, and improve future studies.

In this work, we focused on certain applications, trying to capture the
essence of sound in the limited context of domestic and automotive environ-
ments, when excited by a typical sound reproduction system. The need for a
new perceptual assessment method was evident, which was then designed and
implemented based on the contextual factors of this study. In consequence, a
number of influencing factors was kept constant, though their effect is highly
important for these phenomena in real life. That includes the type of the exci-
tation signals, the source’s properties, the relative position between source and
listener, as well as perceptual and cognitive aspects, e.g., a multimodal expe-
rience. To better understand the effects of sound in domestic and automotive

14 the first reflection points were kept constant in the within-room investigations. Naturally
different rooms have different early reflection properties. The room’s properties and early
reflection points are summarized in Paper [D]
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environments, we unequivocally need more studies in the domain. This work
can only form a basis for further investigations in this field of research.

Further, SDM is a perceptually-based method. Although our results, as
well as previous results in concert halls [36, 92] and critical listening environ-
ments [67] resemble what one could experience in real life, indicating adequate
performance of the method, it is still unknown to what extent the physical
field is accurately reproduced. In this work several steps were taken to ensure
that the reproduced sound field matched the recorded one. This is possible
in terms of pressure under ideal conditions15. However, the method, assumes
that a point of the field resembles the true sound field. This is of course not
a physically valid statement. Moreover, the method compromises the spatial
distribution of reflections by assuming a discrete occurrence at each time point.

To explore these limitations, a series of physical analyses of the field was
conducted. Figure 18 shows an example of the spatiotemporal analysis of an
ordinary room, comparing the original sound field, as captured in-situ in the
real room, and the reproduced sound field, that was presented to the subjects
over a 40.3 loudspeaker array; this was the experimental apparatus used in
the presented investigations. It can be seen that the simulated field is not
accurately reproduced, especially in terms of its spatial representation (Fig.
18a). That is indeed an expected result, as the SDM discretize the space into a
finite grid, fitting close-by energy to the nearest loudspeaker16. The magnitude
response over the time and frequency, illustrate high similarity (Fig. 18b)
between the two fields, as well as the Impulse Response (IR), shown in Fig.
18c.

The modal effects of the reproduction room, i.e., the anechoic chamber, are
however apparent due to the chamber’s restricted size. This can be observed
in Fig. 18b as the lower frequencies (< 120Hz) of the simulated field are not
reproduced accurately, especially after 20 ms. This is not an unexpected result,
as the low frequency compensation applied at the listening position would only
affect the direct sound.

The IR between the simulated and original fields (Fig. 18c) share temporal
and amplitude similarities, indicating the ability of the method to deliver these
properties adequately. The simulated IR is notably less smooth, relating to
the IR imposed on the sound field by the electroacoustical properties of the 43
reproduction loudspeakers.

Although the representation of the field is not identical to the original, the
perceived sound field using this method has been characterized by all assessors
as natural and believable, some of which identified rooms and systems they
had experienced before [67]. SDM seems to provide a perceptually adequate

15SDM synthesis uses the pressure captured by a single microphone. The summation of the
spatially distributed pressure values will result to perfect reconstruction during the synthesis,
assuming ideal reproduction settings.

16Other techniques are possible, e.g. VBAP. Here, we followed nearest neighbor fitting.

42



6. Summary & Conclusions

Measured Sound Field Simulated Sound Field

Simulated

Original

Time [ms]

100 200 300 400

P
re
ss
u
re
[.
]

a)

b)

c)

Fig. 18: Physical analysis of the measured sound field versus the reproduced, i.e., simu-
lated, field in the laboratory. The measured sound field refers to the captured RIR using
two loudspeakers in stereo configuration in an ordinary room, using identical apparatus as
described in Paper [D]. The simulated field is the response of the 40.3 system, when the mea-
sured sound field is reproduced, i.e., what the listener would perceive during the experiment.
At the top, (a) the spatiotemporal analysis [69] shows the energy distribution in space, in
time intervals, where as (b) indicates these in terms of frequency. Finally, at the bottom (c)
presents the summed Impulse Responses of the two fields, i.e. the original pressure measured
in the room, and the pressure in the array when reproducing that field. NOTE: the original
sound field was captured at 192k Hz, where as the simulated was captured at 48k Hz due to
practical limitations. This explains the smoother response of spatiotemporal analysis (a) of
the measured response compared to the simulated one, at a certain extend.
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experience and an artefact-free representation of a 3D sound field17. Here, a
systematic variation of room acoustics was followed and both the analysis and
the synthesis of the fields matched our expectations, e.g., the physical results
in Fig. 13 and the results in Paper [C].

To the author’s best understanding the physical inaccuracies of the method
are not well perceived by the human listener, due to the limited spatial acuity
of the auditory system when exposed to complex sound fields. It is unlikely
that the hearing system would attempt to spatially distinguish discrete reflec-
tions that arrive in succession and coherence [45]. In fact, the hearing system
would follow Gestalt principles in such fields, in order to group several inputs
into meaningful and known auditory objects. This may relate to a perceptual
advantage of SDM compared to other spatial synthesis schemes.

The method’s ability to deliver uncolored experience to the human listener,
that is perceived as natural, may relate to Thiele’s Association Model [21]. As
the sound field is synthesized using SDM and reproduced over a grid of loud-
speakers the auditory system is able to recognize the perceived experience and
associate it with a real sound field. This is achieved by segregating the audi-
tory objects and combining the signals from all the reproduction loudspeakers
a single acoustical field. In consequence, although in practice a number of re-
production loudspeakers provide sound individually, their partial contribution
is perceptually merged into a complex sound field, rather than being identified
as discrete sources. This may highlight the ability of the SDM synthesis to
provide coherent signals to all loudspeakers simultaneously, so that the human
brain decodes these as a complete reverberant field.

6.5 Future Directions
The effects of sound in enclosures and reverberation comprise of boundless re-
search streams and several phenomena that are not well understood. Using this
work, its results, and applications as a basis, future work can expand in a num-
ber of directions. The exploratory approaches followed in the case studies could
be expanded in a more systematic evaluation of sound fields, where certain as-
pects of the fields are studied in detail. The evoked sensations could then be
contrasted to physical quantifiable metrics. For example, investigations in car
cabin acoustics could focus on the perceived effects relating to source-listener
positions, seat-to-seat variation, and human occupancy, to name a few.

In the work presented here, it was evident that the spatial distribution of
reflections has a significant effect on the perceived sound experience. That
is known to be influenced by the properties of the source. With current ad-
vancements in loudspeaker technologies, the interaction between loudspeakers’
directivity and enclosures could be explored. It is likely that the perceived

17 Perceptually artefact-free as no SDM studies have reported any attributes relating to
technical issues.

44



References

properties of a room, i.e., its acoustics, could be perceptually controlled by
such approaches, allowing a direct relation between a physical and highly con-
trolled feature, and the perceived experience at the listening position.

Additional studies should be conducted to further validate the methods
described in this work. The studies may focus on quantifying the limitations
of these protocols. It is understood that such approach in perceptual terms
is indeed not straightforward. To achieve this, the spatial reproduction of an
acoustical field is required to be comparatively evaluated to the real field, by
human assessors. Such approach is impractical and non trivial. One could
employ binaural recordings in both the real field and the simulated one, and
comparatively evaluate the perceived differences. Although such approach may
involve other challenges, e.g., lack of spatially externalized fields, it allows a
simultaneous and blind comparison of the fields in a relative manner, under
the same evaluation protocol.
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1. Introduction

Abstract
Reverberation is considered as one of the fundamental perceived properties of
an acoustical space. Literature is available on the topic and currently a range of
sciences have contributed in understanding the properties of reverberant sound
fields and the relevant auditory processes. This paper summarises the current
literature following a top-down approach. It identifies the perceptual aspects of
reverberation and attempts to establish links to physical measures, focusing on
small rooms. Results indicate that the current acoustical metrics often have
limited correlation to the perceptual attributes of reverberation and conclusive
measurement data is restricted, especially for small spaces. A proposal for
perceptually-based experiments is presented, aiming to further understand the
links between physical properties of rooms and their effects on perception.

1 Introduction
In enclosed spaces, the interaction between the sound source and the room’s
boundaries produce a distinctive sound field, which is commonly characterised
as reverberation. Reverberation is normally used as a global umbrella to de-
scribe a set of physical, perceptual and affective features of certain sound fields.
In the physical domain, a number of objective metrics describing the acous-
tic properties of reverberant sound fields have been established and standard-
ised [1–3]. However, what describes reverberation in the perceptual and affec-
tive domains -that is the human perception— is yet, not fully understood [4, 5].
This paper examines and analyses the published scientific literature related to
reverberation, in an attempt to identify the most important perceptual charac-
teristics of reverberant sound fields (Section 2), and seeks their relations to the
proposed physical metrics (Section 3). This approach will form the benchmark
framework for further investigation on the properties of reverberation aiming
towards the perceptual control of reverberant sound fields in typical-sized, do-
mestic spaces (Section 4).

As the direct investigation of the perceptual aspects of reverberation is
very limited for small rooms, it is worthwhile to evaluate the scientific liter-
ature in concert hall acoustics, spatial audio, psychoacoustics, and acoustic
measurement in an attempt to merge findings, identify common paths, and
seek the applicability of these relationships in every-day listening spaces. Here,
the literature is examined and analysed based on the principles of the Filter
Model [6–8]; the content of the paper will be categorised based on the two
domains of the model, the physical and the perceptual. A brief introduction
to the model is given below.
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Fig. A.1: The Filter Model, comprising three domains, physical, perceptual, and affective
separated by a sensory and a cognitive filter respectively.

1.1 Filter Model
According to the filter model (Fig.1), a physical stimulus (e.g. sound event) is
perceived after being filtered by our senses (e.g. hearing) resulting to a percep-
tual entity (e.g. auditory event). The percept also passes through a cognitive
filter, which represents the non-sensory factors such as mood, expectations,
and memory. One advantage of the filter model is the ability to estimate the
human affective response based on physical measurements, by using the percep-
tual domain as the bonding element. This approach effectively associates these
domains by dividing it into two steps. The identification of: (1) links between
the physical measurement and perceptual attributes — i.e. psychophysics and
perceptual models, and (2) the links between perceptual attributes and the
affective response for a given global percept — i.e. preference mapping.

1.2 Physical Domain - Reverberation
The physical basis of reverberation is briefly presented below, as several met-
rics reviewed in this manuscript are based on these principles. However, the
physical description of a reverberant sound field is not the focus of this paper,
and the interested reader is referred to [9, 10].

The Reverberant Sound Field

Reverberation was primarily thought to be a global acoustic behaviour of an
environment: the distinct prolonging sound caused by reflective surfaces and
slow speed of sound [9, 11, 12]; resembling what humans sense as Reverber-
ance. Through years of research it was clear that the perceived sound field,
as seen from the listener’s position, consist of two distinct stages. Figure 2
shows a simplified example of a RIR. Sound typically travels along the direct
path - towards the receiver - and it arrives after a propagation delay t. Then,
early reflections originating from nearby objects/boundaries (i.e. ceiling, floor,
sidewalls) arrive at the receiver. As the reflections spread in a finite space and

58



1. Introduction

speed, they interact with each other, effectively increasing the echo density over
time and decreasing their intensity. This interaction results to another typical
pattern of an RIR, referred to as late reflections.

Fig. A.2: A typical Impulse Response in a room.

It should be noted that in this paper ‘reverberation’ will be used as the
global descriptor of the acoustic behaviour of the room, unless otherwise stated.
The term ‘Reverberance’ will be used as a perceptual descriptor of sensing the
late part of reverberation. In the following text, the current objective metrics
used to characterise reverberant sound fields will be presented, followed by the
perceptual attributes found in similar literature.

Reverberation’s Objective Metrics

Research in acoustics, primarily in concert halls, initially focussed on the objec-
tive and physical characterisation of reverberation. Numerous physical aspects
and mathematical explanations of reverberant fields have been investigated and
their findings established common acoustic measurements such as Reverbera-
tion Time (RT), EDT, G, Early Energy Fraction (JLF ), Late Lateral Sound
Level (Jj), IACC, C50/80 and others [1, 3, 13]. These metrics target the quan-
tification of the average physical properties of the reverberant sound field in
concert halls, ‘providing a single number, which is relevant to at least some
aspect of the acoustical quality’ [14], p189. Recent studies [5, 15–17, 68] how-
ever, challenge the perceptual relevance of the established metrics while others
identify uncertainties, imprecision, inadequate frequency range, and errors in
acquiring and computing these parameters [5, 18–25].

It seems therefore central to revisit these relationships and attempt to define
the major perceptual attributes of reverberation per se. By establishing the
perceptual attributes of reverberation, the direct investigation on the percep-
tual relevance of the current and/or novel metrics could be performed following
a top-down approach, keeping the human perception as the core element of this
analysis. A stronger link between physical metrics and perceptual attributes
will enable a direct association between the physical properties of a space, ob-
jective metrics, and the final piece of the audio chain, the human listener. In

59



Paper A.

the next section, the perceptual relevance of reverberation is examined, and
the most frequently elicited perceptual attributes found in the literature will
be discussed.

1.3 Perceptual Domain - Auditory Perception
In search of capturing the essence of reverberation, fundamental work in con-
cert hall acoustics [26] revealed the importance of the time required for the
sound pressure level to decrease by 60dB from its initial level, the RT60. RT60
was related to the global perceptual attribute of Reverberance, a key indicator
of acoustical quality. This led to an ‘optimum value’ of RT [27]. Nevertheless,
over the last decades acousticians recognised that achieving perceptually “good
acoustics” was more than reaching an optimum RT. Lothar Cremer [28] illus-
trated that reflections’ properties hold high importance in reverberant fields,
such as their series of arrival, density, and their global decay characteristics.
Similarly, many studies supported this notion [29, 30] relating the early part
of reverberation to spatial characteristics of the field [31, 32], and more re-
cently [33] to even enhanced dynamic range of an orchestra. Following these
findings, acoustic research focused on understanding the perceptual mecha-
nisms of reverberation and its parameters, before addressing their physical
characteristics (see [5, 34, 35]). In these investigations several methods have
been applied to evaluate the perceptual aspects of reverberation and their prop-
erties. The major studies have conducted in-situ evaluations of concert halls
using questionnaires [36–41], laboratory-based studies intending to reproduce
hall acoustics [42–48], while others focussed on the recording and reproduction
techniques for reverberant and spatial fields [49–55].

Within the current literature there is a general agreement that reverber-
ation is not a one-dimensional phenomenon, but it is rather related to a set
of perceptual attributes all of which contribute to the acoustical identity of a
space (see [3, 36, 56, 57]). It is therefore understood that the perception of the
global acoustic behaviour of a room, namely its reverberation, is influenced by
certain perceptual attributes such as: the source’s apparent dimensions Depth,
Distance, Width, Size, as well as Timbre [58], Loudness [59], Distance [59–61],
Perceived Room Size [62], Clarity, Localisation-Diffuseness, Transparency, as
well as semi-abstract ‘immersive’ percepts [51], such as Warmth, Intimacy-
Presence, Fullness, Spaciousness, Envelopment, Reverberance and many oth-
ers.

2 Perceptual Attributes of Reverberation
This decomposition of the holistic experience of reverberation into several at-
tributes (i.e. Size, Timbre), can be thought as the process of visual face recog-
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nition [57]. A face can be perceived as a holistic entity i.e. a person’s face, while
it can be decomposed into individual attributes i.e. his/her eye colour. The
advantage of looking into individual attributes (i.e. eyes color) rather than
the global image (i.e. face) is that the perceptual aspects of the global and
complex phenomenon can be justified objectively even when a small sample of
human subjects is questioned. In this section, a non-exhaustive but represen-
tative summary of the most salient features of reverberation is presented (see
Figure 3) based on the frequency of occurence that they appear in the literature
reviewed. Following our research questions, the practical limitations, and the
scope of application for domestic spaces, attributes related to general quality
(i.e. Naturalness), attributes that are multidimensional by nature (i.e Timbre)
as well as technical-related attributes (i.e. Distortion) that are depicted in Fig-
ure 3, will not be discussed further. The attributes of interest will be presented
below following a cohesive order to aid the ease of reading, starting from high
level space-related attributes to lower level source-related attributes (see [51]),
rather than their frequency of occurence.

Fig. A.3: Histogram depicting the rank-order of 328 perceptual attributes found in elicita-
tion studies which were categorised in 74 unique terms.

2.1 Room Size
The apparent Room Size is fundamental in identifying the space we are in; a
psychological process known as space perception [63, 64]. The perceived room
size is believed to modulate our perception, cognition [65] and set our mental
state, even without us being aware i.e. when sensory input matches expecta-
tions [13]. Room Size has been identified as a significant attribute in spatial
acoustics and standardised as a perceptual rating in the multidimensional eval-
uation of spatial reproduction [66]. Recently [41] it was also found to be a
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mutual attribute in describing acoustic spaces by both acousticians and musi-
cians. The direct relationship between perceived Room Size and Reverberance
is well deceptive in the literature (see [62]). This link is also supported by the-
oretical acoustics [9, 26], measurements [26, 67], and perceptual studies [68].
Rumsey [51] noted that the perception of Room Size does not require strong
sense of Presence. In addition, Lokki et al. [4] suggested that Envelopment
and Room Size are elicited independently, explicitly disassociating the ‘sense
of being enveloped’ in a sound field and the perception of Room Size. Similarly
subjects were able to distinguish between the perception of Room Size and
Room Width and judge them individually [50].

Moreover, the Direct-to-Reverb ratio (D/R) is claimed to provide Distance
cues, though individual differences are clearly apparent when using this cue.
This variability is attributed to listener’s mistake of using loudness as the main
cue, while it is not a salient cue for Room Size [62, 69]. The majority of the
studies reviewed above, credit RT as the main cue for apparent room size.
Yet, the relationship between RT and increased physical size is not linear as it
has been demonstrated that the auditory perceived Room Size differs from the
physical, volumetric size [63, 70–72]. For example it is common to perceive an
empty room bigger than what it really is.

Following the literature, it can be argued that the physical size of the room
[71], the Acoustic Support (ST) originating by early reflections [60, 67] and
the related decay of the reverberant field (RT) have the most influence on
the apparent room size. However, the relationship is not linear [71], thus RT
should not be taken as the Lethe to perceived size. In fact, RT changes in small
rooms revealed no perceptual effect [67], indicating a possible influence of earlier
reflections. Further, it could be seen that the auditory system evaluates the size
of a room using different psychoacoustics mechanisms for different rooms [67];
an equivalent to perceived distance parallax (see [73]). It is therefore argued
that room perception is not simple and linear as the cross-modal interaction
plays a vital role in this process, by even violating classical acoustic theories.

2.2 Room Presence-Intimacy
Presence has been recognised as the perceptual sense of being inside an enclosed
space and feeling its boundaries [51] - a hearing-equivalent of ‘seeing’ the walls
of a room [36]. ‘Presence’, used mainly by recording/broadcasting engineers, is
thought to be equivalent to ‘Intimacy’ used in concert hall acoustics [36, 51, 74].
In this paper only the term Presence will be used.

Since the early investigations on listener’s preferences in concert halls [36,
37], Presence has been credited 40% of the overall quality in halls; compared
to 15% attributed on Reverberance [13, 34]. In fact, Letowski [75] includes
Presence as a major component of sound quality assessment. Following the def-
initions given in each study reviewed here, it is clear that perceptual attributes
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such as sense of space [55, 76], feeling of space [77], feeling of Presence [52],
Immersion [34], and Proximity [40] all relate to the perceptual experience used
to describe Presence. Sotiropoulou et al. attempted to link Proximity to Near-
ness and Envelopment in a single rating. However, it has been recently shown
that that Proximity and Envelopment form separate factors when assessing
concert halls [16]; similar findings were shown for Envelopment and Presence
in sound reproduction assessment [51]. Presence has also been used to describe
the Naturalness of a sound field [52, 67], an attribute that was later found to be
strongly correlated with Presence [50]. In fact, in the domain of virtual envi-
ronments, Presence and Immersion were sometimes treated as equal. However,
it has been argued that Immersion requires a self-representation in a virtual
environment, whereas Presence is a state of consciousness, a more high-level
psychological sense of being somewhere [78, 79].

The main contributor towards the perception of Presence is thought to be
the time period between the direct sound and the first reflection (see Figure
2), which is referred to as Initial Time Delay Gap (ITDG). The optimal ITDG
towards intimate environment is believed to be around 25ms in concert halls
[36], or 20ms in operas [80]. An alternative measurement known as Time-Delay
Spectrometry [81] was also used to investigate effects of ITDG in smaller rooms
(recording studios). These studies [82, 83] related ITDG with comb-filtering
effects due to early reflections summing.

Overall, Presence seems to be an important attribute contributing to the
‘sense of space’ as a natural habitat, in virtual environments, as well as being
a pre-requisite of Envelopment in an acoustic space [51]. Still, the robustness
of the current metrics (e.g. ITDG) is not well established, and standardised
methods are not available. The authors would therefore like to motivate in-
vestigations towards a more sophisticated and robust method in calculating
ITDG. For example, techniques used in signal processing for radar and sonar
applications such as Time-Delay Estimation [84] (see also [85]), could be em-
ployed. This may enable a direct evaluation of ITDG thresholds and perceived
attributes, such as Presence/Intimacy, based on objective metrics.

2.3 Spaciousness
In this paper, ‘Spaciousness’ is defined as the perceptual sense of feeling im-
mersed in an acoustic space, and the experience of being enveloped by its
reverberant sound field [57, 75, 86–89]. This sensation has been also expressed
as equal to or a part of Spatial Impression [44, 46, 52, 90–92], and Spatial Re-
sponsiveness [30, 93], which were all found to relate to the listeners’ preference
of concert halls and their perceived qualities [13, 36, 43, 55, 89, 91, 94–99], as
well as quality of sound per se [75, 100]. These immersive attributes are usu-
ally used as global, cover-it-all terms, and they cannot form a one-dimensional,
well-defined perceptual attribute that is needed in practice [51]. Still, if the
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linguistic and cultural ambiguities are omitted, it could be argued that most of
these investigations aimed to describe two perceptual experiences: (a) a modi-
fication of the perceived dimensions (Width/Size) of the sound source, and (b)
the sense of being enveloped and surrounded by the reverberant sound field. In
fact, Morimoto and Maekawa [90] demonstrated that Spaciousness (Spatial Im-
pression in their words) comprises of two major components. These components
were later identified as separable percepts attributed to the Apparent Source
Width (ASW) and Listener Envelopment (LEV) [46], and standardised [1] as
components of Spaciousness (see [101]).

There is a common understanding in the literature that Spaciousness is pri-
marily related to lateral reflections, hence, influenced by reflection’s properties
such as time, level, angle of incidence, spectrum, as well as the total sound
level of both reflections and direct sound (see [91, 93, 102]). Consequently, it is
argued that Spaciousness is influenced by fluctuations of Interaural Time Dif-
ference (ITD) and Interaural Level Difference (ILD) over time [87, 92, 103–107],
see also [17]. In addition Binaural Quality Index (BQI) [36, 108], a physical
metric based on IACC, was found to relate linearly to Spaciousness [109, 110].
Okano, Beranek and Hidaka [101] demonstrated that specific frequency bands
make different contributions to aural Spaciousness.

Nevertheless, the reviewed literature contends that Spaciousness should be
abbreviated as the global percept of feeling immersed, comprising of: a sur-
rounding impression (LEV) and a broadness effect (ASW) [51, 111]. Thus,
equating Spaciousness to a single aspect i.e. Width/Broadness of a source
[112, 113] should be avoided (see [87]). The specific properties of LEV and
ASW will be discussed below.

2.4 Listener’s Envelopment - LEV
Listener’s Envelopment (LEV) has been outlined in the literature as the percep-
tual sense of feeling in the centre of- [50] and surrounded by- [101] a reverberant
sound field; as the ‘analogous of swimming underwater than being sprayed by
a water hose’ [57]. LEV has been associated with the Degree of Fullness [99],
Room Impression, the extent of Immersion [114], and Immersion (see [115]).
Based on literature, one could identify a question that reappears in various
papers: ‘is envelopment a by-product of a very wide ASW?’. Similarly, Rum-
sey proposed [51] that envelopment should be classified as (1) Environmental
Envelopment – following LEVs definition, and (2) Source-related Envelopment
– describing the envelopment effect created by anechoic sound sources as found
in sound reproduction studies (see [51]). Nevertheless, LEV seems to follow
a combination of perceptual mechanisms, all of which contribute to a more
global percept of feeling enveloped and surrounded within the acoustic space;
an experience that is likely to increase immersion and preference in reverber-
ant environments. The physical properties of reverberation that influence these
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percepts seem to be the spatial distribution of reflections [99], including front-
back [116] and vertical directions [117], as well as the level of direct sound [62]
and the overall sound level at the receiver position [46].

2.5 Apparent Source Width - ASW
One of the fundamental perceptual characteristics of a sound source in a room is
its apparent Width. Width, or more commonly referred to as Apparent Source
Width (ASW) [1], and Auditory Source Width [118] describes the perceived
horizontal size of a sound source, and it has been defined as the spatially-
and temporally- fused auditory image of the original sound and early reflec-
tions [101, 119]. The perceived Width has been identified as a major compo-
nent of acoustical quality in several perceptual studies [16, 50, 60, 95, 120, 121]
and it is also included in acoustical quality standards [66, 122] under its most
common label of ASW. In fact, the rank-order analysis performed in this pa-
per, depicts Width as the most commonly elicited attribute in reverberant and
spatial sound fields. ASW has been associated to the sensations of Broad-
ness [31], Diffusion, Blurriness [96] and ambiguity in source angular Local-
ization [50] (see also [114]). Rumsey [51] argued that the signal properties
elicit different perceptual experiences, which may explain the confusion in the
literature i.e. the arbitrary definition of a ‘source’. He then proposed a scene-
based paradigm where he distinctly categorised width for (1) a single source
-– the Individual Source Width (ISW) -– (2) for a group of cognitively simi-
lar sources -– the Ensemble Width, and the (3) Environmental Width, which
the author linked to Spatial Impression (BSI), as defined by [87, 111], and
the human ability to isolate the reverberant sound fields originating from the
recording room and reproduction room, as individual entities; initially hypoth-
esised by [123]. The physical parameters of the ASW have been primarily
linked to early reflections’ level, direction, frequency content, and their struc-
ture (see [31, 51]), total Sound Pressure Level [30, 108, 109, 124] as well as
the source-receiver Distance [125]. Hidaka et al. [126] estimated the greatest
effect on enhancing perceived ASW from reflections at angles of ±60◦, while no
effect was found due to the reflections originating from behind [116] or above
the listener in both concert halls [117], and domestic listening rooms [127].
Similar to Spaciousness, the proposed ASW metrics primarily follow the bin-
aural properties of the human auditory system in both temporal and frequency
domains [17, 87, 92, 103, 106, 107, 111, 128, 129]. The most prominent metrics
include IACC [1, 130, 131] and simile i.e. Degree of Interaural Cross Corre-
lation (DICC) [132], BQI [23], and Interaural Coherence (ICC) [19, 103, 104].
Links were also established with newer metrics such as JLF [1, 91, 108], G, com-
bined JLF and G known as Degree of Source Broadening (DSB) [13]. Moreover,
ITD [133, 134] and loudness measures [135, 136] were also related to the percep-
tion of ASW. Still, the standardised estimations of the perceived ASW include
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several imperfections, resulting disengagement to the perceptual experience.
These imperfections might be linked to the claimed frequency dependency of
ASW [31, 91, 92, 137], as well as its influence by Distance which are not consid-
ered by these calculations [21, 125]. In fact it is argued that there is no reliable
relationship between 1-IACCE or JLF with perceived ASW [5, 21, 125] in its
current form.

Overall, it is evident that although ASW is a well-defined perceptual at-
tribute describing the perceived dimensions of an auditory event, the current
physical metrics encompass high level of uncertainties [21, 125], which challenge
their perceptual relevance per se. The inclusion of human auditory processess
in the estimations i.e. binaural processing (i.e. ITD, ILD [138]), frequency de-
pendent Interaural Correlation ( [139]), and the Precedence Effect may enable
better estimation of the perceived ASW.

ASW Vs LEV

Although ASW and LEV have been identified as separate attributes, they both
contribute in a more global percept, Spaciousness. Thus, it is argued [111] that
it is unlikely to perceive a room as spacious (i.e. ‘large’ and ‘open’) if only one of
the two attributes is elicited. Further, the arbitrary boundary point 80ms [1]-
100ms [3] between early and late energy in halls, as well as practical issues
with standardised methods (see [19]), point towards the need of more research
in the area, especially when different sized rooms are considered. Perhaps,
measures such as Echo Density [58] and Centre Time (Ts) [1] may indicate a
more perceptually relevant temporal boundary between LEV and ASW.

2.6 Source Depth
Depth is a perspective-sense, which is identified mainly, but it is not limited to,
reproduced sound [51]. Although, it has been considered as an elusive concept,
as some listeners may have difficulties to perceive it, several studies suggest
that during elicitation test, subjects described [52] and drew [140] sources as
being curved and flat. Depth can be thought as a source’s dimension, but
concurrently the apparent Depth of the room may also elicit this sense. In
fact, Rumsey [51] proposed an attribute known as Environmental Depth and
attempted to relate Depth to Spaciousness -as defined by Griesinger [111]. The
perception of Depth for a sound event has been attributed to frequency de-
correlation [52, 140] and lateral reflections produced by components lower than
3KHz are responsible for the perception of Depth [103]. It has been also been
noted that the directivity of a sound source influence the Depth of a sound
even in a sound reproduction system, where directivities close to dipole have
the biggest positive influence on perceived Depth [141].
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2.7 Source Distance
Distance, is considered as an aspect of source localisation mechanism [142] a
natural practice of our auditory system. In the literature attributes such as
Nearness [77], Presence [51], Closeness [143], seem to have been used as linguis-
tic alternatives of perceived Distance. It is noted that although reverberation
normally degrades localisation abilities, the distance perception is believed to
be enhanced [144]. In fact, room reflectivity [145, 146], and especially the early
reflections play a major role in Distance perception [147], whilst the number of
reflections [73], as well as the angle of incidence [124] influence this relationship.
Auditory Distance perception has been also linked with D/R [61, 148] (when
RT is high enough [149]), Spectrum (for familiar sounds [150, 151]), and binau-
ral cues [152]. Moreover, it is argued [147] that loudness is not a major cue of
Distance in typical rooms, as one would expect; this was also demonstrated in
concert halls [153, 154], even under blindfold scenarios. This disconnection be-
tween perceived distance and the actual physical distance [147] could be linked
to a loudness memory that humans seem to posses. This memory produces a
crude estimation of the Distance if required [155, 156], even following only a
visual mental reference [70] and other non-audio cues (i.e. vision, familiarity,
expectation). It is therefore evident that humans use several cues [156] in Dis-
tance estimation, the weighting of each is highly adaptive (see [148]) and the
related perceptual constructs seem multidimensional.

3 Discussion
The perceptual relevance of reverberation is highly apparent in the acoustics
literature, and the current research focus has been shifted towards understand-
ing perceptual aspects of reverberant sound fields rather than purely physical
metrics. These studies highlight the importance of attributes related to early
reflections, and more specifically the reflection pattern they exhibit [36, 60].
Still, perceptual characteristics of sound are difficult to epistomise and the lack
of common vocabulary make it difficult to merge studies’ results. Nevertheless,
following the descriptions given in each study, this investigation revealed the
most commonly elicited attributes in revebrant sound fields and several links to
objective measurements have been presented (Section 2). A graphical summary
is provided in Figure 4, depicting the perceptual attributes discussed in this
manuscript and their relationships found in the literature. In the next para-
graphs, the central topics are addressed, and the identified issues within this
stream of acoustic research are discussed. The applicability of these findings in
small rooms is reviewed (Section 3.1) and a proposal for perceptual-based ex-
periments for reverberation in such rooms is presented (Sections 4-5), including
considerations and points of attention.
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3.1 Small Vs Large Rooms - Applicability
The physical differences between large rooms (i.e. auditorium) and small rooms
(i.e. living room) will be discussed, as a tool to identify common paths and
differences to our findings. These differences can be categorised by their three
main causes: (1) the physical parameters of the propagation medium (i.e. the
room), (2) the characteristics of the sound source used to excite the room, and
(3) the psychological and psychophysical properties of the receiver, the human
listener.

Fig. A.4: Paper overview based on the perceptual attributes presented. Large circles denote
the fundamental attributes, while the small circles indicate their possible subcategories. Lines
indicate the links between attributes as found in the literature.

The Medium - The Room

Due to lower volumetric dimensions, the typical RT in domestic spaces is much
lower than a typical hall. These differences also influence the echo density of the
reverberant soundfield in small rooms, exhibiting frequency irregularities and
modal behaviour especially at Low Frequencies [10, 123]. The shorter lengths
between boundaries in domestic rooms, impact the temporal distribution of
reflections, introducing shorter ITDG, as well as stronger and distinct early
reflections. Moreover, the first reflections typically originate from the floor and
ceiling, rather than lateral directions as in concert halls (see [157]). Based on
the reviewed perceptual attributes (Section 2) these characteristics are likely
to influence the perception of Distance, ASW, Presence and apparent Room
Size in smaller spaces. Moreover, it is expected that some objective metrics
used in concert halls may not be suitable for smaller spaces. The temporal
discrimination between early and late reflections at 50/80ms is not ideal, con-
sidering that most of the reflective energy in small rooms occurs within the first
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50ms [111]. Thus, common measures that follow this strategy such as Early
Interaural Cross-Correlation (IACCE), BQI, and C50/80 may not indicate the
appropriate measure of their related subjective impressions. The Centre Time
(Ts) [1], a measure of the energy distribution over time, may serve as good
measure for the physical boundary for early/late reflections.

The Source - Loudspeakers or Orchestra

In both halls and listening rooms, the scope is to experience music. However, a
major difference between domestic rooms and concert halls is the sound source.
In a hall the source is typically an orchestra based at a specified and acous-
tically designed area. In small rooms a reproduction system is involved, and
the room’s design requirements often discard acoustical performance. Conse-
quently, an additional set of parameters is added which modify the perceived
acoustical experience (for review see [123, 127]). Imperfections of the transduc-
ers, their placement, directivity, and performance of the system also influence
the perceived experience (see [157]). Moreover, the perceived sound includes
at least two distinct reverberant fields, that of the recording room, and also
the reproduction one. Still, listeners are able to distinguish between the two
independently [51, 123]. In conclusion, techniques used in concert halls, for
example the use of a single omnidirectional loudspeaker to simulate the sound
source, may not reveal perceptually relevant results.

The Receiver - The Human Listener

The surrounding environment is found to alter humans’ cognitive processing
(i.e. emotional state, alertness). Moreover, humans have certain expectations
of the acoustics of the room [69] and have already memorised schemata to aid
faster processing of complex scenarios; even for typical reproduction setups,
such as 2ch. stereo [158]. This preconception may create inattentional blindness
to auditory cues [159], as well as information suppression due to the already
established space characteristics from other inputs such as vision [160, 161]. It
seems therefore important to remove these biases in subjective evaluations of
small room acoustics, for example by conducting the experiments in ecologically
valid rooms, in matched visual and auditory environments, unfamiliar rooms,
and/or blind setups.

3.2 Dealing with Perception
In order to tackle the issues related to reverberation, one needs to deal with
physical acoustics as well as perceptual acoustics. The existence of a non-linear
and highly adaptive processor within our auditory system, the brain, makes the
establishment of direct relationships between numbers and perception some-
what impossible. Hence, human responses are fundamental in understanding
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the perceptual relevance of physical parameters, and in consequence reverbera-
tion properties per se. Having human subjects as the measuring instruments in-
troduce interpersonal differences, based on taste, beliefs, experience, value, and
need [162]. In addition, there is no common vocabulary for acoustic stimuli, and
we mostly borrow words from other senses (i.e. warmth, clear, muddy) [163].
Even the most cited terminology of perceptual attributes in acoustics [36], has
been described by the author as a ‘non-accurate depiction’. This ambivalent
interpretation of data is very limiting [18] and generalisations are problematic
even when identical contextual factors are used. Fortunately these limitations
have been known in other industries (e.g. food, wine) and tools like Sensory
Evaluation [164] make it possible to extract objective information often hidden
behind people’s global judgments (i.e. preference).

Summary of Experimental Techniques in the Perceptual Domain

The majority of published studies in the perceptual domain aim to provide a
model, where subjects make judgments about the acoustics of certain rooms.
Over the last decades several techniques have been employed, which can be
roughly categorised in three major groups: (1) in-situ evaluation (2) Auralisa-
tion / Laboratory settings (3) Combination Multichannel recording/reproduction
techniques. Conducting in-situ evaluations of live performances in concert halls
seems the most ecologically valid scenario, as its purpose and provided set-
tings match the reality. However, it includes many uncontrolled parameters,
as halls differ in a myriad of ways (i.e. shape, structure, materials), orchestra
performances are rarely repeatable (i.e. dynamics, tempo), and the required
test-to-test period expands to days, introducing cognitive issues (i.e. memory,
mood, expectation) [165] making it difficult to pinpoint direct influences. More-
over, the standardised objective metrics, which are effectively the independent
variables of such evaluation cannot provide the whole picture but averages for
certain parameters of the sound field. Conducting laboratory-based evalua-
tions overcomes numerous shortcomings of in-situ evaluations, as it includes
standardised source, signals, listening environment, and direct comparison of
different halls. However, these methods often miss realism due to lack of visual
input and imperfect reproduction while subjects have certain demand char-
acteristics (see [51]), i.e. an orchestra in a room should sound like subjects
are expecting it to. It is apparent that perceptual attributes elicited in these
studies relate to technical inadequacies, i.e. noise, distortion, spatial distribu-
tion. A new hybrid concept of a ‘loudspeaker orchestra’ presented in a series
of papers by Tapio Lokki and his group (see [166]), seems to overcome several
shortcomings of both techniques while sourcing the merits of both in-situ and
controlled laboratory settings. This approach could be applied in a scalable
system for smaller rooms.
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4 Further Work
The aim of the study was to formulate our initial investigation on the percep-
tual attributes of reverberation, by using existing relationships as a key frame-
work and benchmark, towards further experiments in the perceptual control
of reverberant sound fields. It is apparent that perception is highly important
in understanding reverberation, but dealing with perception includes various
biases, as well as a trade-off between controlled settings, and ecological validity.

Sensory Analysis methodologies found in food and wine industry [164, 167]
have been successfully applied to acoustical research over the last decade [4,
7, 16, 33, 167–173] and they seem to provide more accurate information about
perception of acoustical features, avoiding linguistic, subjective, and biased
responses as discussed above, in a well-structured and scientific framework
(see [7, 170]). The advantage of these techniques in investigating such com-
plex phenomena lies in their ability to extract information normally hidden
behind hedonic and affective judgments. It seems therefore a well-suited set
of techniques for investigating human’s responses to different reverberant fields
in small rooms. Considerations in further work should include the standardis-
ation of the sound source (i.e. a typical directional speaker), lifelike, dynamic
and time-varying signals, systematic alteration of certain room parameters, as
well as to provide as realistic scenarios as possible (i.e. providing visual input,
including head-tracking). Moreover, the existence of two categories of listen-
ers’ preference in reverberant settings [4, 38, 43, 44] should also be considered;
individual vocabulary techniques maybe used [76, 174]. Last but not least,
the requirement of Sensory Analysis of simultaneous comparison of ‘ tasting
samples’ – i.e. this paper’s rooms with different reverberant fields – suggests
that these settings must be recorded and reproduced in the laboratory. In-situ
evaluation will not reveal reliable results due to limited auditory memory, and
other reasons already discussed above. Following these findings, a systematic
experiment will be further performed aiming to verify perceptual attributes of
reverberation and their thresholds, based on realistic, yet controlled settings.

5 Conclusions - General Remarks
This paper summarises the published literature on reverberation following a
top-down approach, from high level conceptual attributes to lower level met-
rics, physical description of reverberant fields. This investigation included a
representative set of relevant works in concert hall acoustics, in-situ and in lab-
oratory settings, as well as psychoacoustics, acoustic measurement and spatial
audio research. As the published literature is plentiful, we examined and anal-
ysed the most important results that fall in the perceptual domain of the filter
model. Here we presented a summary of the most salient perceptual attributes
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already identified in the literature as well as any possible direct relationships to
physical, and affective domains. The identified perceptual aspects presented,
aim to provide not necessarily an exhaustive list, but a characteristic ranked
sample of perceptual attributes and senses related to reverberation, as an at-
tempt to provide a key framework for further research. In the interest of this
study it has been apparent that several major perceptual attributes seem to
relate highly to properties of the auditory system such as Precedence Effect,
masking, spectral and temporal binaural processing, as well as other cues (i.e.
vision, expectation, episodic memory). Such mechanisms should be considered
by objective metrics, and thresholds (JNDs) should be identified for the major
perceptual and objective aspects of reverberation, towards efficient and robust
characterisation of reverberant sound fields.
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1. Introduction

Abstract
Today’s car audio systems encompass some of the latest sound technologies
available, capable of delivering unique and novel aural experiences. It remains
unclear whether current perceptual assessment protocols follow this trend and
their ability to fully capture the human sensations evoked by such systems is
questioned. This paper reviews the applicability of existing assessment proto-
cols in today’s systems and draws upon the identified limitations. It further
reports the design and implementation of a new method to perceptually inves-
tigate the properties of automotive audio. The method uses Spatial Decompo-
sition Method for acquiring, analyzing, and reproducing the sound field in a
laboratory over loudspeakers, allowing instant comparisons of automotive au-
dio systems. A Rapid Sensory Analysis protocol, the Flash Profile, is employed
for evaluating the perceptual experience using individually elicited attributes,
in a time-efficient manner. A pilot experiment is presented, where experts, ex-
perienced, and naive assessors followed the proposed procedure and evaluated
three sound fields. The current findings suggest that the method allows the as-
sessment of both spatial and timbral properties of automotive audio. This may
form a scientific framework for characterizing the acoustical qualities within
the automotive environment and stipulate research paths to better understand
these sound fields.

1 Introduction
Over the last decades the automotive industry has been focusing on identi-
fying and improving the major factors that influence the sensory experience
within the vehicles. As a consequence, the study of sound quality in auto-
motive audio systems has been brought into the limelight [1]. Although sound
quality research has established and standardized a plethora of assessment pro-
cedures [2, 3], protocols for automotive audio are yet to be defined. Here, the
published literature on the past and current practices is reviewed, aiming to
stipulate new approaches and encourage a general framework for automotive
audio assessment.

The highly complex and acoustically hostile environment of a car cabin [4–6]
hinders the effectiveness of standard objective metrics [7], lacking robustness,
repeatability, and perceptual relevance [8, 9]. This has naturally led to the
use of the human auditory system as a major instrument in developing and
evaluating car audio. Aiming towards a high quality aural experience, car audio
manufacturers normally employ perceptual assessment protocols to characterize
and optimize these sound fields [10].

In the lack of standardized evaluation procedures [11], automotive audio
assessment protocols adopted paradigms from sound quality research in rooms.
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Fig. B.1: Basic principles of perceptual audio assessment.

As a consequence, the majority of the studies have been focusing on compara-
tive evaluation of system properties. For example, towards the electroacoustic
properties of the transducers, signal processing algorithms, and equalization
settings [11–17], whilst attaining a perceptual experience similar to a conven-
tional listening space, such as a mixing studio or a listening room [13, 18].

Yet, the car cabin is far from a common listening environment [13, 14, 19].
Compared to a typical listening room [2], the car cabin is characterized by a
small volume, highly reflective surfaces that contrast with the inner absorptive
upholstery, complex geometry, limited and often sub-optimal placement of the
sound sources, as well as asymetric and dissimilar acoustical paths.

In addition, current car audio systems comprise of highly advanced loud-
speaker grids [1] capable of delivering novel and environment-specific aural
experiences. This trend surpassed the development of sound reproduction in
typical rooms, increasing the dissimilarity of the two scenarios.

One could therefore challenge the applicability of the current perceptual
assessment protocols for automotive audio evaluation [20]. New experimen-
tal frameworks should be developed, with the restrictions and specificity of
the automotive environment in mind. That is, methods that would allow the
identification and quantification of human perception even when the properties
of the sound fields are foreign to the human ear, i.e., percepts that are diffi-
cult to estimate a priori. Such approaches may enhance our understanding of
these fields, and stipulate perceptually relevant ways to address the subsequent
degradation.

This paper proposes a research framework for perceptual assessment of au-
tomotive audio, targeting the evaluation of both the properties of the repro-
duction system and the acoustical properties of the car’s interior (e.g. cabin).
First, a brief literature review is presented in Section 2 where past and current
protocols are discussed, their limitations are identified and potential improve-
ments are proposed. A new experimental method is then presented (Sec. 3)
including a pilot verification experiment (Sec. 4) where the initial results are
shown. Several remarks of the method including limitations and future work
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are discussed (Sec. 5), followed by the concluding remarks of the study (Sec.
6).

2 Background

2.1 Perceptual Assessment in Automotive
The aim of perceptual assessment is to investigate the relationships between
measurable physical quantities, and the perceived sensations. In the domain
of audio these protocols comprise of three major components: the acquisition
of the signal to be investigated, its presentation to human assessors, and the
evaluation protocol where assessors’ responses are collected. The principles of
audio assessment protocols are summarized in Figure B.1. Typically, each ex-
perimental protocol follows the given contextual factors and limitations of the
study in a way that the physical data collected during acquisition and the per-
ceptual data collected during evaluation could be combined, and a relationship
could be established.

Audio research has demonstrated a wealth of protocols for assessing audio
material, which one could categorize into two major groups: the In-situ and the
Laboratory-based methods. In-situ evaluations describe the protocols where the
assessor evaluates the perceived sound in the intended natural settings, e.g.,
listening to an orchestra in a concert hall. In the laboratory-based methods,
the signals are captured via measurements or simulations, and a presentation
scheme is followed to recreate the sound field in a neutral environment, e.g. in
a laboratory via headphones or loudspeakers.

In the following section, the literature on perceptual assessment of auto-
motive audio will be examined, following the three basic elements of audio
assessment, the acquisition, presentation, and evaluation. The analysis aims to
identify the limitations of current practices and stipulate new approaches that
would overcome such constraints.

2.2 Acquisition & Presentation

In-Situ Methods

Considering the complex acoustics and the multi-sensory experience of a car
cabin, the in-situ evaluation is the most straightforward approach. In fact,
automotive industry has been conducting in-situ evaluations since the early
days of car audio. Though, it was soon realized that exposing assessors in a car
cabin introduces strong biases caused by non-acoustical factors, e.g., size, price,
brand, interior materials [11, 21, 22], that are likely to affect assessors’ judg-
ments. Shively [14] proposed a blind in-situ procedure where the non-acoustic
feedback of both the interior and the exterior of the car was highly controlled.
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Later, a ‘placebo’ [23] method was introduced aiming to force assessors into
evaluating stimuli in random phases, under an in-situ sighted protocol.

A major shortcoming of in-situ assessment protocols, is the restricted ability
of conducting instant and double-blind comparative evaluations [21]. Cecchi
et al. [24] addressed this, by proposing a cabin-based apparatus that allowed
the evaluation of signal processing algorithms under simultaneous and con-
trolled comparative protocols, yet within the natural environment. However,
the method cannot be extended in investigations where physical alterations are
in question, e.g., cabin acoustics or loudspeaker placement.

One could argue that several car audio systems could be compared via in-
situ methods, as far as the contextual factors are identical. Yet, the access
to prototype cars is limited and such approach has not been followed [12, 13].
Instead, Olive [18] proposed the use of a reference listening scenario in a room,
as a common comparison baseline against automotive audio systems.

Nonetheless, these protocols inherently include long test-to-test periods be-
tween the different cars or system settings. Based on the restricted auditory
memory [25], it is likely that in-situ evaluations may influence the experimental
results in an uncontrolled manner, for example following the assessor’s mood
and expectations [20, 26]. Moreover, comparing multiple systems or cars would
require repeated and sequential experiments, hence, longer experimental times.

Laboratory-based Methods

The direct response to the constraints of in-situ protocols was the develop-
ment of laboratory-based methods. Laboratory-based methods aim to impose
higher control on both auditory and non-auditory parameters, whilst ensuring
repeatability and scientific validity. This is normally achieved by providing
standardized source and signals, fixed listening environments and settings, and
simulations or measurements to capture the car’s sound field.

Although utilizing acoustical simulations in automotive audio assessment is
highly anticipated [27, 28], current methods are not able to adequately char-
acterize the cabin’s acoustical field [29]. Automotive audio has therefore fo-
cused on measurement-based methods. The majority of these methods require
the acquisition of the sound field in a car cabin using microphones, typically
employing dummy-head recordings. The obtained signals are then used to re-
produce the binaural field over headphones. An extension of the method has
been also proposed, the so-called Binaural Car Scanning (BCS) [11–13, 21, 30].
BCS allows for natural head-movements during evaluation, by dynamically
updating the appropriate measurement angle, based on the assessor’s head-
orientation [31] during the evaluation. BCS overcomes the practical limitations
of in-situ evaluations, and allows simultaneous comparisons between car cabins
or audio systems, in a simple and repeatable framework. It therefore remains a
valuable tool for car audio assessment, especially when the investigation focuses
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on a quantification of perceived intensity differences between systems.
The fundamental disadvantages of binaural techniques include the acousti-

cal modification of the acquired signals due to the physical properties of the
dummy-head and the inherent necessity of headphone-based playback. That is,
the Head-Related Transfer Function (HRTF) of the dummy-head used during
acquisition, may not fit the anthropometric properties of the human assessor
during evaluation. This reduces the degree of externalization [32] of the sound
source, leading to what is known as in-the-head perception of sound. This un-
natural effect limits the degree of true perception of the investigated field [33].
Hegarty et al. [12], have shown that several spatial alterations in car audio
systems were interpreted as timbral, even by expert assessors, questioning the
validity of BCS when the spatial properties of the field are investigated.

Moreover, the physical constraints of headphone transducers limit the ex-
tent on which low frequencies could be reproduced accurately. This results in
timbral and level differences between the acquired and the presented field [34].
Also, it restricts ‘whole-body’ vibrations, a sensation known to influence the lis-
tener preferences in binaural reproduction of rooms as well as car cabins [35, 36].

Obtaining Impulse Responses (IRs) with a dummy-head imposes several
practical limitations. The analysis of the captured signal is restricted due to
the embedded HRTFs, increasing the difficulty of applying standard analysis
metrics. Moreover, the requirement for repeated measurements at different
dummy-head orientations yields hundreds of measurements per source. Such
acquisition may last several hours for a stereophonic setup. Even when it is
desired to capture single transducer IRs, the thermal effects of the transducers,
and the cabin, would make it rather difficult to perform accurate repeated mea-
surements, suitable for BCS. Therefore, BCS methods of individually measured
transducers are not followed.

2.3 Evaluation - Experimental Design
The final stage of a perceptual assessment comprises the evaluation of the
stimuli. Typically it follows an experimental procedure where assessors’ evoked
sensations are quantified. The majority of audio evaluation protocols lies upon
the indirect collection of human responses in verbal, graphical, or written form
[37].

Many studies on automotive audio focused on the evaluation of the global
quality of the sound field i.e. using Basic Audio Quality (BAQ) protocols
and Preference scales [38]. Later, studies expanded on parametric evalua-
tions, where the specific sound characteristics that influence the assessors’
preference were sought, by evaluating audio material based on perceptual at-
tributes. Initially these investigations adopted attributes from other domains
of audio [23, 39, 40], followed by the implementation of elicitation techniques
[41, 42] where a number perceptual attributes for car audio systems were iden-
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tified [10, 12, 43].

2.4 Summary & Motivation
By examining the literature one could realize that automotive audio assessment
protocols balance on a trade-off between the requirements of high ecological
validity and direct, single-dimensional control of the contextual factors and
parameters.

In car cabins, the complex sound field requires stimuli acquisition in the
form of measurements, or in-situ evaluation under real conditions. When as-
sessing car audio in-situ, a number of non-auditory features introduce many re-
strictions during evaluation. Similar to other streams of audio evaluation [20],
following a laboratory-based approach where a captured signal is recreated in
neutral conditions seems to provide flexible and well-controlled experimental
designs. For automotive audio, such method would allow the assessment of sev-
eral automotive audio systems, cabins, and their properties in a comparative
double-blind protocol. These benefits can be considered superior to the in-situ
methods, which rely on assumptions of flawless auditory memory.

Evaluating the general satisfaction of human perception is useful for bench-
marking processes, yet, the specific sound characteristics that influence the
subject’s preference remain unknown. Using verbal descriptors, known as per-
ceptual attributes, one could focus on singular auditory percepts of the sound
field, avoiding cognitive biases relating to human’s expectations, preference,
and sentiments [37]. As car audio systems may deliver novel experiences to the
human ear and specific to the car environment, such techniques would improve
our understanding of the perceived field, by providing sensory information nor-
mally hidden behind hedonic and affective judgements.

It is therefore desirable to develop new experimental designs that would:

1. Be able to evaluate both the physical and the electrical properties of auto-
motive audio systems, e.g. electroacoustical modifications and acoustical
properties of the car’s interior, in simultaneous, double-blind comparative
protocol.

2. Provide means for physical quantification of such alterations.

3. Employ acquisition and presentation schemes where both the spatial and
timbral characteristics of the field are preserved and provide flexibility to
commonly used rendering schemes.

4. Allow the evaluation of uncommon and novel sound experience; still, meet
the practical limitations of the automotive environment, i.e. fast, flexible,
and efficient in both acquisition and evaluation phases.
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3 Experimental Method
This section describes the implementation of a new methodology for acquiring,
presenting, and evaluating automotive sound. It is the paper’s intention to pro-
vide a general research protocol for the automotive audio, where the limitations
identified in Sec. 2.4 are addressed. Here, several steps were taken towards a
more adaptable and flexible perceptual assessment method, by incorporating
new approaches in both the acquisition and presentation of the sound field, as
well as the evaluation procedures.

The acquisition and presentation stages of the method are based on the
Spatial Decomposition Method (SDM) [44, 45]. SDM is a spatial analysis and
synthesis scheme, where the IRs obtained by a compact microphone array are
analyzed parametrically, in terms of instantaneous pressure, time, and direc-
tion of arrival. Applying SDM in cars may introduce three major advantages
over the previously discussed methods. First, the spatiotemporal analysis of
the SDM data may enable a better understanding of the behavior of the cabin’s
sound field. The additional physical quantities and visualization capabilities of
SDM [46], could be used as a physical metric when the perceived spatial prop-
erties are investigated. Second, it allows reproduction of the analyzed sound
field over loudspeakers, addressing several issues of headphone-based playback.
The spatial responses can be then reproduced with any rendering scheme e.g.
Vector Based Amplitude Panning (VBAP) and High Order Ambisonics (HOA).
Last but not least, SDM synthesis makes use of a single omnidirectional pres-
sure microphone rather than beamforming or directional processing techniques.
That is, the pressure used to synthesize the field originates from a single omni-
directional microphone, whereas the DOA calculation uses all six microphones
on the array. In consequence, the reproduced sounds is not altered (e.g. col-
ored) by the characteristics of the receiver, as commonly encountered when
using directional microphones and dummy-head apparatus.

The requirements identified for the evaluation procedures for automotive
audio assessment, seem to depict the need of Descriptive Sensory Analysis
(DA) [41] techniques. DA combines the sensory characterization of the stimuli
and the quantitative rating of the associated perceptual attributes within the
same framework. Such methods have been successfully applied in audio, e.g.,
in concert halls [47, 48], spatial audio reproduction through loudspeakers [30,
42, 49] and headphones [50], hearing aids [51], and active noise cancellation
[52]. DA encompasses attribute elicitation methods where human assessors are
able to epitomize and appropriately quantify their sensations for the given set
of stimuli, by defining their own perceptual attributes. Therefore, it allows
the perceptual assessment of novel experiences, without the need of a priori
quantification of the evaluation attributes. That is, the requirement of the
experimenter to pre-select possible attributes to be used by assessors as scales
during a parametric evaluation.
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Although such techniques seem to suit the needs of automotive audio assess-
ment, they require extensive training per product, as well as multiple sessions
per assessor [41]. The time restrictions within the automotive environment
limit the use of common DA techniques, even if their outcome would be ideal.
Addressing this time limitation, one could employ the recently developed Rapid
Sensory Profiling techniques [26]. In this paper, Flash Profile (FP) [53, 54], the
most closely related rapid method to conventional DA profiling [26], is adapted
for audio evaluation within the automotive environment. FP allows the listener
to quickly elicit new, and non-limited attributes, which is a significant advan-
tage compared to lengthy consensus attribute elicitation techniques [41] or fixed
attribute lists (e.g. [2]) that may not reveal the full perceptual experience of
the presented stimuli.

The methods and experimental procedure in the following sections serve
as an example of the proposed framework. The following sections provide the
details of each stage of the method, followed by a pilot experiment, for reasons
of completion, as an implementation example of the proposed procedure.

3.1 Acquisition - In-situ Car Measurements
In order to obtain the acoustic characteristics of a sound reproduction system
in a car cabin, in-situ recordings are required. For this study, measurements
were conducted in a four-door sedan equipped with 17 band-limited trans-
ducers (5 tweeters, 7 mid-range transducers, 4 woofers, 1 subwoofer) and a
multichannel automotive amplifier. The feed to the individual transducers was
post-processed (i.e compensation delays, equalization) to represent a typical
production car, equipped with a tuned, premium sound system.

An open spherical microphone array (G.R.A.S VI-50) comprising of two
coincidental microphones on each axis, separated by 25 mm, was positioned at
the driver’s seat, at the average seating position [55]. The microphone probe
was aligned to match the position of a dummy-head seating in the car - the
center point of the head and ears’ height. The distance between the microphone
array and the headrest was set to 15 cm.

The IRs were measured in a way that the (electrical) input to the amplifier
was measured by the electrical output of the microphones in the cabin. This
type of measurements is referred to as Vehicle Impulse Response (VIR).

The VIRs were measured for each transducer, using a 5 s logarithmic sine-
sweep method [56] at 192 kHz sampling rate using an RME UCX multichannel
sound interface. The measurements were performed at 82 dB (C-weighted
RMS) estimated using the forward facing microphone of the array, with sys-
tem default settings. The electrical output of the measurement system was
kept constant for all transducers. The car measurements were conducted in a
temperature and noise regulated garage at Bang & Olufsen’s premises.
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3.2 Presentation

Spatial Analysis and Synthesis of VIRs

The spatial analysis and synthesis procedures followed in the current paper,
are described in detail in a recent report [45], where the applicability of the
SDM in cars was discussed and physically evaluated. SDM divides the sound
field into spatially discrete elements of a preset analysis time window. As the
native SDM assumes a wide-band source i.e. a typical full-range loudspeaker,
it is normally recommended to use as short window as possible [44]. In this
experiment the captured VIRs were band-limited, due to the type/size of each
transducer in the cabin (Section 3.1). Hence it was possible to implement a
custom-length (L) analysis window based on the properties of the transduc-
ers. For each transducer type, L was set to span three periods of the shortest
wavelength in the reproduced frequency band. This allows a more accurate spa-
tial decomposition of band-limited near-field sources - an important advantage
when analyzing such complex sound fields as in car cabins.

Reproduction Protocol

SDM provides a spatial analysis and signal encoding for a given set of VIRs.
The resulting data allows auralization of the sound field using a given spatial
rendering scheme over loudspeakers, or Binaural Synthesis based on anechoic
HRTFs. In this paper, the synthesis of the SDM-encoded spatial IRs was
implemented using the Nearest Neighbor (NN) loudspeaker approach, similar
to [57].

The performance of the system when NN is employed is highly benefited by
a physical arrangement where the placement of the loudspeakers is based on
the spatial analysis of the sound fields under investigation; automotive audio
in this case.

Reproduction Setup

For new types of synthesized acoustic environments, designing the reproduc-
tion loudspeaker array can benefit from the spatial analysis with SDM. This
approach allows the experimenter to better understand the structure of the
original sound field and design an optimal reproduction layout. For this study,
individual analysis of the captured VIR was employed, to ensure that the direct
sound as well as reflections from the cabin’s surfaces are preserved in the best
possible way, during the reproduction phase. This included the aforementioned
VIRs in addition to a database of twenty car cabins and system types.

The analysis followed a systematic comparison of both objective and percep-
tual metrics. The spatiotemporal energy distribution in time intervals [46] of
each measured VIR was combined with the corresponding weighted energy error
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Fig. B.2: Diagram of the reproduction loudspeaker positions. The loudspeakers are placed
on a spherical surface with a 1.55 m radius. The positions are left-right symmetric, and their
positions (azimuth, elevation) are: 0,0; 11,-10; 22,0; 32.5,-15; 45,5; 55,-10; 65,0; 75,-10; 90,0;
120,-10; 135,10; 0,30; 40,40; 90,30; 115,30; 135,30; 150,55; 0,90; 55,-40; 120,-45; 150,-35.

estimation. This error term, results from assigning instantaneous VIR pressure
to the NN loudspeakers instead of their absolute position given by the SDM
analysis. The perceptual assessment focused on three perceptual constructs,
spectral fidelity, temporal integrity and accuracy of spatial representation for
two auralization sets: a full car audio system, and single transducers (see [45]).
Attention was also given to the electroacoustic properties of the loudspeakers
and the spatial acuity of the human hearing system, ensuring a high level of
detail in the frontal plane, whilst maintaining the perceptual qualities from all
directions.

For the final auralizations a 40.3 loudspeaker system was specified (see Fig.
B.2). The setup comprises of 40 full-range (Genelec 8020C) and 3 Subwoofers
(Genelec 7050B). One could note a second layer of loudspeakers at lower ele-
vation (-10◦) in the frontal plane (-70◦ to +70◦). Naturally, the direct sound
paths in the car cabin originate from lower elevations, as typically no trans-
ducers are placed at the ear level, and this was also evident during the spatial
analysis of the VIR.

The magnitude responses of the loudspeakers in the reproduction array were
confirmed in-situ, to lie primarily within ±1.5dB; including a low-frequency
compensation (<200 Hz). Each loudspeaker was level-matched at the listen-
ing position, within ±0.5 dB (C-weighted RMS), using 5 s pink-noise. It is
noted that the inherent inconsistencies in the physical placement of the loud-
speakers introduce different times of arrival at the listening position. It was
therefore required to ensure that the acoustic delay between any loudspeaker
and a microphone at the listening position was temporally matched.
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Reproduction Environment

When assessing spatial audio over loudspeakers, it is necessary to limit the
acoustic influence of the reproduction room, on the reproduced sound field
that is intended to be evaluated [37]; as it is known to be perceptible by listen-
ers [58, 59]. This is normally achieved by ensuring that the reproduction room
is characterized by a lower reverberation time compared to the room that is
being reproduced. Due to the nature of the sound field in a car cabin and the
very short reverberation time [29], the experimental setup used in the imple-
mentation of the current method was installed in an anechoic chamber (B5-
104) located at Aalborg University. The chamber is designed and constructed
to host simulation setups with human occupancy, and it is treated with ab-
sorption wedges that are 0.4 m long. Its free inner dimensions are 5.0 × 4.5
× 4.0 m. The chamber meets the requirements for anechoic performance [60]
down to 200 Hz. The experimental apparatus was covered with absorption
material to eliminate any reflections from the structural installation.

Visual Influence

When assessing virtual acoustics, it is important to understand and address
the cross-modal behavior of the human brain. The relative importance be-
tween information within each modality (i.e. vision and hearing) is known to
alter our perceptual processing [61]. This has been recognized in room acous-
tics research [62] in both in-situ and virtual acoustics assessment [63]. In a
mismatch between visual and auditory cues, it has been argued that visual
information may dominate the auditory sense [64]. In virtual spaces this was
found to be a crucial component of user acceptance [65].

In this study we aim to reproduce a highly complex sound field which is nat-
urally unique to car cabins, under laboratory settings. To limit possible cross-
modal biases, such as visual influences, a number of steps should be followed.
These controls should aim to reduce the visual influence of the experimental
apparatus, to the reproduced sound field.

3.3 Evaluation - Flash Profile
The experimental design follows the principles of Flash Profile (FP). FP com-
prises of two parts: 1) the elicitation of attributes and 2) the ranking of the
elicited attributes.

Flash Profile - Elicitation

During elicitation the assessor is asked to provide a non-limited number of
verbal descriptors that capture the perceptual characteristics of the stimuli set
under investigation. It is vital that the assessor focuses on this procedure, and
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define verbal descriptors that are singular, non-hedonic, and scalable, whilst
they do not exhibit redundancy [37, 41].

(a) Interface during Elicitation (b) Interface during Ranking

Fig. B.3: User interface during the two phases of the experiment. Buttons labeled with
letters A-L provide switching between signals. The whole experimental procedure is self-
paced and self-controlled.

FP requires the whole stimuli set to be available to the assessor at all times.
However, when assessing audio material the evaluation of acoustic conditions
requires an excitation signal (program), i.e. music, speech, or noise [37], as each
type of signal excites the conditions differently. As a consequence the stimulus
is a product of a Program type (i.e. music) and a Condition (i.e. timbral al-
teration). To address this issue, it is recommended that during elicitation, the
assessor has the option to change the program material whilst the order of the
presented stimuli is maintained. This would allow assessors to explore subtle
perceptual differences between specific conditions over a variety of programs,
in the minimum time possible. Thus, the interface (Fig.B.3a) includes anony-
mously labeled stimuli (e.g. A-L) and the available program material, which
assessors could select at any point during this phase. The order of presentation
should be randomized between assessors.

Flash Profile - Ranking

During the ranking phase the assessor is asked to order the stimuli presented
based on the perceived intensity differences of the given attribute. Each given
perceptual attribute forms a block of n trials (one trial per program material).
At this phase, the presentation order of the stimuli, as well as the program
material, should be randomized on each trial, following typical audio evaluation
conventions [37]. The graphical interface is shown in Fig. B.3b.
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4 Pilot Experiment
The section above described a method for perceptual assessment of automotive
audio in terms of acquiring, analyzing, reproducing, and evaluating the sound
field. For reasons of completion, a brief description of a pilot study using
the proposed method is included. The experiment investigated the ability of
the method to assess automotive audio over basic alterations, as well as the
influence of the assessor’s expertise on the experimental procedure.

The example below demonstrates the perceptual effects of modifying the
acoustical field in a car cabin, when altering the DSP settings as well as the
physical properties of the cabin. Three system configurations were presented to
the assessors: audio system without DSP processing (No Equalization), audio
system with DSP processing (Reference), and audio system with DSP pro-
cessing while the front side windows were open (Front Windows Open). The
DSP processing included equalization of the transducers, delays, and individ-
ual tuning of the magnitude responses, set by an automotive sound engineer
(tonmeister). The condition which included DSP processing and no physical
modification of the cabin, labeled as reference, serves as the baseline and rep-
resents a premium production car audio system.

4.1 Materials & Apparatus
For this pilot experiment the car measurements were processed with the method
described in Section 3.1.

Music material was then convolved with the corresponding 40.3-channel
SDM responses. Here, only one program is included (Armin van Buuren feat.
Ana Criado - I’ll Listen), for simplicity. In a complete study, multiple program
types should be included. The playback was based on multichannel 24-bit PCM
reproduction, sampled at 48 kHz.

The assessor was given a tablet (iPad) controlling MAX 7 via MIRA remote
interface, shown in Fig. B.3. The reproduction room, setup, and calibration
measurements were identical to the aforementioned settings in Sec. 3.

As mentioned in Section 3.2, when reproducing sound fields in the labora-
tory, the visual influences of the experimental apparatus should be addressed.
Here, the experiment was conducted in dark conditions and any acoustic feed-
back of the space was controlled. In addition, no information was given to
assessors about the experimental room, the loudspeaker setup, and the content
of the stimuli as recommended [26].

Assessors

Six assessors participated in the pilot experiment: two expert assessors, two
experienced assessors, and two naive assessors [66]. Experts assessors (As1,2)
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had more than 15 years of experience (Mean = 17.5) in acoustical development
and critical listening; with the last 10 years focusing on automotive audio
systems. Experienced assessors (As3,4) had between 3 to 6 years of experience
(Mean = 4.5) in audio evaluation and acoustical research but no experience in
automotive audio. Naive assessors (As5,6) reported no prior experience with
audio evaluation or technical knowledge on the subject. All assessors were
male, aged between 26-43 (Mean = 32, s.d = 6.2). The assessors’ hearing
sensitivity was confirmed with standard procedures [67] to be above 20 dBHL
at 125-8000 Hz.

In the case where assessors were not familiar with verbal elicitation proce-
dures, an introduction was given and the assessors performed verbal elicitation
for a set of visual stimuli.

4.2 Results
Figure B.4 presents the perceptual responses, i.e., the sensory profiles, of all
assessors for the three acoustical conditions used in the evaluation. Overall, it
can be seen that all assessors identified both timbral effects and spatial differ-
ences between the presented stimuli and created similar profiles. Remarkable
timbral differences can be seen between the conditions of no equalization and
reference. Similarly, alterations of spatial properties were identified for the
condition where the windows were open. Opening the front windows revealed
less prominent timbral effects, compared to no equalization, yet, they were
identified and rated accordingly by most assessors.

One should note that in FP, the elicited individual vocabulary of each as-
sessor is used as given by each assessor, in contrast with consensus methods
were a common vocabulary is defined and used by all assessors. Thus, the
semantic meaning of each attribute used in FP, is unique to each assessor. It is
expected that the scaling, the extreme intensities (scale anchors), and the per-
ceptual constructs underlying the ratings may differ across individuals. That
makes the direct comparison across assessors a non trivial matter, even when
the same label was used [68]. To limit possible ambiguities of attributes’ labels
and identify relationships between descriptors given by different assessors, each
assessor provided definitions and anchors for their attributes. The definitions
are summarized in Appendix (Table B.2).

Here, a limited number of attributes is selected for comparison, where their
definitions and anchors indicate strong relationships across assessors, and tangi-
ble relation to physical quantities was possible (i.e. low frequency alterations).
This would allow a basic comparison of individually elicited attributes across
multiple assessors, in order to provide holistic insights within this exploratory
investigation.

As shown in Fig. B.4, no equalization condition seem to strongly affect
the perceived bass content, indicating lower intensities for Bass QuantityAs1,
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Fig. B.4: Sensory profiles depicting the assessors’ responses for the three acoustical condi-
tions. To limit scaling effects between the assessors and allow comparisons the raw data were
centered and normalized (Mean = 0). The attributes’ definitions are given in Table B.2.
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Fig. B.5: Spatiotemporal visualization [46] based on the directional energy response of the
system, for Reference (a) and Front Windows Open settings (b).

Fig. B.6: The total magnitude response of the car audio system at the listening position
for (1) Reference, (2) No Equalization, and (3) Front Windows Open conditions.

Amount LFAs2, Resonance LFAs2, BassAs3,4,5,6, and Tactile BassAs4, compared
to the reference. Less prominent alterations at low frequencies were identified
by assessors for front windows open. All assessors, independent of training
experience, have equally identified these differences at the appropriate intensity
levels. The perceptual data come in agreement with the known physical changes
between these two conditions, shown in Figure B.6; compared to reference, no
equalization condition included differences up to 20 dB, whilst front windows
open condition was limited to 3 dB in that frequency range.

Further, assessors indicated that no equalization has a negative effect on
attributes related to the feeling of sound arriving from multiple directions
e.g., EnvelopmentAs1, SpaciousnessAs3, and the ability to locate the sound
source, given by Source FocusAs1, Image FocusAs2,and Frontal BalanceAs4. The
source’s positioning and focus was also indicated as alteration of the perceived
width, e.g., on Stereo WidthAs1, WidthAs2, Stereo EffectAs5, Splitted SourceAs6
and WidespreadAs6. Moreover, assessors identified noticeable differences for at-
tributes relating to the ratio between the energy coming from the front and back
directions, such as Rear ImageAs1, Front Back RatioAs4, and FrontalnessAs5.
The above perceived differences across the assessors indicate spectral and level
imbalances in the no equalization condition, compared to that of the reference.
The identified differences are amongst the common characteristics that sound
engineers aim to improve using DSP processing, as in the presented reference
condition. One should expect such perceptual effects to be altered in the ab-
sence of DSP processing.

Based on previous investigations (see [20]), altering the front side windows
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is likely to affect perceptual attributes relating to Apparent Source Width and
Distance. Due to changes in the volumetric properties of the cabin [13], the low
frequency behavior should also change. Figure B.5 shows the spatiotemporal
analysis of reference condition and when the front windows were opened. It
can be seen that the energy originating from sides ( ±60◦) is decreased when
the windows are open, for the first three time intervals. It also noted that the
overall reproduction symmetry of the system would be affected based on the
depicted energy distribution after the first 20 ms.

The perceived differences (Fig. B.4) seem to depict similar observations, as
opening the front windows reveals high intensity on spatial attributes such as
the perceived Front ImageAs6, Stereo WidthAs1 and WidthAs2,4, compared to
the reference condition. Timbral effects have been also noted by most assessors,
indicating decreased bass content. Interestingly, although opening the windows
shows changes on the perceived HeightAs1, Above FeelingAs2, and DistanceAs2,
removing the equalization reveals no such differences. This follows the current
understanding, as the perceived distance is known to relate to lateral reflections
[20], and such differences could not be easily elicited by simple equalization
settings.

Table B.1 reports the explained variances per dimension for each assessor,
using Principal Component Analysis (PCA) [70]. The more trained assessors
were able to identify the perceptual differences, and rate them with attributes
that support both dimensions (Dim. 1 ≈ 65%, Dim. 2 ≈ 35%). The judg-
ments of less trained assessors were primarily explained by the first dimension
(≈ 85%), and much lower second dimension (≈ 15%). To further analyze
this finding, the correlation of the attributes to the identified dimensions was
also calculated, given as the Correlation Ratio (CR). This metric effectively
indicates the quality of the given attributes and the ability of the assessors
to quantify and differentiate the perceived sensations in the multidimensional
space. The CR for the second dimension is marginally lower for naive assessors,
than the experts and the experienced. That denotes the enhanced ability of
the trained assessors to conduct the experiment reliably, with well supported
attributes, as noted before [54].

In terms of the assessors efficiency, the current observations suggest that
the more trained assessors were able to perform the experiment in less time,
as shown in Fig. B.7. Experts spent less time during the elicitation procedure
compared to the less trained assessors. This confirms the advantage of using
trained assessors in such protocols, due to their enhanced ability to efficiently
identify and verbalize perceived differences, in the auditory domain.

Overall, the current results indicate that the assessors perceived the physi-
cal changes in an expected way and they are in close agreement with previous
elicitation studies in automotive audio [12] and spatial audio reproduction [20].
It should be noted that the data presented here is an illustrative set to initially
assess the method proposed, and should not be used to conclude findings about
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As Dimension 1 Dimension 2 CR Dim.1 CR Dim.2
1 67.03 32.97 80 50
2 61.88 38.12 75 50
3 70.74 29.26 80 40
4 68.83 31.17 89 44
5 84.60 15.40 91 9
6 81.90 18.10 69 15

Table B.1: Results of Principal Component Analysis for each assessor. Correlation Ratio
(CR) refers to the percentage of the well correlated attributes (R > |0.5|) to a dimension,
noted as (C), divided by the total number of given attributes of that assessor (T ) i.e. C

T
×100.

Fig. B.7: Time required for each assessor to perform the elicitation and ranking phases of
Flash Profile.

car acoustics, due to the limited contextual factors. An in-depth analysis of
car acoustics and the experimental setup should follow this preliminary inves-
tigation, to further validate and establish the experimental protocol applied.

5 Discussion
Although experiencing automotive sound in-situ is unequivocally a true refer-
ence to reality, in practice it could be employed in a limited number of scientific
investigations, e.g., comparing different equalization and signal processing al-
gorithms within a cabin. Expanding in-situ protocols to investigations of phys-
ical parameters (i.e. loudspeaker placement, cabin acoustics) is impractical and
highly laborious. Even if made possible, it would inherently include long test-
to-test periods, contrasting the basic requirements of perceptual evaluation of
audio material.

Here, a laboratory-based protocol was proposed. SDM was employed for
the acquisition and presentation of automotive audio. This approach main-
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tains the benefits of perceptual assessment in the laboratory similar to the
aforementioned methods (Sec. 2.2). It therefore allows instant, double-blind,
and comparative assessment of different sound fields in the laboratory. Yet,
it overcomes issues related to non-auditory feedback (i.e. brand) during in-
situ evaluation and the limitations imposed from headphone-based playback of
BCS.

Dealing with perception requires to employ a scientific evaluation method
where the perceptual properties are quantified, whilst it avoids uncontrolled bi-
ases on human’s sentiments and judgments, such as individual’s taste, beliefs,
experience, and needs [37, 69]. Descriptive Sensory Analysis (DA) methodolo-
gies, found in food and wine industry [41], have been instrumental in decoding
such complex perceptual constructs. Still, they are laborious and require long
experimental procedures. Here, we propose the use of FP, a rapid sensory
analysis technique, developed to provide a sensory profiling similar to common
DA, still at the least time possible (e.g. typically within a 1-3h session).

Multiple limitations exist within automotive audio evaluation which FP
seem to overcome. First, the time restrictions imposed will be well addressed
when using FP, yet the benefits of conducting DA are preserved. Moreover
its need of only 4-5 (expert) assessors with general sensory expertise, instead
of higher numbers of product-trained assessors [26], its comparative ranking
nature that does not require audio reference, as well as the flexibility of the
method may well suit the processes within automotive audio.

In fact, the comparative nature of FP combined with direct access to the
entire stimuli set simultaneously, allows the assessors to adapt their cognitive
strategies during the evaluation. When performing FP, the assessors may em-
ploy both comparative and short memory-based judgments. That results to a
higher number of direct comparisons than traditional forced-choice comparison
methods [26, 53]. It also permits the evaluation of very similar, or highly dis-
similar stimuli within the same procedure, with no statistical disadvantage, as
common repeated measures protocols [37].

In the pilot study presented, the performance of experts, experienced, and
naive assessors was investigated. The results indicate that experts completed
the experimental procedure faster (Fig. B.7), providing precise, and techni-
cally familiar attributes which correspond well to the subsequent ratings of the
stimuli (Table B.1), as well as to their definitions (Table B.2).

The quality and number of non-correlated attributes is vital requirement
for a fast and efficient profiling during FP [26]. Based on the current findings,
one could argue that naive listeners failed to meet this requirement, as they
provided a high number of inter-correlated attributes, some of which did not
contribute to the explained variances, as no differences were identified. The
two experts, provided clear results, even for physically small differences, e.g.,
the low frequency alteration between reference and front windows open. These
alterations were identified also by experienced and naive listeners, but not in a
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consistent manner, as noted in previous investigations of FP in food products
[54].

Moreover, the nature of FP highly benefits from a common background of
auditory sensitivity across assessors, so that the perceptual constructs driving
the ratings could be used in a common factorial space [26]. This is an important
element when performing multitable quantitative analysis, as the typical FP
statistical analysis processes. Here, the results illustrate similarities between
assessors of similar experience level, but not as well across them. The PCA
analysis (Table B.1) indicates that although all assessors performed adequately
the task, a strong common statistical relationship across all assessors, might
be difficult to achieve. It is therefore recommended that further investigations
should consider assessors’ background when establishing an evaluation panel
for FP.

Finally FP is based on quantitative description. Here, a simple data anal-
ysis was presented for completeness. Although such an analysis is informative,
the real benefit of FP is realized when it is combined with multivariate statis-
tics, such as Multiple Factor Analysis [71]. This type of analysis allows the
investigation of both the individually elicited attributes as well as the given
ratings in a common factorial space for all assessors. Effectively, FP merges
quantitative and qualitative data using a mathematical approach rather than
subjective analysis of the experimenter [70].

5.1 Limitations & Future work
One should note that the SDM provides a faithful and plausible acoustical
representation, however, as any spatial reproduction method to date, it has
certain limitations. It was shown recently [45] that a post-equalization of the
analyzed response is needed when SDM is applied to cars due to high echo
density. There it was also shown that the complex geometry of a car cabin
and the extreme acoustical conditions may violate the basic assumptions of
SDM of plane waves. As an Impulse Response (IR) -based method, several
aspects of the field are not captured during acquisition, i.e. the non-linearities
or structure-bone vibrations, as well as the acoustical effects of the human
body. Thus, one should not expect that the reproduced sound field is an exact
physical replica of the real field.

Nevertheless, both objective and perceptual results suggest that SDM pre-
serves the basic perceptual differences between the stimuli set in the pilot ex-
periment. The results of the pilot study support the capacity of the method
to address both timbral and spatial properties of the sound fields in cars. Fur-
ther advantages of the method include the flexible reproduction scheme, the
fast acquisition of VIR compared to BCS, as well as the analysis and novel
visualization capabilities of the spatial properties of the sound field.

Rapid Sensory Analysis methods aim to remove tedious processes within
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DA, such as building a consensus vocabulary of well-defined descriptors across
assessors, as well as several training and evaluation sessions. As a direct con-
sequence, when employing FP the experimenter cannot argue easily on the
semantic meaning of the descriptors. Moreover, FP gains experimental time
by not including repeats or hidden anchors. For audio material, this is a serious
limitation as it is well known that the context and properties of the program
material influence the results [37]. In fact critical listeners often require spe-
cific program material for assessing certain attributes (e.g. speech content for
intelligibility ratings). Therefore, when conducting FP of audio it is strongly
recommended to employ several program materials.

Further work on this topic includes the perceptual assessment of automo-
tive audio systems and car cabins in detail, aiming to identify the perceptual
constructs originating from acoustical alterations in the sound field in question.
Additional validation studies of the proposed method should be conducted, for
example by comparing the results to in-situ evaluation when possible, as well
as contrasting FP to common DA procedures with identical contextual factors.
Such approaches would improve the understanding of the method and further
validate its applicability in audio evaluation.

Here, the reproduction of the auralized stimuli is conducted over loudspeak-
ers in an anechoic chamber. It is noted that the presentation and evaluation
method could be altered to meet further research objectives and the related
practical implications. For example, the presentation on headphones is still
possible, as well as following standardized audio evaluation methods. Yet, the
spatiotemporal analysis of the measured field will still be available. Moreover,
the experimental methodology proposed here could be applied in several do-
mains, for example in assessing room acoustics. Future work could perceptually
assess a variety of acoustical settings in standard everyday rooms, to better un-
derstand the influence of the acoustical properties of a reproduction room that
are inherently imposed on the reproduced sound field.

6 Concluding Remarks
This paper reviewed the past and current practices for perceptual assessment
of automotive audio and stipulated new approaches and research paths to ad-
dress the industry’s future demands. A novel method was described in terms
of acquiring, presenting, and evaluating the reproduced sound of automotive
systems, targeting a general framework for perceptual studies in automotive
audio. Finally, a pilot experiment was presented and the preliminary results
were discussed.

The method applied SDM for capturing, analyzing and presenting the sound
field to human assessors. The current results, indicate that this approach yields
faithful representation of timbral and spatial properties of automotive sound,
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whilst providing novel analysis tools. Employing this protocol may allow several
properties of automotive audio to be assessed in controlled and instantaneous
comparative protocols, including both acoustical, as well as electrical changes
over the same experimental paradigm.

Conducting the evaluation using rapid sensory analysis such as Flash Pro-
file, allows the assessors to use their own vocabulary to describe and quantify
the auditory sensations within a single experimental method. Thus, such ap-
proach may permit a more detailed assessment of unique and novel experiences
in cars, e.g. 3D sound reproduction and upmixing, noise masking schemes, and
individual sound zones within cars.
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6. Concluding Remarks

7 Appendix

Attribute Low anchor High anchor Definition
Bass QuantityAs1 too little too much level of bass content
BoxynessAs1 boxy open some sound boxy, in a very small space
BrightnessAs1 dull bright how bright is the sound (high frequencies)
EnvelopmentAs1 low high how enveloping is the sound field, sound from around
Front ImageAs1 side front if the frontal image is exactly in front of me
HeightAs1 absent present sound appears higher points
Rear ImageAs1 absent present sometimes sound appears from the back
SharpnessAs1 blunt sharp sharp/transients at mid-high freq.
Source FocusAs1 diffuse focused sourced located at a point?
Stereo WidthAs1 narrow wide how wide the sound image is
Above FeelingAs2 low high feeling that sound comes from above me
Amount LFAs2 none a lot the low frequency energy levels
DistanceAs2 near far how distant the image feels
Image FocusAs2 muffled focused image clarity / clearly at a location
Rear EnergyAs2 low high the amount of sound energy coming from the back
Resonant LFAs2 not resonant resonant specific low frequency resonance
TransparencyAs2 not transparent transparent how transparent the sound is
WidthAs2 narrow wide the width of the sound image
Bass As3 low high how much bass there is (spectrum)
ElevationAs3 low high if the sound appears higher than 0◦

SpaciousnessAs3 frontal lateral if the sound comes from front or multiple lateral directions
TrebleAs3 low high how much treble there is (spectrum)
Voice HFAs3 muffled bright if the vocal is bright, as present
BassAs4 low high bass levels
FarnessAs4 near far Distance - the source is not as present
ElevationAs4 lower higher sound perceived as higher (location) as others
Front Back RatioAs4 too back too front the level (balance) of the sound coming from back and front
Frontal BalanceAs4 too left too right the level (balance) of the stereo image
Space SizeAs4 small big how big does the room that I am in, feels
Tactile BassAs4 not there there a feeling of low frequency pressure or body vibration
Treble LevelAs4 little too much the high frequency content level
WidthAs4 toowide focused the horizontal size of the ensemble
BassAs5 a little a lot how much bass I hear
FrontalnessAs5 front back balance of front-back sound
HeightAs5 little a lot sound from above, higher than others
Loudness As5 low high level differences
MidnessAs5 side mid sound from centre (front) or sides
Panning As5 left right imbalance of left-right sound
PresentnessAs5 not present present presence, prominent sound
Stereo EffectAs5 a little a lot sound from sides, like wide stereo
ThicknessAs5 thin thick feeling of thick, full sound
TrebleAs5 low high higher frequencies level
Warmness As5 cold warm feeling for sound being warm
BassAs6 low high bass level
ClosenessAs6 not close close does the sound feel close to me?
DarknessAs6 bright dark dark (frequencies) sounds or not
EchoenessAs6 not much too much if I can hear echo
ElevationAs6 ok high playback from higher positions
EmptinessAs6 empty full the room sounds empty
IntelligibilityAs6 not ok quality of voice to understand, like bad codec
LeftnessAs6 too left center more sound from left
LoudnessAs6 lower higher the level of the music
Room PrintAs6 there not there how loud is the room in sound
SibilantAs6 ok too much ‘s’ or ‘z’ sound in speech
Splitted sourceAs6 split one point sound from many directions or not
WidespreadAs6 around front sound spread around

Table B.2: Individually elicited attributes, including the provided anchors and definitions.
The attributes shown were elicited using a larger stimuli set.
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1. Introduction

Abstract
An experiment was conducted to determine the perceptual effects of car cabin
acoustics on the reproduced sound field. In-car measurements were conducted
whilst the cabin’s interior was physically modified. The captured sound fields
were recreated in the laboratory using a 3D loudspeaker array. A panel of ex-
pert assessors followed a rapid sensory analysis protocol, the Flash Profile, to
perceptually characterize and evaluate twelve acoustical conditions of the car
cabin, using individually elicited attributes. A multivariate analysis revealed
the panel’s consensus and the identified perceptual constructs. Six perceptual
constructs characterize the differences between the acoustical conditions of the
cabin, related to Bass, Ambience, Transparency, Width & Envelopment, Bright-
ness, and Image focus. The current results indicate the importance of several
acoustical properties of a car’s interior on the perceived sound qualities. More-
over, they signify the capacity of the applied methodology in assessing spectral
and spatial properties of automotive environments in laboratory settings, using
a time-efficient and flexible protocol.

1 Introduction
Automotive environments are steadily becoming popular listening spaces. Aim-
ing towards a high quality reproduction, in–car audio systems have reformed
from an adequate monophonic reproduction at first, to today’s multichannel
loudspeaker systems capable of delivering some of the most advanced audio
schemes available [1]. In acoustical terms, automotive audio systems exhibit
unique and domain-specific challenges that increase the complexity and the
development requirements [2, 3]. The unconventional and adverse acoustical
properties of the car cabins [3, 4] are unequivocally the dominant challenges
when developing such audio systems.

The physical characteristics of such a sound field [5, 6] and their effects on
human perception [2, 3] are not well understood. That is, current objective
metrics fail to reliably characterize the physical properties of these sound fields
in a robust and perceptually relevant way [7–11]. As a consequence, automotive
audio manufacturers rely heavily on the human perception, as the instrument
to characterize, evaluate, and optimize the sound quality of car audio systems.
Typically, an iterative process is followed, where alterations on the audio system
are perceptually evaluated, targeting the most pleasing aural experience [2, 12–
14]. A number of studies investigated human perception in automotive audio
by primarily focusing on comparative evaluations of (1) with–in audio system
comparisons, such as preference on equalization [15, 16], DSP algorithms [13],
and perceptual codecs [2], as well as (2) in–between audio systems comparisons
and market benchmarking purposes [14, 17–19].
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To the authors’ best knowledge, there is no published literature on the
perceptual effects of the acoustic transmission medium, the car cabin itself.
Understanding the salient factors affected by the cabin’s acoustics could aid
the development of perceptually relevant models and metrics for assessing au-
tomotive audio. Moreover, it would depict the underlying relationship between
physical and perceptual qualities of the car audio systems, enabling a more
efficient optimization of the in–car aural experience.

In a recent study [20], it was shown that current perceptual evaluation
protocols within automotive audio may not be able to faithfully capture the
characteristics of cabin acoustics and a new assessment methodology was pro-
posed. Here, this methodology is applied in the context of car cabin acoustics,
where several physical modifications of a cabin’s interior have been perceptually
evaluated by expert assessors.

The aims of this study are: (1) to investigate the influence of acoustical
properties of car cabins on the perceived qualities of the reproduced sound; (2)
to identify the underlying relationships between physical and perceptual prop-
erties within car cabins; and, (3) to establish and further validate the applied
experimental framework [20] followed, for assessing the acoustical properties of
sound fields within automotive audio.

In Section II, the rationale behind the study is discussed and the experi-
mental methodology is described. The data analysis is then presented in Sec.
III, followed by the results and conclusions in Sec. IV and V, respectively.

2 Method
The experimental methods followed in this study include novel approaches in
the acquisition and presentation of the captured sound fields as well as in the
evaluation processes. This approach enabled the perceptual assessment of car
cabin acoustics in laboratory settings. It further allowed human assessors to
identify individually elicited perceptual attributes, which characterized both
the spectral and the spatial properties of the sound fields under investigation;
a serious limitation of previous studies [13, 16, 17, 20].

Spatial Decomposition Method (SDM) [21] is employed for recording and re-
producing the sound fields to human assessors. As an alternative technique to
binaural rendering [3, 16], this method eliminates several shortcomings related
to binaural audio schemes [22], such as the lack of externalization and the sub-
sequent difficulty in assessing spatial acoustics [13]. SDM has been successfully
applied in the assessment of perceptual qualities of concert halls [23, 24], as
well as in evaluating small-sized spaces, e.g., studio control rooms [25]. The ap-
plicability of SDM in automotive environments has been recently investigated
and a recommendation was proposed [26].
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Identifying the perceptual constructs underlying the cabin’s physical prop-
erties would require a protocol where novel and uncommon aural experiences
could be characterized and evaluated. This could be accomplished with descrip-
tive Sensory Analysis (SA) [27] techniques. However, common SA procedures
are time–consuming, laborious, and expensive, as they require product– and
panel– specific training over multiple sessions [27, 43]. This is a major limitation
in the time–restricted automotive industry. This paper applies a rapid sensory
analysis method, i.e., the Flash Profile (FP) [28], and assesses its applicability
within the automotive environment.

Several practical limitations exist in automotive audio assessment that FP
seem to overcome. FP limits the required evaluation time by omitting the famil-
iarization, the panel training, and the consensus vocabulary phases. Moreover,
FP does not require product–specific training, compared to the traditional de-
scriptive SA methods. This allows the use of assessors with general sensory
expertise, requiring only 4–5 expert assessors for a statistically stable out-
come [28, 29]. Nevertheless, FP is the closest rapid method to conventional
descriptive SA [28] and it allows the quantitative description of stimuli, by sta-
tistically merging the quantitative and qualitative data in a common factorial
space.

2.1 Experimental Design
The experimental design followed FP [30, 31] principles, adapted to assess audio
material [20]. FP includes two experimental phases in a single session. First,
each assessor is required to develop own set of perceptual descriptors during
an attribute elicitation phase. Later, an attribute ranking phase is conducted
where assessors comparatively quantify all stimuli simultaneously, by means of
ranks, for each of the elicited attributes.

Two Independent Variables (IV) were included in the experiment. The
acoustical Condition (twelve levels) combined with Program (three levels), re-
sulting to a total of thirty–six stimuli. The ranking scores of each stimulus on
the elicited attributes formed the quantitative Dependent Variables (DV).

2.2 Assessors
Four expert assessors participated in the experiment as volunteers. The as-
sessors had 10–15 years of experience (Mean = 12, s.d ± 2.15) in critical
listening, acoustical development, and sound tuning of premium automotive
audio systems. As part of their profession, assessors have been trained to use
their senses in critically evaluating the qualities of audio signals. They have
all participated in numerous listening experiments and they were familiar with
common SA procedures. All four assessors were male, aged 29–45 years old
(Mean = 38). Their hearing sensitivity was confirmed to lie above 20dBHL
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between 125–8k Hz by standard hearing threshold procedures [32].

2.3 Materials & Apparatus
In a series of previous studies the apparatus has been described in detail includ-
ing in–car acquisition of Impulse Responses (IRs), spatial analysis and synthesis
of a car audio system using SDM [26], as well as the design and implementa-
tion of the experimental setup and the methodology [20] followed here. A brief
description of these topics is given below.

Subwoofer Woofer Mid-range Tweeter (Lens) Tweeter (Dome) Mic. Array

Sc/So

Sc/So
F

R
o
o
f

Fig. C.1: In–car audio system used in the measurements. The position of the microphone
array is shown at the driver’s position. Shaded areas, labeled as Sc/So/F/Roof, indicate the
surfaces modified during the measurements (see descriptions in Table C.1).

In–situ Car Measurements
In order to capture the acoustical characteristics of the car cabin, in–

situ measurements were performed in a sedan–type car (Audi – A8 Typ.4E),
equipped with a premium audio system. The system comprised of 17 inde-
pendent transducers driven by an automotive digital amplifier. The system is
shown in Fig. C.1.

Individual spatial IRs were captured for each transducer of the system by a
vector intensity probe (G.R.A.S 50VI–1), placed at the average seating position
of the driver [33]. The measurements were conducted in a temperature and
noise regulated garage (V = 206m3, RT30 < 0.2s at 125–8k Hz). These
measurements are further referred to as Vehicle Impulse Responses (VIRs).

The signal path was set in such a way that the acquired VIRs included DSP
processing (sound tuning), designed by a tonmeister. That included spectral
and level balancing of the system, delays, and individual tuning of the speaker’s
magnitude responses in order to achieve a perceptually pleasing reproduction.
This signal flow ensured that the experimental apparatus represented the per-
formance of a typical premium automotive audio system.
Acoustical Conditions
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Table C.1: Acoustical modifications used in the experiment. Condition Ref serves as the
reference, representing a typical production car, equipped with premium audio system and
no acoustical modifications. A dash indicates no alteration from car’s reference settings.

Condition Side Windows Windshield Ceiling Cabin DSP
Ref – – – – –
EQ1 – – – – Alternative
EQ0 – – – – Disabled
Sc Absorptive – – – –
So Open – – – –
F – Absorptive – – –
FSc Absorptive Absorptive – – –
FSo Open Absorptive – – –
Abs – – – Absorptive –
AbsF – Absorptive – Absorptive –
AbsSc Absorptive – – Absorptive –
Roof – – Reflective – –

The interior of the car cabin was systematically modified so that a represen-
tative range of possible acoustical fields was captured. The main compartments
of the car’s interior were altered in such a way that the first arriving reflec-
tions of the cabin’s sound field were affected, as well as the later reflections,
and combinations of both. The acoustical measurements obtained formed the
experimental conditions as summarized in Table C.1.

Seen from the driver’s seat perspective, the major reflection points in this
car have been identified on the glass surfaces of the cabin, namely the side door
windows and the windshield [20, 26]. In order to alter these reflections, 0.04 m
thick Basotect foam [34] was used to fully cover the glass surfaces for condition
Sc, as well as condition F and their combinations, conditions FSc, FSo, AbsF
and AbsSc.

Although common room acoustics metrics, such as Reverberation Time,
cannot be generalized in car cabins [5], it is common to observe decay times
of 80 ms at mid-frequencies from measured IRs. To investigate the effects
of the decay time of a car cabin, e.g. due to human occupancy or highly
absorptive interior, another acoustical condition was included. A collection of
absorptive materials was added to the cabin, including a 3.4 m×0.04 m rolled
Acoustilux, with radius of 0.35 m, placed at the rear seats, highly absorptive
fibre textiles placed at the interior’s floor, and four pylons of Polyurethane foam
sized 0.15×0.25×1.2 m on the front seats. Attention was given so that the direct
acoustical paths between the sources and the receivers were not obstructed by
the added materials.

Recently, car manufacturers have incorporated glass roofs instead of the
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conventional textile upholstery. In order to accommodate the effects of such sce-
nario, condition Roof was included, where a unified glass tile (1.0×0.6×0.05 m)
was attached to the ceiling of the cabin, positioned symmetrically above the
front seats. During this condition, the absorptive nature of cabin’s ceiling was
altered to exhibit strong reflective characteristics. The topology and details of
the above alterations are given in Fig. C.1.

The reference condition, indicated as Ref (Table C.1), refers to the captured
sound field where the car cabin and DSP processing were unmodified, as the
production automotive audio system, and it is further used as the baseline.
Two additional conditions were included in the experiment, where only the DSP
processing of the audio system was modified; the cabin’s properties were kept at
the reference settings. First, an alternative DSP processing preset was included,
referred to as EQ1, where the door–woofers output was reduced −3 dB and
the balance between the front left–center–right transducers was altered, aiming
to increase the spatial width [35] compared to Ref. In addition, a condition
where the system’s DSP processing was disabled altogether, is referred to as
EQ0. These two conditions were integrated in the experiment to assess the
perceptual effects of sound tuning, compared to the physical alterations of
the cabin’s interior. Moreover, they could form the experimental anchors, as
the physical alterations imposed on the system are known to elicit certain
perceptual differences to experienced sound designers. In this way the validity
of the method and the subsequent experimental results could be verified.
Reproduction System

In order to recreate the captured sound fields in the laboratory, a suitable
reproduction system is required. For this study a 40.3 spherical loudspeaker
array, depicted in Fig. C.2, was designed. The design of the loudspeaker ar-
ray was based on a spatiotemporal analysis [36] of the aforementioned VIRs
(Sec.II(C)), including additional measurements of twenty different types of cars
and audio systems [20]. This analysis was essential to ensure that both the di-
rect sound from car’s transducers, as well as the subsequent reflections, were
optimally reproduced in the laboratory. To limit the influence of the experimen-
tal room to the investigated sound field, the reproduction system was installed
in an anechoic chambera.
Signals

The captured VIRs were processed with SDM [26]. The SDM is a spatial
analysis and synthesis scheme where the sound field is decomposed in terms of
pressure, direction and time, and encoded into a spatiotemporal domain [36].
The SDM–encoded signals are then divided into individual IRs, which are then
used for synthesizing the sound field using a finite loudspeaker grid, by means
of convolution with audio material.

Here, three audio excerpts were chosen based on the results of two pilot
studies. The excerpts used were: (1) Armin van Buuren feat. Ana Criado –
I’ll Listen (2012) | 0:15–0:30, (2) Melody Gardot – She don’t know (Currency
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Of Man, 2015) | 2:01–2:16, (3) Female Speech English (EBU SQAM – 2008)
| 0:00–0:15 [37]. The sound excerpts formed the three levels of program, and
are further referred to as dance, jazz, and speech, respectively. These signals
were loudness–matched before convolution at 15 dB LUFS and perceptually
validated by an expert listener in–situ. During the experiment the reference
reproduction level was set to 75dBLAeq(15s) at the listening position.

2.4 Procedure
First, the assessors were briefed about the experimental procedure and the prin-
ciples behind FP protocol. As part of their introduction, a custom MAX/MSP
interface [20] was presented, and the assessors performed a training session
where no sound was provided. They were then guided inside the testing fa-
cility. The experiment was conducted in dark conditions and controls were
imposed so that the assessors were unable to see the experimental apparatus
until they completed the experiment.

The experimental process was controlled by the assessor over a self–paced
and self–controlled software on a touch screen. The assessor was aware that
there were no time limitations to complete the tasks. Short breaks were allowed
and regularly recommended to avoid possible listening fatigue.

2.5 Attribute Elicitation
During the attribute elicitation phase, each assessor was asked to provide as
many discriminant attributes as needed, to fully capture the perceived differ-
ences between the available stimuli. Emphasis was given as to provide precise,
singular, non–redundant and low–level terms, that one could rate on a scale
between a High and a Low intensity. It was also recommended to avoid hedonic
and affective expressions relating to preference or acceptance [27]. Within the
interface one could define the extreme intensity anchors of each attribute. For
example, for the attribute ‘Loudness’, the assessor could define its scale anchors
as ‘quiet’ and ‘too loud’, respectively.

During the elicitation phase all twelve conditions (Table C.1) were presented
simultaneously on the screen labeled as A–L, as required by FP guidelines [28].
The order of the stimuli was kept constant within each session and randomized
between assessors. The software provided the option to change program whilst
listening to the same condition, so that perceptual differences between specific
conditions could be explored over a variety of programs. Before completing the
task, participants verified that their attribute list described the main perceptual
differences between all thirty–six stimuli (3 programs × 12 conditions). At the
end of the elicitation phase, an interview was conducted where the assessor
provided short definitions for the elicited attributes.

127



Paper C.

2.6 Attribute Ranking
The second phase required the assessor to comparatively rank the experimental
stimuli for each of the individually elicited attributes. At this stage, the evalu-
ation followed a block design. The number of blocks was based on the number
of the attributes given by that assessor. Each attribute was evaluated in three
sequential trials, one for each program level. At each trial the stimuli were
randomly assigned to 12 buttons labeled as A–L. The presentation order of
the program levels and blocks was randomized, as required by standard audio
evaluation procedures [38].

3 Data Analysis
The collected data included thirty–seven individually elicited attributes and
their corresponding ranks for each of the presented stimuli, as shown in Fig.
C.3. Several multivariate techniques could be followed to analyze such a
dataset, e.g., General Procrustes Analysis (GPA) [39] and Multiple Factor
Analysis (MFA) [40], both providing similar group–average patterns [29]. The
mathematical transformations of MFA provide a number of complementary
information, allowing the analysis of qualitative and quantitative data in a
common latent space [41, 42].

In this study, the analysis is based on MFA, aiming to devise a common
consensus space across assessors, while identifying the most important compo-
nents, observations, and attributes [42, 45]. MFA studies the relations between
several predetermined groups of attributes and it could be viewed as a consen-
sus Principle Component Analysis (PCA), built on a set of equally–weighted
principal components. MFA performs PCA on the attributes of each assessor
separately, which are then normalizedb to balance the influence of each group
on the computation of the consensus space. The PCA data is then merged
into a global matrix where a final PCA is performed, estimating the consensus
solution across all assessors.

The outcome of such analysis is the positioning of stimuli on a consensus
space. Similarly to a PCA, the interpretation of a stimulus position is based on
its calculated coordinates on each dimension, the factor scores, and the corre-
sponding variables explaining these dimensions, referred to as variable loadings.
The inter–stimuli relationships are based on the relative distances between the
stimuli’s coordinates on the consensus factor map. The rationale behind this
sensory profiling could be explained by projecting the variable loadings on the
consensus space, creating what is known as the variable map. The advantage
of analyzing FP data using MFA is the ability to jointly interpret these two
quantities on a common factorial space. This approach enables the researcher
to identify the underlying perceptual constructs of the stimuli profiles based on
the structure within the data. The statistical analyses described in this section
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Fig. C.2: Reproduction system comprising of forty full–range loudspeakers and three sub-
woofers [20].
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Fig. C.3: Data structure used for the MFA analysis, comprised of the observations of four
assessors (As(1 − 4)) via a total of thirty–seven individually elicited attributes (att(n)), for
the thirty–six stimuli.
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Fig. C.4: Schematic representation of the data analysis. Active variables refer to the data
points used for the calculation of the latent dimensions using MFA. Supplementary variables
do not contribute in the calculation of the dimensions but could be included for further
statistical analysis; i.e. their correlation to the latent dimensions is visualized by projecting
them into the MFA solution as vectors. The alternative clustering process followed for cross–
validation of clusters hierarchy is shown in grey.

are summarized in Fig. C.4.

3.1 Ordination with Multiple Factor Analysis
MFA was performed on the collected observations (Fig. C.3) using FactoMineR
package [46]. To reduce any scaling effects [47] between assessors, the raw data
were centered, by subtracting the mean values of each column (attribute), and
normalized, by dividing the centered data of each column by its root–mean–
square. The analysis shows that almost 54% of the variance is explained by the
first two principal components, and the remaining components seem to provide
little contribution to the explained variance as shown in Table C.2. Figure
C.5 shows the positions of the stimuli on the first plane, as a factor map. At
this initial screening it can be seen that the stimuli are well separated in the
first two common dimensions. EQ0 and AbsF hold the extreme positions on
dimension 1, whilst Roof contrasts those two conditions, on dimension 2. Ref,
EQ1 and Roof are positioned relatively close to each other in both dimensions,
as expected, due to their subtle audible differences. Moreover, it can be seen
that the more absorption added in the cabin, the more negative the dimension
1 becomes for these stimuli. This can be observed by contrasting the baseline’s
dimension 1 coordinates (Ref ) to the condition where absorption is added in
the cabin (Abs). Adding absorption material on the side windows (AbsSc) and
the windshield (AbsF) continues to have a negative effect on dimension 1.

3.2 Influence of Program & Acoustical Conditions
A common way to identify significant differences within the stimuli–set in the
latent MFA space follows the calculation of 95% Confidence Ellipses (C.E.) [48],
an analogous metric to Confidence Intervals. The C.E. of condition levels are
depicted in Fig. C.5, indicating good separation between most condition levels,
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Fig. C.5: MFA consensus space depicting the coordinates of the twelve conditions included
in the experiment on the first two principal components. The points indicate the factor scores
of each of the thirty–six stimuli, signified by their program level and colored by the condition
level (see Table C.1). The 95 % Confidence Ellipses depict the significant differences between
conditions.

as seen on the first two dimensions. These observations indicate that the panel
of four expert assessors provided sensory ratings that are significantly different
between different conditions.

Moreover, it is noted that most of the thirty–six stimuli are clustered to-
gether, in groups of three, following their corresponding condition level. No
systematic bias can be seen for a specific program excerpt, or extreme values
that would indicate program-dependence of the acoustical conditions. This in-
dicates that stimuli are ordered similarly even when different program excerpts
were used. Further analysis verified that the program have no significant ef-
fect on the perceived differences within the various conditions (R2

Dim1 = 0.001,
R2
Dim2 = 0.04 , p = n.s.) [46].

3.3 Generalizing Results – Averaging
In order to achieve a holistic understanding of the data and focus on the IV of
interest, the acoustical conditions, a MFA was performed on the averaged data
across program. This approach addresses the relatively low explained variance
of the first two dimensions (54%) of the previous analysis by accounting for the
noise within the data at lower dimensions. Moreover, since the program was
found not to be a significant factor, the relative positions of the stimuli would
be preserved.

The variances explained by the first five dimensions of the MFA analysis on
averaged data are summarized in Table C.3. The first two dimensions explain
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Table C.2: The first five Principle Components of the MFA analysis, based on the analysis
of the normalized and centered data.

P. Comp. Eigenvalue % of Var. Cumul.% Var.
1 3.53 39.65 39.65
2 1.26 14.24 53.89
3 0.53 6.01 59.90
4 0.45 5.15 65.05
5 0.34 3.91 68.97

Table C.3: The first five Principle Components of the MFA analysis based on the averaged
data across program.

P. Comp. Eigenvalue % of Var. Cumul.% Var.
1 3.78 56.85 56.85
2 1.23 18.61 75.47
3 0.42 6.36 81.84
4 0.36 5.53 87.38
5 0.24 3.68 91.06

75.47% of the variance and there is minimal contribution by the remaining
individual dimensions (< 7%). Figure C.6 depicts the factor scores based on
the analysis of the averaged data. As expected, the relative positions between
the conditions are very similar to the ones in Fig. C.5, yet explained by notably
higher variance.

The variable map, shown in Fig. C.7, depicts the attributes of each assessor
projected to the MFA plane. A high number of attributes is well represented on
the first two dimensions, making the graphical interpretation a difficult task.
Reducing the number of attributes would enable a better interpretation of the
results. That is, classifying the assessors’ own attributes into collective cate-
gories and in consequence into the common underlying perceptual constructs.

This could be done semantically, based on the homologous terms and the
definitions given by assessors. However, in FP each assessor uses own vocab-
ulary, thus, an attribute given and scored by an assessor may not necessarily
relate to a semantically–similar attribute given by another assessor [41]. A
mathematically–based approach i.e. using the geometrical and the statistical
properties of the data points [42], would reveal the true structure within the
dataset. Combined with the definitions given by assessors the internal validity
of the formed clusters could be assessed. That is, the extent on which the
grouped variables measure and represent similar sensory constructs. Recently,
such methods were successfully applied on individually elicited attributes of
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Fig. C.6: The resulting factor map of the MFA analysis using averaged data across program.
The map depicts the position of stimuli on the panel’s consensus space.

audio material, and allowed the identification of the common perceptual con-
structs across thirty–one [43] and twenty–three naive assessors [44].

3.4 Clustering of Elicited Attributes
The grouping of attributes was achieved using Agglomerative Hierarchical Clus-
tering (AHC), based on the Euclidean distances of the MFA coordinates of each
attribute, in conjunction with Ward’s criterion [43, 49]. As clustering is blind to
the importance of each attribute to each dimension, thus, susceptible to noise,
the attributes included in the analysis were pre–selected based on the correla-
tion of the attribute to any the first two principal components (r>0.65). This
noise reduction process accounts for these limitations of AHC and the clus-
tering process provides equal hierarchical weights between the well-correlated
variables only.

Two main clusters can be identified in the resulting dendrogram in Fig. C.8.
The first cluster is formed by two subcategories, one described by attributes
related to Bass, and one related to the spatial Image focusd. The second clus-
ter splits into four subcategories and includes attributes related to Ambience,
Width & Envelopment, Transparency, and Brightness. It is noted that the at-
tributes clustered well together semantically, especially for the clusters related
to Bass, Brightness, Image focus even if no consensus vocabulary or panel
training was included in the procedure. The attributes related to Width and
Envelopment fall into the same cluster. This comes in agreement with previous
studies [35], where assessors used these attributes interchangeably as they both
contributed to the perceptual construct of spaciousness [50]. Yet, it could also
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Fig. C.7: Variable map from MFA analysis if the program-averaged data, depicting the
projections of the individual attributes as vectors, on the first consensus plane. The length of
the vector indicates the correlation to the factorial solution. The vectors’ colors indicate their
cluster group, as calculated in Sec. III(D). The attributes’ labels referred to the convention
used in Fig. C.8. Grey vectors indicate the excluded attributes and include the label and
assessor’s number.
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Fig. C.8: Dendrogram of the individually elicited attributes. The clustering processes was
based on the MFA coordinates of the averaged dataset. The first eight dimensions were used
in the clustering, based on euclidean distances and ward’s criterion. AS(1 − 4) denotes the
assessor’s number.

indicate that the stimuli used in the experiment failed to excite these constructs
separately.

These six clusters observed here are thought to encompass the perceptual
constructs underlying the stimuli set in this investigation. Although the in-
dividual attributes may differ within a cluster, e.g. ‘Image_AS1’ has been

134



4. Results

grouped under ‘Transparency’ , the clustering algorithm identified a percep-
tual equivalence across the grouped attributes. That is, the assessors rated
similarly the stimuli for these attributes, even if they are not semantically re-
lated; a common observation in free-elicitation experiments [41]. Here, the
clusters were labeled following the definitions given by the assessors during
evaluation, in combination to previous studies on spatial acoustics [35, 51] and
sound reproduction [52] to maintain consistency across studies and illustrates
the author’s best understanding.

It should be noted that the input to the clustering algorithm used here,
included the coordinates of the attributes on all dimensions given by the MFA
analysis. This allows to directly project clusters on the latent MFA space, seen
in Fig. C.6. Yet, AHC might produce hierarchies for objects that are not hierar-
chically interrelated [53]. To validate the clustering process an additional AHC
was performed. Using the raw data, the correlation matrix of the attributes
was used as the input of the AHC in the form of a distance matrix [42]. This
clustering revealed similar results to the original clustering, confirming the va-
lidity of the dendrogram depicted in Fig. C.8 and the perceptual constructs
identified.

4 Results
The interpretation of the data can be achieved by graphically combining the
results of the statistical analysis described above, in the form of a Biplot. That
is, merging the consensus factor scores of the MFA (Fig. C.6) and the percep-
tual constructs identified by AHC. To achieve this, the MFA coordinates of the
individually elicited attributes are averaged per cluster, and then projected into
the MFA factorial space (Sec. III(C)). This process allows the efficient visual-
ization of the results, by simultaneously presenting the major quantitative and
qualitative observations. Figure C.9 depicts the summarized results of this pa-
per, combining the factor scores and the identified perceptual constructs. The
perceptual constructs are realized as directional vectors, providing a tangible
explanation for the variance within each dimension.

As the conditions are a combination of several factors including modification
of: (1) Front Side Windows, (2) Windshield, (3) Roof, (4) Cabin Absorption,
and their combinations, the best interpretation of this graph is achieved by
analyzing comparatively conditions where single changes occurred.

4.1 Validation – Effect of Equalization
First, by focusing on the conditions where only the DSP settings were modified,
i.e. EQ0, EQ1, one could verify whether the identified factor space and the
related perceptual constructs come in agreement with our expectations and
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Fig. C.9: Biplot depicting the perceptual constructs and the stimuli factor scores. The iden-
tified constructs are projected in the factorial space, by calculating the average coordinates
of each cluster’s attributes.

current knowledge.
The DSP settings of EQ0 included a substantial reduction at low frequen-

cies (−15 dB) compared to the reference DSP settings (Ref ), which explains
its projection to the basis vector being directly opposite to the perceptual con-
struct of Bass, as seen in Fig. C.9. This denotes that assessors identified a
decreased low frequency content when listening to EQ0. The minor differences
in the low frequencies of EQ1 compared to Ref have also been perceived by
the assessors at the appropriate intensity level, indicating only a slight increase
of Bass for EQ1 compared to Ref. The close positioning of the EQ1 and Ref
supports that audible differences were subtle, as noted. In contrast the extreme
position of EQ0 in Fig. C.9 indicates perceptually strong differences compared
to the other stimuli.

Moreover, EQ1 included slight alterations on the spatial and spectral bal-
ance of the front channels. The constructs of Width & Envelopment and
Brightness indicate slightly higher intensities of the EQ1 compared to Ref,
on the expense of reduced Image focus. The position of EQ0 indicates high
values against these perceptual constructs on dimension 1 which follows the
expected results, as the sound tuning of automotive system is based on the
optimization of such constructs.

These observations suggest that the evaluation method successfully cap-
tured the perceptual differences across stimuli, depicting the underlying per-
ceptual factors and the relative intensities in an expected way. That is, the
ability of the experimental apparatus to facilitate the perceptual differences
across the measured sound fields and its capacity to identify and signify these

136



4. Results

differences by employing the statistical procedures described above.

4.2 Effect of Roof
A glass added on the ceiling of the cabin would increase the energy coming from
above the listener, especially at higher frequencies. The number of the very
first arriving reflections may also increase, affecting the echo density of the field
as well as the perceived interaural differences. These physical alterations have
been linked to the perceptual attributes of apparent source width, envelopment,
and spaciousness [35].

Based on Fig. C.9, Roof is closely positioned to Ref, indicating slight per-
ceived differences. The main differences can be seen on dimension 1. This
indicates that adding a glass to the ceiling increases the perceived Width &
Envelopment, Brightness, and Transparency. Minor increase is noticed on the
perceived Ambience. Image focus is however decreased, which could relate
to comb filtering, due to the added early reflections of the ceiling [54]. That
is a spectral interference of coherent signals which may perceived as spectral
and spatial alterations of the originally emitted signal. Interestingly, Roof and
EQ1 seem to hold equal positions in dimension 1, indicating their perceptual
similarities.

4.3 Effect of Absorption
Acoustic damping materials were added in the cabin, aiming to decrease the
decay time of the cabin’s sound field and consequently the perception of the
apparent room size [35] and reverberance [44]. The position of Abs compared
to Ref indicates a much less Ambient field, less Wide & Enveloping, yet, a more
focused sound Image. This observation may relate to the decreased number of
strong and dense reflections from multiple directions. Perceived Brightness is
also decreased, as expected, due to the highly absorbing materials used, at this
frequency range. This spectral imbalance of the system could be also observed
by the identified increased Bass content.

These observations are also supported by contrasting the position of con-
ditions F and AbsF, as well as the Sc and AbsSc; all indicating perceptual
equivalence of conditions when the absorption in the cabin increases.

4.4 Effect of Front Side Windows
Two conditions aimed to investigate the perceptual effects imposed by the re-
flections of the front side windows. In condition So the windows were open,
so that the reflections originating from the glass surface were eliminated, and
the cabin was an acoustically open–cavity. In a second alteration, Sc, the
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door’s glass surface was covered with absorptive material, aiming to decrease
the subsequent reflected energy.

The two conditions, So and Sc, revealed dissimilar sensory profiles as seen
in Fig. C.9, even if the same surface was altered. When absorption was added
(Sc), the perceived Bass was highly similar as to Ref. In contrast the So condi-
tion, where the windows were open, the amount of low–frequency energy in the
cabin was perceived as reduced. That is an expected result, as the absorption
material used in the experiment was only affecting high frequencies; opening
the windows should also affect the modal behavior of the cabin. Similarly, an
increase is apparent in the perceived Width & Envelopment at So, compared
to when windows were covered with absorption material, as in Sc.

These trends can also be seen by comparing the conditions F–FSo, where
the relative difference between the two was the front side windows state. The
relative distances and projections of this pair indicate their perceptual similar-
ities to Ref–So. This may indicate that the perceptual effects of opening the
side window are independent of the windshield properties.

Side Windows – Absorptive

The effect of increasing the absorption of the side windows seems to de-
crease the perceived Ambience, and the Bass content at a lower degree. No
major alterations can be seen on the perceived Width & Envelopment and
Brightness. This would be an unexpected observation for room acoustics, as
the side reflections are known to affect these perceptual constructs [55, 56]. One
could hypothesize that such result may indicate a different auditory processing
scheme [57] when exposed to car’s sound fields; due to the highly dense early
reflections that arrive within a few milliseconds, in contrast to the distinct and
sparse reflections in typical rooms [55]. Yet, it should be noted that the car
audio system was equipped with acoustic lens technology [58] at the front tweet-
ers, where the dispersion area of the high frequencies is optimized. Therefore
such reflections could be limited in this experimental setup. Thus, the expected
effect on spatial width may not have been perceived in this investigation.

Side Windows – Open

To investigate the effect of the side windows in a different way, the glass
surface of the front doors was removed. Based on the positions of Ref and So
in Fig. C.9, it can be seen that the perceived Ambience is less apparent when
windows are open. The sound is also perceived slightly more Wide & Envelop-
ing and Brighter, whereas the Image focus decreases. This condition should
indeed affect the perceived Ambience, as the cabin was not a closed–cavity any-
more. Moreover, perceived bass is affected, in agreement with previous findings
of possible standing waves along that direction [26] and increased room gain
in car cabins [59]. These findings are also supported by examining the factor
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scores of F and FSo, as their relative positions are highly similar to Ref and
So.

4.5 Effect of Windshield
The perceptual effects of adding absorptive material on the windshield, referred
to as F, are mainly apparent on the second dimension compared to reference
condition. The reduced energy coming off the large glass surface opposite the
driver seems to reveal a less Ambient and less Transparent sound field, yet,
Width & Envelopment and Brightness are not affected.

However, comparing Sc and FSc, where the relative physical change be-
tween conditions was identical to Ref and F, perceptual effects are apparent
also on dimension 1. This is an intriguing result which may indicate a strong
relationship between the combined Front and Side reflections, on the perceived
spatial properties, when the cabin is a closed-cavity.

5 Conclusions
The study employed a recently proposed evaluation methodology for auto-
motive audio, to address the perceptual effects of car cabin acoustics. The
experimental methodology included the Spatial Decomposition Method for the
acquisition, analysis and presentation of the sound fields to human assessors,
whilst a rapid sensory analysis protocol, Flash Profile, was adapted and used
for audio material. The method provided individual vocabulary profiling from
expert assessors, in a single experimental session of 1.5–3h in total.

The findings indicate the importance of the acoustical properties of a car
cabin on perceived sound quality. It was shown that even slight alterations
in the cabin, for example adding a reflective glass surface above the listener,
have a notable impact on the perceived sound field. Moreover, the significance
of reflections originating from the windshield was identified as in a previous
study [60], as well as the influence of the side windows on the perceived sound,
and a relationship between the two surfaces was also apparent. The optimiza-
tion of the system by means of equalization and DSP processing seems to highly
alter the aural experience, supporting the relevance of the industry’s current
sound tuning approaches. Finally, the identified effect of added absorption,
even at extremely short decay times may reflect on the proposed influence of
passenger occupancy [3] on the reproduced sound in cars. One could infer rela-
tions of these results to previous investigations that sought to identify the per-
ceptual aspects of sound in enclosures, e.g., studies in concert halls [43, 44] and
sound reproduction in small rooms [55]. A comprehensive literature review [35]
suggested that the perceptual space characterizing performance spaces, sound
reproduction in domestic rooms, and automotive audio seem to be heteroge-
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neous. The current results support this notion. That is, similar trends could
be observed but the interrelations of the perceptual constructs differ, and a
direct comparison would be an inaccurate representation. As similar studies
in the domain of automotive audio were not identified, the perceptual space
cannot be contrasted directly to previous results. Here, specific findings were
compared to related literature.

The investigation demonstrates the applicability of the Flash Profile in per-
ceptual evaluation of automotive audio systems. Further, it allowed a statisti-
cally robust characterization of the stimuli-set based on multivariate analyses of
both quantitative and qualitative data. The underlying perceptual constructs
of the sound fields were identified, and projected against a data–driven facto-
rial analysis. Two stimuli–anchors were used in the experiment, EQ1 and EQ0,
where their factorial position and perceptual interpretation comes in agreement
with our expectations and empirical knowledge. This further validates the ex-
perimental design [20] and the subsequent data analysis.

Nevertheless, several challenges [20] should be addressed when FP is ap-
plied in audio. That is, the assessors should be carefully selected, based on
their general sensory abilities and background [20], as the quality of the given
descriptors is highly important [61]. One should note that Flash Profile is not
intended to provide a robust attribute vocabulary. Here a number of steps were
followed to improve this limitation of the FP protocol, e.g., by introducing a
short interview where definitions were given, and by recruiting highly experi-
enced and product–expert assessors. Moreover, stimuli–anchors were added in
the experimental design and a careful statistical analysis was followed.

The use of different program types is necessary for audio evaluation [38].
Thus, the stimulus that one aims to evaluate, is the product of a program
(i.e. speech) and an acoustical modification (i.e spectral alteration). This is
not a parameter that Flash Profile and the associated statistical methods ac-
count for imposing practical and statistical challenges [20]. For example, FP
requires all stimuli to be available to the assessor simultaneously. During at-
tribute elicitation, this could be accommodated. However, during the ranking
phase, a block design is followed as the acoustical conditions must be evalu-
ated for each program material separately [38]. In consequence when analyzing
the results, one should follow statistical procedures that allow a two-way in-
teraction, between the program and the condition used. Here, the data were
averaged across program levels before the final MFA analysis to overcome this
limitatione, as no significant difference between program levels was identified.
Hierarchical clustering was then used to obtain the common perceptual con-
structs within the collected data and enable an interpretation of the results at
the panel level. The two analyses were then merged in the form of a biplot.
That is, the data–based solution of factor scores, based on the stimuli rankings,
and the perceptual constructs identified via attribute clustering, indicating the
direction of the explained variance.
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The current results provided evidence that the proposed method allows the
perceptual assessment of audio material within car cabins, and contributed to
our knowledge of cabin acoustics. It depicted the importance of several surfaces
of car’s interior and the perceptual relationships to such changes. The investi-
gation assessed a limited number of acoustic modifications in the cabin, aiming
to explore cabin acoustics and assess the applicability of the method in the au-
tomotive environment. It is however, the first time that such an investigation is
conducted in car cabins. Thus, further validation studies should be conducted.
Further studies will improve our knowledge of car cabin acoustics and identify
ways to compensate for the related sound degradation. Moreover, objective
metrics such as spatiotemporal analysis [36] could supplement the perceptual
data presented here, as shown previously [20, 26]. This would allow a better
understanding of the acoustical fields and robust investigation, supported by
both physical and perceptual metrics.

Future work includes the investigation of several cabin acoustics and sys-
tems as well as the application of the method in other acoustical environments,
for example small–sized residential rooms and listening spaces.

Notes:
a The anechoic chamber has free inner dimensions of 5.0 × 4.5 × 4.0 m, and

meets the requirements for anechoic performance down to 200 Hz. Below this
point, a low frequency compensation has been applied, as detailed previously
[20].

b PCA results are divided by the square root of the first eigenvalue, i.e.
largest singular value.

c The explained variance of a variable to the factorial space is given by R =√
R2
Dimension1 +R2

Dimension2 . Limiting the variable’s correlation the dimension
allows a factorial, i.e. exploratory, analysis whereas the total correlation to
the factorial solution is controlled, yet, the subspace is not limited to two-
dimensional inertia, i.e. highly correlated to only one dimension.

d Image focus was defined by both AS2 and AS4, as the extend at which
the sound source appears to be at certain location. The scale anchors were
labeled as muffled and focused for low and high intensities, respectively.

e Alternatively, or in the case of the averaging is not possible, Hierarchical
Multiple Factor Analysis (HMFA) [62] techniques could be followed to facilitate
similar analysis.
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1. Introduction

Abstract
An experiment was conducted to identify the perceptual effects of acoustical
properties of ordinary listening rooms in a sound reproduction scenario. Nine
sound fields, originating from four standardized residential listening rooms were
captured and spatially reproduced over a 3D loudspeaker array. A panel of ten
expert assessors identified and quantified the perceived differences, using own
perceptual attributes. Following a multivariate analysis, two principal compo-
nents summarize the sound fields of this investigation, relating to the decay
times of the enclosure and the low frequency energy content. Four perceptual
constructs seem to characterize the sensory properties of these dimensions, re-
lating to Reverberance, Width & Envelopment, Proximity, and Bass. Overall,
the results signify the importance of reverberation in ordinary listening rooms
on the perceived sensory experience and in consequence, the assessors’ prefer-
ences.

1 Introduction
In a typical real life scenario, where a listener attends to a sound source in
an enclosed space, the perceived sound is a mixture of the emitted sound and
a multitude of delayed and modified copies of it. This phenomenon occurs
as the propagating wave interacts with the enclosure’s boundaries, producing
a distinctive sound field; what is commonly referred to as reverberation. The
effects of reverberation on the perceived aural experience are well investigated in
performance spaces [1–3] and form anticipated characteristics for their designers
[4].

The direct investigation of these properties in geometrically smaller spaces,
such as residential ordinary listening rooms, is limited. The physical dimensions
of these environments are restricted compared to performance halls, exhibiting
lower values of Reverberation Time (RT), denser early reflection patterns, as
well as distinct and strong first reflections. In addition, their restricted size
introduces a dominant modal behavior at lower frequencies, creating spectral
irregularities within the enclosure. The source is typically a sound reproduc-
tion system, encompassing its own properties, which interact heavily with the
room [5, 6]. This interaction influences both the timbral [7, 8] and spatial [9]
characteristics of the perceived listening experience , as well as listeners’ pref-
erence [10]. It is therefore unclear to what extent findings in other domains,
e.g. in performance spaces, could be used to characterize the perceived aural
experience in the smaller, ordinary listening rooms [11].

In this study, we seek to investigate the effects of commonly encountered
acoustical variations of such rooms on the perceived sound field, in a typical
sound reproduction scenario. Understanding the properties of human percep-
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tion in ordinary rooms and its relation to physical characteristics of the field,
would enable a more faithful reproduction of the recorded signals, aided by
perceptually-relevant room compensation algorithms. This may increase the
capacity of reproduction systems to perceptually recreate divergent kinds of
sound fields and soundscapes in domestic environments, a highly anticipated
property for today’s multichannel rendering schemes [12, 13].

A wealth of scientific investigations in sound reproduction [5] and spatial
audio [12] attempted to decode the mechanisms that dominate the perception
of sound in ordinary rooms. Driven by the precedence effect [14], research was
steered towards the audibility thresholds [15] and perceptual relevance [5, 6, 9]
of distinct, early reflection patterns. Still, these investigations focused on the
interaction between the loudspeakers’ characteristics and the room, rather than
the perceptual influence of the acoustical properties of the reproduction room
on the perceived sound.

The aims of the current study are: (1) investigate the extent to which
common acoustical properties (e.g. decay times) of ordinary rooms affect the
perceived sensory experience, (2) identify the major perceptual attributes un-
derlying these properties and the relationships between them, and (3) examine
possible influences of the physical and sensory characteristics of these fields on
assessors’ preferences.

In Section I.A, the rationale behind the experimental design is stated. Sec-
tion II presents the experimental methods, including the experimental condi-
tions, the apparatus, and the evaluation procedures followed. The statistical
analysis of the experimental results is then described in Sec. III. The findings
are further discussed in Sec. IV, including general remarks and limitations of
the study. Finally, in Sec. V the study is summarized and concluding observa-
tions are given.

1.1 Background & Motivation
Conducting perceptual evaluation of room acoustics is not a trivial matter
[11, 16]. Challenges regarding the acquisition, presentation, and evaluation of
acoustical fields [17], as well as potential perceptual biases of human asses-
sors, restrict the capacity of repeatable and scientifically-valid experimental
frameworks [18]. In consequence, the methodology followed is typically driven
by the contextual factors, limitations, and proposed applications, resulting in
domain-specific approaches.

In practice, one could seek the perceived differences between room simula-
tions, allowing high parameter control over physical alterations of the fields.
The generality of such investigations to real spaces, however, is challenging [19].
In-situ evaluation of reproduced sound in ordinary listening rooms has also
been conducted [20]. It is however impractical and requires long time inter-
vals between comparisons. It was recently indicated that even a few seconds
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between comparisons altered assessors’ judgments [21, 22]. These findings re-
late to the limited auditory memory that humans exhibit [23] and the low
level multi-modal processes associated with room adaptation [24], where the
assessors’ psychological state and perceptual sensitivity is modified [11]. Thus,
the extent to which repeatable and robust results could be observed in such
evaluation protocols is limited.

In room acoustics assessment this limitation could be avoided by employing
a presentation scheme where the sound fields under investigation are evaluated
simultaneously, in blind experimental designs [11, 17]. In this experiment, the
perceptual evaluation was conducted in a laboratory, where human assessors
were presented with auralized sound fields [25] based on in-situ measurements
of real enclosures. The measurements included acoustical fields captured in
several listening rooms and settings, and they were spatially reproduced over a
spherical loudspeaker array in an anechoic chamber. This allowed controlled,
blind, and instant comparisons between diverse acoustical properties. Similar
approaches have been successfully applied in audio evaluation of the perceived
timbral and spatial characteristics of acoustical properties of concert halls [3,
16, 26], critical listening environments [27], and car cabins [17, 28].

When evaluating real life soundscapes, that are well familiar to human as-
sessors, one should control possible biases relating to past experiences [24, 29]
and internal references, e.g., memorized schema of a typical stereo reproduc-
tion [12, 30]. Such biases may influence assessor’s judgments relating to own
internal references and affective biases. In order to overcome this, it is rec-
ommended [18] to conduct experiments using uni-dimensional and quantifiable
features of the aural experience, referred to as perceptual attributes. Here, in-
dividually elicited perceptual attributes were used in the experimental design,
based on a rapid Sensory Analysis (SA) [31, 32] framework. This family of
protocols allows the sensory characterization and quantification of complex and
multidimensional stimuli, avoiding global and hedonic biases. These techniques
have been instrumental in audio evaluation studies, such as spatial audio re-
production through loudspeakers [33, 34], concert halls [3, 26], and automotive
audio [28, 35].

2 Methods
The experimental design followed the Flash Profile (FP) [36, 37] protocol,
adapted for evaluation of audio material [17]. Previous studies [17, 28] discussed
the rationale and the practical implementation of the experimental methodol-
ogy in detail. In this section the applied methodology is briefly presented.
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SDM
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i.e. Nearest Neighbor

Spatiotemporal
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i.e. music

*

Acquisition ReproductionAnalysis & Synthesis

Fig. D.1: A schematic describing the processes followed during acquisition, analysis, syn-
thesis, and presentation of the sound fields.

2.1 Acquisition of Room Impulse Responses
In-situ measurements were conducted to obtain spatial Room Impulse Re-
sponses (RIR). The excitation sources, two full-range loudspeakers (Genelec
1031A with 7041A subwoofer), were placed in a 2-channel stereophonic con-
figuration [38, 39]. The sources were level-matched individually and the total
system was calibrated at the listening position, at 82dB (C-weighted) sound
pressure level, using 10 s of pink-noise.

The acoustical field was captured by a 3D vector intensity probe (G.R.A.S,
50VI-1), comprising of two coincidental microphones on each axis, separated
by 25 mm. The RIR of each loudspeaker was measured separately, using a 5 s
logarithmic sine sweep [40] at 192 kHz sampling rate.

The captured RIR were analyzed using Spatial Decomposition Method (SDM)
[25]. SDM provides a spatiotemporal analysis, where the instantaneous direc-
tion of each discrete sample is calculated. The spatial information is then com-
bined with the captured pressure, to spatially synthesize the acquired sound
field. That is, the acoustical energy is distributed to a set of reproduction
loudspeakers using a parametric reproduction scheme; here the nearest neigh-
bor technique was followed [41]. The sound field acquisition, analysis, and
reproduction schemes are graphically summarized in Fig. D.1.

2.2 Room Acoustic Parameters
During the acquisition of the RIR, described above, an additional set of mea-
surements was performed for the calculation of standard acoustical parame-
ters [42, 43]. To achieve precision RT measurements [43], the acoustical energy
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was emitted by an OmniSource 4295 (Brüel & Kjær) and a subwoofer YST-
W300 (Yamaha), at three positions, and captured by four arbitrarily placed
microphones (1/2” 40AZ, G.R.A.S. Denmark). The acquisition of the RIR was
achieved by the sine-sweep method [40], sampled at 48 kHz. The estimation of
RT30 was based on Schroeder’s backwards integration method [43] on theRIR,
averaged across ten repeats for each source-receiver combination [44].

2.3 Experimental Conditions
The IEC:60268-13 [38] recommendation describes a set of properties and set-
tings, that represent the acoustical and physical characteristics of residential
listening environments. It includes general constraints in the physical dimen-
sions of the enclosure and relative ratios between boundaries, as well as a range
of possible RT across frequency. A large survey of residential spaces also indi-
cated similar findings [45].

Four listening rooms were used in the experiment, representing a set of
residential, ordinary listening environments. All four rooms, labeled as Room
A–D, comply with the size and structural requirements of IEC:60268-13 [38].
The structural and acoustical characteristics details are given in Table D.1.

Rooms A, B, and D, comprise of wooden floors and ceiling, and acousti-
cally treated boundaries, including ordinary furniture, and fully comply with
IEC:60268-13 [38] specifications. Room C, is a critical listening space [46], built
to host multichannel reproduction layouts [39]. It is therefore characterized by
low RT30, larger volumetric size than a typical room, and does not include
furnishing.

In order to capture a wide range of possible acoustical fields, the interior of
Room D was physically modified. The modifications aimed to vary the RT of
the field, as uniformly as possible across frequency. The modular structure of
Room D allowed successive modifications in all boundaries. Modifications in
the lateral plane were completed in symmetry. The reproduction system was
fixed and the direct paths between the source, ceiling, floor, side walls, and the
receiver were not acoustically modified. This ensured constant contribution of
the first reflection points in these measurements, as shown in Table D.1.

The reproduction system was positioned at a common relative point in
all rooms. This was followed to avoid extreme alterations at low frequencies,
due the rooms’ dissimilar modal regions [5]. Figure D.2 depicts the overlaid
diagrams of the setup during the acquisition of RIR in all rooms. The measured
sound pressure at the listening position is shown in Fig. D.3a.

2.4 Stimuli Selection
Nine acoustical conditions were selected for the listening experiment. That is,
the unmodified sound fields of Room A, B and C, and a set of six acousti-
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Fig. D.2: Experimental setup used in the measurements, including the dimensions of the
four rooms used in this study, and the relative position of the reproduction system. The
overlayed diagrams are in scale.

cal conditions originating from Room D. The selection was based on a pilot
experiment that assessed the ability of three expert assessors to discriminate
differences between conditions. The final acoustical conditions provided a range
of possible RT of an ordinary room as described in IEC:60268-13 [38], including
extreme cases. They are labeled as Room D-1 to D-6, ranging from the low-
est measured RT30 to the highest, respectively. The nine acoustical conditions
used in the experiment formed the levels of the first Independent Variable (IV),
summarized in Table D.1. Their calculated RT30 are graphically shown in Fig.
D.4.

To reproduce the acoustical conditions in the laboratory, the analyzed spa-
tial RIR were convolved with the three program materials, loudness–matched
before convolution at -15 dBLUFS. The program materials included: (1) Shola
Ama – You might need somebody, 0:09–0:25, (2) Anechoic Kongas African
Rhythms – Music For Archimedes [48], 0:24 – 0:33, (3) Female Speech English
– EBU SQAM [49], 0:00–0:15. These three excerpts were selected based on the
ecological validity given for the experimental scenario, their dissimilar spectral,
dynamic, and spatial properties, shown in Fig. D.3b, and their ability to ex-
cite the differences between the acoustical conditions selected. These excerpts
formed the three levels of the second IV, the Program, and are further referred
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2.5 Experimental Apparatus
Forty full-range loudspeakers (Genelec 8020C) and three subwoofers (Genelec
7050B) were placed in an anechoic chambera, in a spherical orientation of
1.55 m radius. The physical placement of the reproduction loudspeakers in
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the laboratory was based on a spatiotemporal analysis [47] of the RIR cap-
tured in four standard listening rooms, previously described in Sec. II.C. The
reproduction array is depicted in Fig. D.1. The tolerance between the indi-
vidual loudspeakers was ±1.5dB at 25–16k Hz. All forty-three loudspeakers
were temporally matched at the listening position, to account for any inherent
inconsistencies of their positions.

To avoid possible visual biases, the assessors were guided in the anechoic
chamber by the experimenter under dark conditions. The experimental setup
included an acoustic curtain that separated physically and visually the assessors
and the experimental apparatus. During the experiment the reproduction level
was 75± 0.5 dBLAeq(15s) at the listening position, across all stimuli.

Questionnaire
& Consent

Audiometry

ABX

Introduction

Attribute elicitation
on visual stimuli

Attribute
Elicitation

Attribute
Definition

Attribute
Ranking

Preference
Task

Main Experiment - Flash Profile

Pre-Screening

Written / Verbal
Briefing

Training

Training using GUI

Fig. D.5: Experimental procedure.

2.6 Experimental Procedure
The experiment was completed in a single session and comprised of three
phases: pre-screening, introduction, and the main experiment, the FP pro-
tocol. The experimental procedure is summarized in Fig. D.5.

First, the assessors completed a questionnaire, where background informa-
tion was collected and consent was given. During pre-screening, the assessors’
hearing sensitivity was evaluated [50]. Their ability to discriminate differences
between alterations of room acoustical parameters was then assessed, over a dis-
crimination experiment (ABX). The assessors were presented with three stimuli
on each trial, labeled as ‘A’, ‘B’, and ‘X’. Their task was to identify which of
two choices was the most similar to stimulus ‘X’. A set of sixteen acoustical
conditions and two program types were evaluated. The stimuli included in
this short screening experiment were created using identical procedures as de-
scribed above, and presented on headphones, using non-individualized binaural
synthesis. In order to avoid familiarization and adaptation effects, the stimuli-
set made use of similar acoustical fields as the final experiment, i.e., the relative
RT differences between the conditions was similar to the experimental condi-
tions (Sec. II.C), but not the actual sound fields or program materials. Only
assessors that achieved more than 75 % correct responses continued to the next
phase.
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The assessors were then introduced to the final experimental procedure, the
principles behind FP and the experimental methodology, in verbal and written
form. An attribute elicitation procedure was then followed, for a selection of
visual stimuli. A set of dissimilar objects was presented on screen and the
assessors were asked to characterize their differences using uni-dimensional,
scalar, and non-hedonic descriptors. Finally the assessors familiarized with the
user interfaces on a tablet.

This main listening experiment included four parts, the attribute elicitation,
the attribute definition, the ranking, and the preference task. These tasks were
conducted in the experimental apparatus described in Sec. II.E, under dark
conditions. The assessors were asked to provide as many verbal descriptors as
necessary to characterize the perceived differences between the presented sound
stimuli. They were allowed to label the extreme intensities of that attribute,
e.g., for the attribute ‘Bassiness’ one could set high intensity to ‘too much’
and low intensity to ‘just audible’. During the elicitation procedure, all stimuli
were available on screen, including the nine acoustical conditions and the three
program materials.

Following the attribute elicitation, the assessor provided definitions for the
given attributes and ordered them based on the perceived audibility and per-
ceptual importance. Then, the assessors performed the ranking phase of the
FP protocol. A block design was followed, where each block evaluated one at-
tribute, in three trials, one for each program type. At each trial, the assessors
were exposed to ten stimuli, the nine acoustical conditions, and a hidden repeat.
The hidden repeat was included to assess the ability of the assessor to correctly
discriminate and quantify the stimuli on the given trial. The scales were pre-
sented as a continuous vertical slider, 15 cm long [31]. Assessors were able
to loop any time segment of the presented stimulus, as in standard evaluation
procedures [51]. The presentation order was counterbalanced by randomization
for all experimental variables and assessors.

After successful completion of the FP procedure, assessors were asked to
indicate their personal preference to the presented stimuli. Prior to this phase,
assessors were not informed about the context of the presented sound fields,
nor the preference task, to allow faithful and unbiased judgments between the
stimuli [18]. For the preference task however, it deemed necessary to inform the
assessors about the experimental details, so that an ecologically valid scenario
was realized and the appropriate hedonic response was evoked. Literature
pertaining the evaluation of real scenarios in the laboratory [34, 52] suggests to
envisage assessors to a given situation. In the current study, the assessors were
given the instruction of: “Imagine that you are in a living room listening to a
2-ch stereophonic reproduction over loudspeakers. Please rank the presented
stimuli in a way that expresses your preference from ‘highly dislike’ to ‘highly
like’.” The attribute ‘Preference’ and its anchors were presented on screen, and
assessors performed three trials, one for each program type.

160



3. Results

Assessor 1

...

a
tt
1

a
tt
2

a
tt
(n
)

Assessor 10

...

A

D-6

48 Attributes by 10 asssessors

a
tt
1

a
tt
2

a
tt
(n
)

M
u
si
c

S
p
e
e
ch

Sensory HedonicPhysical

9
a
c
o
u
s
ti
c
a
l

c
o
n
d
it
io
n
s

... ...

M
u
si
c

S
p
e
e
ch

P
e
rc
u
ss
io
n

9
a
c
o
u
s
ti
c
a
l

c
o
n
d
it
io
n
s

R
T
3
0

Metrics

E
D
T

C
5
0

...

MFA MFA PCA PCA PCA

A
s
s
1

A
s
s
2

A
s
s
1
0

Preference Ratings
by 10 Assessors

...

D
R
R T
s

B
a
s
s
S
tr
e
n
g
th

B
a
s
s
P
u
n
c
h

B
a
s
s
D
e
e
p

9
a
c
o
u
s
ti
c
a
l

c
o
n
d
it
io
n
s

...

MFA

Percussion Percussion

Sensory Profile

Validation Profile

Preference Profile

Fig. D.6: Data structure used in the statistical analysis. Each hierarchical node, denoted
as Sensory, Physical, and Hedonic, describe the observations of a given dataset, used as the
main hierarchical nodes in Hierachical Multiple Factor Analysis (HMFA). The horizontal
lines identify the hierarchical nodes for a given hierarchy tree. Sensory data included the
individually elicited attributes, used for calculating the sensory profile in Sec. III.A. Physical
data included Reverb Time (RT30) and Early Decay Time (EDT) for each of the 31.5-8k Hz
octave bands, Clarity Index (C50), Direct-to-Reverb-Ratio (DRR), and three metrics for the
perceived bass, namely the Bass -Strength, -Punch, and DeepBass. The sensory and physical
data were combined for calculating the validation profile, in Sec. III.D. Hedonic data include
the preference ratings of each assessor, grouped by program type. All three datasets were
combined to provide a global preference profile, presented in Sec. III.E.

During all the experimental phases assessors followed self-paced and self-
controlled procedures, using a custom MAX/MSP GUI on a tablet [17]. No
time limits were set to complete the tasks but short breaks were regularly com-
pleted to avoid possible listening fatigue. The whole experimental procedure,
including breaks, was completed in 55 min–125 min (Mean = 84 min).

2.7 Assessors
Ten assessors participated in the experiment as volunteers. The assessors are
considered as experienced listeners, with an average experience of 11.4 years
(s.d. ± 5.5) in acoustics research and development, spatial audio reproduction,
and critical listening as part of their profession. All assessors reported profi-
ciency in standard audio evaluation procedures. Seven assessors were familiar
with sensory analysis protocols for evaluation of audio material and six had
performed attribute elicitation procedures before. They were all male, aged
between 27-47 years old (Mean = 34.1, s.d. ± 6.2). Their hearing sensitivity
was confirmed to be above 20 dBHL between 125–8k Hz by standard audio-
metric evaluation [50].

3 Results
In the current experimental design nine acoustical conditions were evaluated
in terms of their sensory and hedonic characteristics for three program types.
All ten assessors correctly identified the hidden repeats, in both preference and
sensory tasks and no data points were eliminated for the statistical analysis.
The experimental Dependent Variables (DV) included 48 individually elicited

161



Paper D.

attributes, describing the perceptual differences between the stimuli. These
observations are further referred to as sensory data. The assessor’s hedonic
responses were also collected in a free preference task, and they are further
referred to as hedonic data. The physical properties of the sound fields were
also calculated, and will be referred to as physical data. The datasets are
summarized in Fig. D.6.

In classical SA, i.e., of food products [31], the statistical analysis of such data
is achieved by utilizing multivariate techniques such as Generalized Procrustes
Analysis (GPA) [53] and Multiple Factor Analysis (MFA) [54]. When evalu-
ating audio material, however, the stimulus-under-test is always the product
of an acoustical condition, e.g., spectral modification, and an excitation pro-
gram, e.g., speech [17, 18]. This property of audio evaluation is limiting, as
possible interactions between the two factors, i.e. the acoustical conditions and
the excitation programs, may not be easily identified by common univariate
techniques. To overcome these challenges, an extension of MFA was followed
in this study, namely, the Hierarchical Multiple Factor Analysis (HMFA) [55].

HMFA applies a multivariate analysis to a group of variables that are hierar-
chically inter-related. In a given dataset, HMFA performs a factorial analysis at
each hierarchical node of a defined hierarchy, while keeping the role of each node
equal to the global factorial space. This enables a balanced statistical analysis
of several multi-table datasets, aiming to identify the most prominent compo-
nents between them and their underlying relationships. In an audio evaluation
protocol, it allows the analysis of the perceptual dimensions for all assessors in
a common factorial space, while the within-variance, i.e., the within-inertia, of
each excitation program is individually computed and preserved.

3.1 Ordination of Sensory Data using HMFA
Initially, an HMFA was conducted [56] on the sensory data. The three hierar-
chical nodes of the sensory data included the observations of the nine acoustical
conditions, for each program type separately, i.e., speech, music, percussion,
as shown in Fig. D.6. This analysis provided a global factorial space of the
assessors’ perceived differences and similarities for the presented acoustical con-
ditions. Yet, the observations were analyzed for each node separately, i.e. each
level of the program, and a common solution was calculated. This analysis
allows the evaluation of the main effects of the design’s IVs. That is, the
acoustical Condition and Program.

Similar to its predecessor, the MFA, HMFA provides a graphical ordination
of the stimuli in a common factorial space, known as factor map. Figure D.7
depicts the factor map of the sensory data, including the partial contributions
of the hierarchical nodes, i.e., the program levels. The partial points for each
condition denote the direction of the variance, explained by the three data
sets, i.e. the observations when listening to music, speech, and percussion.
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Fig. D.7: Factor map showing the sensory profile of the experimental conditions. The
profile is a result of three separate analyses, one for each program type. The mean is then
calculated based on equally weighted contributions via the HMFA analysis, and the individual
components are visualized in a common factorial space as partial points.

The barycenter of these points, gives the mean ordination of the individual
acoustical condition, across all programs.

The first two dimensions represent adequately the data, accounting for al-
most 80% of the total variance. All acoustical conditions are adequately sepa-
rated, and no overlaps can be seen. On the first dimension, Room C and Room
D-6 hold the extreme points and the remaining conditions are ordered in be-
tween these. It is noted, that acoustical conditions with low RT30 values are
positioned negatively on this dimension, and the more reverberant conditions,
on the positive side. One could hypothesize that this dimension may relate to
the decay time of the acoustical conditions, as the position of the conditions
matches their calculated RT and Early Decay Time (EDT), i.e., from the lowest
value, Room C, to the highest Room D-6.

The second dimension is mainly driven by Rooms A and B, while the
remaining acoustical conditions share similar coordinates on this dimension.
However, in some conditions, e.g., Room A, Room B, and Room C, a strong
opposition between the different program types is apparent, especially on the
second dimension. To further analyze this interaction, the axial inertia for each
of the hierarchical nodes for the first five principal components of the HMFA so-
lution was calculated, shown in Table D.2. These results indicate that although
the solution of HMFA was balanced across program types for most dimensions,
the second dimension is highly driven by the assessors’ ratings relating to mu-
sic, compared to ratings when assessors listen to speech, and percussion. This
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suggests that music ratings were more sensitive to the perceptual property un-
derlying the second dimension; compared to when percussion and speech were
used as the excitation signal. This could be related to the properties of the
program materials when combined with the acoustical conditions used.

Table D.2: Decomposition of inertia of the HMFA analysis, in eigenvalues, split by each
program type.

Dim. 1 Dim. 2 Dim. 3 Dim. 4 Dim. 5
Percussion 0.99 0.09 0.13 0.05 0.04

Music 0.95 0.43 0.09 0.09 0.07
Speech 0.99 0.07 0.05 0.06 0.05

Total Inertia 2.93 0.59 0.28 0.20 0.17
Total Inertia % 65.44 13.17 6.16 4.48 3.70

3.2 Clustering of Individually Elicited Attributes
In the above analysis the sensory profile of the presented acoustical conditions
has been summarized. This factorial solution depicts the ordination of the
experimental stimuli based on the perceived differences and similarities of all
assessors, i.e., the consensus sensory profile. It will be more informative, how-
ever, if the perceptual properties underlying these factorial relationships are
included in the same analysis [3]. This is a trivial matter when assessors use
a common list of attributes [57], known as a consensus vocabulary, as each
attribute is a common variable across all assessors [31].

In individual vocabulary methods, such as FP, each assessor elicits and
uses own attributes. Thus, the semantic meaning of the collected attributes,
their anchors, and intensity levels are unique to each assessor. Naturally, this
limits the extent in which one could summarize the perceptual dimensions of
all assessors by assuming semantic equivalence.

In order to identify the common perceptual constructs underlying the indi-
vidually elicited attributes across all assessors, a post-hoc analysis is required.
This is typically achieved by grouping the individually elicited attributes into
common semantic categories, i.e., based on the given definitions [34]. It was
however shown that the classification of the attributes into collective categories
could be based on the true structure within the collected data [16, 17]. This may
limit potential interpretation biases, especially in individually elicited vocabu-
laries, where each assessor labeled, defined, and rated the perceived differences
with no guidance.

Here, the grouping of the collected attributes was achieved using Agglomer-
ative Hierarchical Clustering (AHC), similar to previous individual vocabulary
studies [3, 28]. An AHC based on the Euclidean distances of the MFA coordi-
nates of each attribute was calculated, in conjunction with Ward’s criterion [58].
As AHC assigns equal weight to all attributes, independent of the contribution
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to the principal components, any individual attribute that did not correlate
well to any of the first two principal components was excluded [28], i.e., | r |
Dim1/Dim2 <0.65 b. A total of 43 attributes were used in the AHC analysis, as
the best representative drivers to the dimensions of interest.

Reverberance Width & Envelopment Bass Proximity

C
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O
S

E
N

E
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S

Fig. D.8: Clustering dendrogram of individually elicited attributes of each assessor, based
on the MFA coordinates of each attribute. The assessor’s number is also included for each
attribute, denoted as ‘A01−10’.

Two main clusters were identified, comprising of four main groups of vari-
ables, as shown in Fig. D.8. The first cluster splits into two branches. The first
branch highlights attributes relating to the perceived effects of Reverberance,
e.g. ReverberationA01,08, Room SizeA03,09. The second branch consists of at-
tributes relating to the main components of spatial impression [59] of the sound
field, i.e. the perceived Width & Envelopment. Lastly the second cluster clearly
identifies attributes relating to the perceived Bass content, on its first branch.
Its second branch includes attributes relating to the perceived distance, close-
ness and proximity. For consistency with previous studies [3, 60], this cluster
will be refereed to as Proximity [11], indicating how close the auditory event is
perceivedc.

It is noted that the semantic equivalence between the attributes within
certain clusters may not be strongly inferred at this point. This is a common
observation in free verbal elicitation experiments [57], where assessors label
and quantify their perceived sensations without guidance or anchoring. As
AHC seeks to classify interrelated attributes into a group, the attributes whose
ratings were similar across the conditions, are classified as homologous. The
clusters are then labeled based on the given attribute definitions [57], and the
related literature [11]. A validation of these hypotheses follows, in Sec. III.D.

The four identified clusters form the perceptual constructs of this study,
underlying the properties of the perceived differences across the assessors and
will be further referred to as Reverberance, Width & Envelopment, Bass, and
Proximity.

165



Paper D.

-3 -2 -1 0 1 2 3

-1
0

1

D
im
2
(1
3
.1
7
%
)

Dim 1 (65.44%)

Room C Room D-1
Room D-2

Room D-3

Room D-4

Room D-5

Room D-6

Room B
RoomA

Width & Envelopment

Bass
Reverberance

Proximity

Fig. D.9: Biplot showing the sensory profile of the acoustical conditions. Vectors indicate the
direction of inertia, given by the mean coordinate each cluster, i.e., the perceptual construct,
and colored based on the identified clusters.

3.3 Sensory Profile of Acoustical Conditions
One could combine the two analyses, the HMFA ordination and the clustering
results, in the form of a Biplot. This would allow a better understanding of
the relationship between the perceived differences across the stimuli and the
perceptual constructs underlying these relationships.

Fig. D.9 shows the ordination of the acoustical conditions, i.e., the mean
coordinates calculated in Sec. III.A., and the projections of the perceptual
constructs, identified in Sec. III.B, in the form of vectors. The direction of each
vector indicates the direction of inertia within the conditions that is driven by
the ratings of the clustered attributes, i.e. the perceptual construct. In effect,
the projected vectors provide a perceptual explanation for the positioning of
the acoustical conditions in this two-dimensional factorial space. The length of
each vector indicates the quality of representation of the perceptual construct to
the factorial space, i.e., its cumulative correlation to the principal components.
In consequence, the projections with low correlation to the solution will be
poorly represented due to their low contribution to the explained variance,
thus, challenging to interpret.

The analysis summarized in Fig. D.9 suggests that the first dimension re-
lates to the perceived Reverberance and Width & Envelopment while it opposes
the perceived Proximity of the sound source. Proximity vector faces the oppo-
site direction, which indicates its negative correlation to the dimension. This
relationship is well known to room acoustics. That is, the perceived distance
increases as a function of reverberation, commonly explained by the higher
values of Direct to Reverb Ratio (DRR) [61].

Reverberance, that is the feeling of being inside a bigger, i.e. reverberant
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roomc, is correlated to perceived Width & Envelopment on the depicted di-
mensions. This suggests that the ordination of acoustical conditions on the
first dimension is driven positively by these perceptual constructs. That is, a
condition that has been described and quantified as more reverberant by the
assessors, has also elicited a more wide and enveloping feeling, and vice versa.
Still, the perceptual constructs were distinct to each other, and assessors were
able to separately evaluate them.

Several studies [11] have shown that the perceived width and envelopment is
related to the early energy originating from different directions [11]. One should
note that in the current experiment, there was no intention to systematically
vary the early reflection patterns in a specific manner, but rather compare
sound fields between typical listening environments, and uniform spatial alter-
ations of RT within such spaces, as shown in Table D.1. As the assessors’ task
was to identify and quantify the perceived differences between the stimuli, the
perceived Reverberance and Width & Envelopment were determined and quan-
tified as separate percepts. Yet, their ratings were proportional, as one would
expect for the stimuli set presented. In consequence, the statistical analysis
indicates that the attributes relating to these perceptual constructs were clas-
sified in two separate branches, yet the direction of inertia explained by these
constructs in the common factorial solution is similar.

The second dimension is described by the perceptual construct of Bass. All
variants of Room D share similar positions on this dimension, indicating per-
ceptual equivalence to the perceived Bass content. Room A and Room B are
perceived as less bassy, compared to the remaining acoustical conditions. One
should expect such results, as low frequencies in small enclosures are mainly
driven by the modal behavior of the enclosure, in consequence, their physical
dimensions. Based on the current evidence, one could infer that this dimension
describes the perceived low frequency content, in terms of spectral dissimilarity
between the different rooms. This is also evident when contrasting the mag-
nitude responses between the rooms, in Fig. D.3a, as Room A and Room B
indicate the least energy levels below 100 Hz, compared to the other rooms.

3.4 Validation of Sensory Profile
In the previous analysis, the sensory profile was constructed based on the as-
sessors’ sensory quantification and tangible explanations of the profile were
identified and projected to a factorial solution. This analysis identified the sen-
sory characteristics of the presented acoustical conditions, e.g., their perceived
differences and similarities, and constructed a factorial plane describing these
relationships based on solely perceptual data, as given by the assessors.

Using HMFA it is possible to assess the construct validity of the applied ex-
perimental methodology. That is, the extent to which the identified perceptual
constructs and sensory profiling relate to the physical characteristics of these

167



Paper D.

fields.
To evaluate this, the sensory data, i.e., the perceptual responses given by

human assessors, and the physical data, i.e., the acoustical parameters of the
sound fields, formed the hierarchical nodes of the HMFA. This analysis com-
pared the profile of the stimuli based on the sensory characteristics, as given
by the assessors’ responses, and the profile based on the physical properties of
the acoustical conditions, for example the RT30 of an acoustical condition.

Fig. D.10 shows the ordination of the acoustical conditions based on this
analysis. The explained variance of the analysis is 80 %, suggesting a well rep-
resented dataset. Moreover, the close positioning of the partial points indicate
a good agreement between the physical profile and the sensory profile as they
hold similar coordinates in both dimensions. The partial points on Room A,
Room B, and Room C, seem to differ in the second dimension, denoting a slight
disagreement of the two datasets for these conditions.

To further investigate this, the physical metrics and the perceptual con-
structs were projected into the factorial space in a Biplot, shown in Fig. D.11.
The acoustical conditions are positioned in the factorial plane based on the
mean coordinates of the sensory and physical data. The projected vectors
indicate the directions of variance explained by the variables.

On the first dimension, the variance explained by the measured RT30 and
the EDT of the acoustical conditions indicate an excellent relation to the per-
ceptual construct of Reverberance. The metrics relating to the temporal dis-
tribution of energy in the rooms, i.e. the Clarity index (50ms) (C50) and
DRR, indicate strong correlation to the perceived Proximity, opposing the per-
ceived Width & Envelopment. Center Time (TS) [43] correlates well to the
first dimension, indicating its inversely proportional relationship to perceived
Proximity of the source, as well as it’s direct relation to the physical measure
of RT30.

Based on the sensory profile, identified in Sec. III.A, it was hypothesized
that the second dimension may link to low frequency content of the condi-
tions, as suggested by the perceived construct of Bass. To objectively verify
this hypothesis, a physical metric for the perceived bass content could be used.
Recently, Volk et al. proposed a series of perceptually-based metrics, the Bass
Punch [62], Bass Strength [63] and Deep Bass [64], aiming to assess the per-
ceptual properties of broadband signals at low frequencies. These metrics have
been included in the analysis, shown in Fig. D.11, suggesting that the second
dimension relates to spectral differences at low frequencies between acoustical
conditions.

As described above, when performing HMFA, the inertia within the indi-
vidual hierarchical nodes could be projected in the global factorial space. Here,
the sensory data included three sub-hierarchies, based on each program type,
as shown in Fig. D.6. The partial vectors of each perceptual construct and
program are also projected in the factorial solution, shown in Fig. D.11. These
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Fig. D.10: HMFA factor map, depicting the resulting profile of sensory and physical data.
Partial points identify the ordination of the stimuli for the two hierarchical nodes of this
analysis.

indicate the direction of inertia of each perceptual construct, when different
program materials were used.

The previously identified interaction between the programs, seen in Sec.
III.A, is also apparent here. The projection of the partial vector of Bass when
assessors evaluated music content, suggests a good correlation to the second
dimension and the factorial solution. In contrast the relatively short lengths of
the partial vectors of Bass relating to the other two program levels, confirm a
low quality of representation. This is an expected result, as the low frequency
content of percussion and speech is limited, indicated in Fig. D.3b. It could
be inferred that when these programs were used as an excitation signal, the
audibility of these spectral differences between conditions was reduced, and in
consequence the assessors’ discrimination ability was affected.

In the previous section, a hierarchical clustering was employed to identify
the common perceptual constructs. The clusters were then labeled based on the
semantic definitions of assessors’ own attributes and previous studies. These
were projected into the factorial space, aiming to understand the perceptual
relevance of the dimensions of the sensory profile. Here, the analysis suggests
that the projections of the identified perceptual constructs share high similar-
ities to the physical metrics that are known to excite such sensations [11].

In summary, this analysis suggests that the factorial space constructed from
the assessors’ quantification of the perceived differences relates to the physical
characteristics of the sound fields used in this investigation, supporting the
previous hypotheses, and the construct validity of the experimental design.
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3.5 Sensory, Hedonic, and Physical Data - Global Profile
In the final part of the experiment, the assessors’ hedonic responses were also
collected in a preference task. In order to understand the relations between the
sensory, physical, and hedonic responses of assessors, preference-mapping tech-
niques are typically followed [65]. Such analysis allows the direct identification
of each acoustical conditions’ sensory and physical characteristics, driving the
assessors preferences.

For complex multi-table datasets, as the data in this study, preference map-
ping is achieved by computing the factorial solution of all the datasets simul-
taneously, and projecting the driving variables in that space [3]. Figure D.12
shows the common factorial space achieved by the three hierarchical nodes,
the sensory, physical, and hedonic data, as described in Fig. D.6. The rela-
tive ordination of the acoustical conditions is similar to the previous analyses.
The partial points shown in Fig. D.12 suggest a good agreement between the
sensory and physical profiles. The hedonic profile includes larger differences
mainly on the second dimension, yet, there is a good consensus to the first
dimension.
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Fig. D.13: Biplot showing the common factorial space for sensory, physical, and hedonic
profiles. Vectors indicate the direction of inertia for the variables from each profile.

This factorial solution could be explained by the Biplot shown in Fig. D.13.
Here, the drivers explaining the variance in this factorial plane include both
the sensory and the physical variables. The position of Room D-6 opposed the
construct of Preference, suggesting that this condition was the least favorite
across assessors, whereas Room C, D-1, and D-2 were the most preferred. The
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perceived sound in these sound fields exhibit high Proximity and they are identi-
fied as less reverberant, wide, and enveloping. Assessors’ preference is explained
well by lower decay times given by RT30 and EDT, higher levels of DRR and
C50, and in consequence lower values of TS.

The perceived bass does not seem to explain the preference ratings ade-
quately, yet, it indicates a contribution to the variance, due to its position on
the first dimension. The depicted partial vectors, indicating the direction of
inertia for a perceptual construct split by program type, have similar direc-
tions. That confirms that the mean coordinates of the perceptual constructs
could explain adequately the factorial space, and no interactions between these
partial programs can be seen in this analysis.

4 Discussion
The experiment investigated the perceptual effects of the acoustical proper-
ties of four ordinary listening rooms. In addition, a within-room analysis was
included, where the listening room was physically altered to cover a range of
possible decay times according to the IEC:60268-13 recommendation [38], in-
cluding maximal anchors.

The primary findings suggest that the decay times of such fields is a domi-
nant factor on the aural experience and it explains the majority of the perceived
differences in this investigation. The RT of the sound field seems to influence
the perceptual constructs relating to Reverberance and Width & Envelopment.
In contrast, the perceived Proximity, that is the sense of a source being close
or distant to the listener, is degraded at higher levels of RT.

In the current experimental design a controlled acquisition procedure was
followed aiming to avoid strong modal behavior at low frequencies and focus
on the spatiotemporal properties of the sound field. Still, the effects of low
frequency differences between conditions, i.e. the four rooms, seem to be an
important perceptual aspect; here labeled as Bass, which explained ∼13% of
the variance of the sensory data.

The previously suggested two-dimensional character of the perceived dif-
ferences in such environments [66] was also apparent here. The first identified
dimension relates to reverberation and its cognate percepts, e.g, the perceived
distance [67]. The second dimension relates to perceived spectral effects, as
shown before [7, 68].

Four perceptual constructs seem to explain the factorial dimensions identi-
fied in this investigation, namely, Reverberance, Width & Envelopment, Prox-
imity, and Bass. One could infer that this is a limited number of perceptual
constructs and attributes, compared to concert hall [16] and spatial audio re-
search [11]. It has however been noted [67], that a relatively few number of per-
ceptual aspects are enough to describe small, ordinary rooms, where reverbera-
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tion accounts for most. The current results indicate that assessors were able to
identify and appropriately quantify the perceptual constructs independentlyd.
This suggests that although some constructs seem to correlate in the factorial
solution, e.g., Reverberance and Width & Envelopment, they elicited different
sensory aspects. It is therefore suggested that the four perceptual constructs
identified in the study form major characteristics of perceived aural experience
within the presented sound fields.

The preference profile, that combined the sensory, physical, and hedonic
observations supports previous findings [27], that assessors systematically pre-
ferred the sound fields with lower RT. These fields evoked the sense of a less
reverberant, and less wide and enveloping space. The sources were perceived
as closer to the listener, exhibiting high levels of Proximity. It is remarkable to
note that the current results suggested that a negative preference is apparent
for acoustical conditions with RT higher than 0.4 s, the proposed mean value
in the IEC recommendation [38]. Differences relating to the low frequency con-
tent within the presented conditions have also influenced assessors’ preference,
but at a lower degree than one could expect [69]; this may relate to the specific
programs used in the study.

These results signify the effects of acoustical properties on the perceived
sound and indicate the importance of strict RT limits in standard listening
rooms, when loudspeakers [38] and impairments of audio signals [46] are eval-
uated. It was shown that slight alterations of the RT, e.g., ≈0.1 s between
Room D-2 and Room D-3, evoked different hedonic and sensory percepts and
intensities.

4.1 Limitations & Future work
Overall, the experimental paradigm seem to overcome multiple challenges re-
lating to evaluation of room acoustics properties [11]. The assessors were able
to identify and accurately quantify their sensations using a rapid sensory anal-
ysis method, the Flash Profile. Spatial aspects of the sound fields that one
perceives in a real environment , i.e., distance from the source and apparent
width, were evoked and appropriately quantified in a consistent way, compared
to previous investigations that failed to reproduce such attributes [17, 67].

Nevertheless, the current approach has several limitations. FP requires all
the stimuli to be available to the assessor at all times. In audio evaluation,
this is a challenge. Typically several excitation signals (programs) are required
to adequately assess the acoustical conditions of interest. A large variety of
program material increases the ability to generalize the experimental results,
yet the time required to complete the experiment increases significantly. It is
therefore required that the experimenter balance this trade-off, by selecting the
appropriate type and number of program materials.

Following the need of simultaneous presentation of all stimuli, another chal-
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lenge is introduced. During attribute elicitation, it is possible to provide all
program-conditions combinations in a single trial, as required. However, during
the ranking phase, the experimental conditions must be evaluated for each pro-
gram material separately [18], which requires a block design. Thus, although
the individual attributes given by the assessors in the elicitation phase may
have been evoked by certain program materials only, all attributes are used to
assess all program-condition combinations during ranking. In consequence, the
audibility of such differences might be reduced when other program materials
are used in the ranking phase.

This may lead to two major implications. First the task becomes more dif-
ficult for the assessor and it requires more time and effort to complete. Second,
it is likely to enhance statistical interactions between the acoustical conditions
and the program materials. If one follows a simple multitable analysis such
as GPA or MFA this interaction will result in an increase of the statistical er-
ror, hence decrease the explained variance, leading to misinterpretation of the
experimental results. Here, HMFA was followed. The observations were ana-
lyzed for each program separately, and then they were combined in a common
solution, preserving the contribution of each partial. This analysis depicted
the perceptual construct of Bass to differ between programs and the statistical
techniques followed accommodated this. It is therefore highly recommended
to follow statistical methods that allow interactions between variables when
analyzing similar datasets.

The study utilized a panel of expert assessors, trained in the domain of
audio evaluation, as commonly recommended for FP studies. By conducting
FP with expert listeners, the experimental time required is significantly re-
duced [17] and only few assessors are needed to complete the task, while no
aural or vocabulary-based training is required [32]. Here, a clustering analy-
sis categorized the individual attributes in common perceptual constructs with
clear semantic meaning. This may relate to the robust and consistent quantifi-
cation of the perceived sensations of experienced assessors, compared to a less
trained panel [70].

However, this approach may have implications when evaluating the hedonic
responses, such as preference and likeness. All assessors were familiar with stan-
dard listening rooms and critical listening environments due to their profession.
In consequence, their internal inference and reference of a typical reproduction
system may differ from an average listener. It is therefore noted, that the cur-
rent findings relating to assessors’ preferences may not reveal the judgments
and sentiments of an average listener.

Further work is needed to expand the limited scope of the study. A spatial
and temporal analysis of such sound fields could improve our understanding of
the perceptual aspects of the fields, as identified here. This may include the
investigation of the effects of early reflection patterns on the perceived sound
from different directions, and the effects of irregular rooms and asymmetric
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reproduction setups. Moreover, the influence of the excitation signals seems
to affect the perceived experience, and a detailed investigation should follow.
Finally, future work will investigate sensory sensitivities and hedonic responses
of non-trained assessors to identify the extent to which the the current findings
can be generalized.

5 Conclusions
The paper reported an investigation on the perceptual effects of the acousti-
cal properties in residential listening rooms. The acoustical conditions aimed
to provide the assessors with scenarios they are likely to experience in real
life. Nine sound fields, originating from four standard listening rooms, were
evaluated by ten expert assessors. The sound fields were captured in situ and
reproduced over a spherical loudspeaker array in an anechoic chamber. A blind
experimental protocol was followed, where expert assessors identified own per-
ceptual attributes and quantified their perceived sensations for the presented
sound fields, with no prior information about the stimuli in a highly controlled
experimental apparatus. Using multidimensional factorial analysis, a sensory
profile for the acoustical conditions was calculated, depicting the perceived dif-
ferences between the acoustical conditions. The main drivers of this profiling,
i.e., the common perceptual constructs, were identified and further validated
against physical properties of these sound fields. The assessors’ hedonic re-
sponses were collected and analyzed indicating the assessors’ preferences for a
typical reproduction setup, in an ordinary listening room.

Overall, the current results suggest the dominance of RT on human per-
ception in ordinary rooms, supplemented by spectral modifications at the low
frequencies. As a result, the perceived Reverberance, Width & Envelopment,
and Proximity seem to explain the majority of perceptual differences between
the sound fields used in the experiment, in addition to alterations of the per-
ceived Bass at a lower degree.

A global analysis of the experimental conditions combining the sensory,
hedonic, and physical properties of the presented sound fields allowed the iden-
tification of the main drivers of assessors’ preferences. The analysis indicated
that rooms described by lower RT are preferred. It is however evident that a
critical value exists, close to the recommended mean value of 0.4 s [38], above
which assessors’ preference is degraded.

The current findings support previous studies [5, 6] that the perceived sound
field can be significantly altered by the acoustical properties of the reproduc-
tion room. Understanding the acoustic influence of these environments on the
reproduced sound field will enhance the system’s ability to recreate a sonic
experience in acoustically-dissimilar enclosures [71], in a more accurate and
perceptually relevant way. For example, one could employ directivity control
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in the loudspeakers, aiming to evoke certain perceptual aspects by controlling
the excitation of the room’s acoustical field. This desire is evident, as recent
advances in spatial audio reproduction over loudspeakers [12] target domestic
reproduction environments where the current knowledge is limited.

Notes:
a The room is designed to host simulation setups with human occupancy,

and meets the requirements for anechoic performance [72] down to 200 Hz,
thus, low-frequency compensation was applied between 65-180 Hz [17].

b The correlation of an attribute to the factorial solution is given by R =√
R2
Dimension1 +R2

Dimension2. A limitation of R< 0.65 to any of the two di-
mensions allows the analysis for variables that correlate well to the factorial
solution, but not necessarily to one dimension only.

cas defined by the assessors.
dThe perceptual attributes were rated consistently and reliably, as hidden

repeats were identified, and the factorial analysis depicted these constructs as
separate groups of variables.
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1. Introduction

Abstract
This engineering report describes the application of the Spatial Decomposition
Method in a car cabin using a compact microphone array. The proposed method
provides objective analyses of the sound field with respect to direction and en-
ergy, and enables the synthesis for multi-channel loudspeaker reproduction. Due
to the extreme acoustics of a car cabin, a number of recommended steps is pre-
sented to improve both objective and perceptual performance of the method. The
results suggest that the method can be successfully applied to car audio systems.

1 Introduction
Car audio systems are one of the most listened audio reproduction systems
globally, and a few years ago Toole suggested [1, p.41] that most of the listen-
ing time is spent in private environments such as cars and home environments.
Recently, the increased popularity of mobile devices has probably elongated
the total listening time with headphones. Still, cars and their audio systems
remain as one of the main environments where listening takes place. For ex-
ample, a recent survey found that American consumers spent in total 23 % of
their listening time in cars [2]. Car audio systems and car cabin acoustics are
active research areas. While dummy-head measurements are an often applied
approach in the objective and subjective studies [3–12], here we describe an
alternative way of obtaining the spatial analysis and synthesis of the car audio
systems in a car cabin via compact microphone array measurements.

Analysis and synthesis from microphone array measurements provide more
freedom in several aspects when compared to dummy-head measurements.
Namely, the spatial sound field can be analyzed more accurately in 3-D, if
the applied microphone array sets a 3-D space. In addition, the spatial sound
reproduction is not limited to binaural reproduction but loudspeaker reproduc-
tion can also be used. A loudspeaker system that surrounds the listener avoids
the lack of externalization encountered in many headphone reproduction sys-
tems [13]. Thus, a natural externalization allows a more accurate perceptual
evaluation of the spatial attributes. Furthermore, loudspeaker reproduction
also enables the evaluation of attributes related to the so-called "body impact",
which is the physical impact of low frequency reproduction one can experience
and is in some cases an important part of the sound design [14, 15].

Binaural measurements with a static dummy-head are commonly applied
in spatial sound reproduction. The studies of car cabin acoustics [3–6, 12, 16]
use the dummy-head in the driver’s position and measure impulse responses
from the left and right playback-channels to the left and right artificial ear of
the dummy-head, resulting in a binaural room impulse response (BRIR). These
BRIRs are then convolved with the appropriate source material for listening
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Fig. E.1: Overall processing scheme in the proposed parametric spatial analysis and syn-
thesis.

tests or analyzed in time and frequency to obtain objective metrics. Spatial
sound reproduction is obtained via headphone reproduction with appropriate
compensation of the headphone responses. Comparisons between different sys-
tems in listening tests are easy to implement since instant switching between
systems is possible.

Lack of degrees of freedom in static binaural measurements has lead to
extending the method to the binaural car scanning (BCS) method [8–11, 17, 18],
where a BRIR of the left and right playback-channels are measured over a
certain grid of horizontal and lateral angles of the dummy-head. This approach
allows natural head movements in the listening test when the head-orientation
of the listening test subject is tracked [17]. BCS has improved and gained
popularity recently due to the advancements in head tracking hardware and
the increase in computational power for multichannel filtering. Nowadays BCS
can be considered as one of the main spatial synthesis approaches in car audio
research, possibly due to its straightforward processing.

The more indepth analysis of acoustics inside the car requires the use of
microphone arrays in the measurements. Microphone arrays are applied in
the car audio system and the car cabin acoustics studies to synthesize the
acoustics [16], to analyze sound field inside a car cabin [5, 19, 20] and to verify
the simulation results of the sound field inside the cabin [21, 22]. A typical
setup in these studies includes tens or hundreds of measurements with omni-
directional microphones. Another application, where microphone arrays are
typically used inside the car cabin is the sound field equalization [23, 24].

Spatial sound analysis and synthesis with the state-of-the-art method in
car audio research, BCS, is slow since it requires a large grid of measurements.
A measurement with a typical angular resolution of one degree may take up
to several hours for a single receiver position. The slowness introduces time-
dependency to the measurements, which has to be taken into account in the
analysis and synthesis. In addition, with BCS, the head related transfer func-
tions are limited to the ones the dummy head has, which in turn introduces
localization, externalization, and timbral errors [13]. Moreover, the sound field
can be analyzed in 3-D with the dummy-head measurements if the head is
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rotated also in the median plane, but the analysis be cumbersome in practice
due to the directionality of the dummy head.

In this paper, we propose a spatial sound analysis and synthesis approach for
car audio systems, where the acquisition of the measurements is much quicker
than in BCS, which allows a loudspeaker-based spatial sound synthesis that
does not suffer from the problems that are typical in binaural reproduction
with dummy head measurements, and where the 3-D analysis of sound field is
simple. The approach is based on the recently introduced parametric spatial
sound analysis method, the Spatial Decomposition Method (SDM) [25]. This
engineering report is aimed at other researchers and practitioners to provide
insight into how to use compact microphone array measurements for analysis
and synthesis of car audio systems as an alternative or parallel approach to the
dummy-head measurements and binaural reproduction.

2 Methods
SDM analyzes the Direction of Arrival (DOA) in short time windows for each
discrete time instant in a spatial room impulse response. Each time moment is
assigned the DOA estimate and a pressure value xo(n) from an omni-directional
microphone located ideally in the center of the array. SDM is therefore a
parametric method and the spatial room impulse response is described as a set
of image-sources or plane waves. Due to the fact that the SDM coefficients
are image-sources or plane waves, they are straightforward to synthesize with
any of the existing spatial sound reproduction method. Next we review the
analysis in SDM assuming one reflection per time window. In addition, the
spatial sound reproduction using the nearest loudspeaker synthesis (NLS) is
described. For the convenience of the reader, Fig. E.1 shows the processing
steps applied in this paper.

2.1 Analysis
A measured wide-band impulse response pressure in microphones i = 1, 2, . . . , I
is presented in the frequency domain as the sum of all acoustic events r =
1, . . . , R

xi(k) =
R∑
r=1

ci,r(k)hi,r(k)sr(k) + ni(k), i = 1, 2, . . . , I, (E.1)

where k is the discrete frequency, hi,r(k) and sr(k) are the frequency and the
source response from the loudspeaker in the direction of the acoustic event r.
Moreover, ci,r(k) is the response of the ith microphone in the direction of the
acoustic event r, and ni(k) is a noise component, assumed independent and
identically distributed (i.i.d.) for each microphone.
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DOA Estimation

In SDM, we assume that a short time window of the room impulse response
includes one wide-band reflection, even if this is not true in the late part of a
typical impulse response [25]. However, most of the energy in a room impulse
response is concentrated in the beginning, where also the echo density is the
smallest and the analysis is more correct. Due to these reasons, the perception
of the acoustics is also maintained to a large extent, as the beginning of the
impulse response has the largest impact on it [26].

Before presenting the details of the proposed method for analysis of car
acoustics and audio, we review the theory and the assumptions in SDM. Discus-
sion on the assumptions in Section 3 and more details on the DOA estimation
are found in [25].

The wave-front r within the compact microphone array is modeled as a
plane wave, and the time delay associated with it in a certain microphone i can
be written in the Cartesian coordinate system as

ti = (dr + minTr )/c, (E.2)

where dr is the distance from the origin of the wave-front to the center of the
microphone array, mi is the microphone position w.r.t. the center of the array,
nr is the normal to the wave-front, c is speed of sound, and (·)T denotes a
transpose of a matrix or a vector. Time difference of arrival (TDOA) of the
wave-front in two microphones i and j is written as

τi,j = ti − tj = (mi −mj)nTr /c. (E.3)

We model the measurement of TDOA for each microphone pair as an unbiased
process affected by Gaussian i.i.d. noise component w:

τ̂i,j = τi,j + w. (E.4)

The estimation of the normal nr can be presented as Minimum Mean Squared
Error (MMSE) problem,

n̂r = arg minnr

M∑
{i,j}=1

(τi,j − τ̂i,j)2, (E.5)

where the microphone pairs {i, j} = 1, . . . ,M are {{1, 2}, {1, 3}, . . . , {i, j}, . . . , {I, I−
1}}. For example, with I = 6 microphones there are M = I × (I − 1)/(2) = 15
different microphone pairs.

The MMSE estimate of DOA in standard Cartesian coordinates is given
as [25]

n̂r = V†τ̂ , (E.6)
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where V = [m1−m2,m1−m3, . . . ,mI−mI−1] is the difference between pairs
of the microphone positions, (·)† denotes the Moore-Penrose pseudo-inverse,
and τ̂ = [τ̂1,2, τ̂1,3, . . . , τ̂I,I−1] are the TDOA estimates between each micro-
phone pair. The final DOA is obtained by normalizing the estimate to unity
as n̂r/‖n̂r‖.

The TDOAs are estimated as the maximum argument of the cross correla-
tion vector

τ̂i,j = arg max
τ

(Ri,j(τ)) /fs, (E.7)

where fs is the sampling frequency, and the cross correlation vector between
microphone signal xi and xj is calculated as the inverse Discrete Fourier Trans-
form (IDFT)

Ri,j(τ) = IDFT
(
xix∗j

)
(τ), (E.8)

The discrete Fourier-domain samples of xi are obtained via the DFT

xi = [xi(n, 1), . . . xi(n,K)] (E.9)
= DFT ([xi(n− L/2), . . . xi(n+ L/2− 1)]) (k), (E.10)

n is the time frame, L is the length of the frame, and k = 1, . . . ,K are the
frequency bins in the DFT.

This DOA estimation framework is applied in small time windows to the
spatial room impulse responses measured in the car with the car audio system.
As the DOA estimate is obtained at every discrete time sample n the estimated
normal is denoted with n̂n. Later on in this paper, also standard spherical
coordinates, the azimuth angle φ̂n ∈ (−180, 180]◦ and the elevation angle θ̂n ∈
(−90, 90]◦ will be used to denote the DOA.

Omni-directional response estimation

SDM assumes that an omni-directional impulse response xo(n) in the center of
the array is available. A typical commercial microphone array rarely features a
microphone in the center position, but the sound pressure in the center has to
be estimated. Furthermore, real omni-directional microphones are not entirely
omni-directional in all audible frequencies and in all directions of incidence.
Next, we will present the omni-directional response estimation assuming that
there is one plane wave present in the time window, the DOA is known or can
be estimated, and that the directional responses of a microphone are available.

An exact solution to obtain the omni-directional flat response from one
of the microphones’ signals, say, from the ith microphone, is to equalize the
directional response in the DOA, as proposed in [25]:

x̂o(n, k) = xi(n, k)
ai(nn, k) ,∀ n, k, (E.11)
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where ai(nn, k) is the microphone response to direction nn in frequency k and
at time instant n. The microphone response ai(nn, k) can be either measured
in anechoic conditions or modeled and nn can be estimated as shown in the
previous section. The processing in Eq. (E.11) will produce the exact omni-
directional response in the absence of noise in the far-field with the plane wave
assumption. Appropriate processing may be required for ai(nn, k) to ensure
that ai(nn, k) 6= 0 ∀ n, k.

If the directional response ai(nn, k) is unknown, but the DOA Ωn is avail-
able we can apply sub-optimal methods. Instead of the exact equalization
filter 1/ai(nn, k) we apply some general average equalization. Here, we use the
diffuse field (DF) equalization

ā(k) =
∫
S

‖ai(n, k)‖dS, (E.12)

where S is the unit sphere. The single microphone response in Eq. (E.11) is
then given as

x̂o(n, k) = xi(n, k)
ā(k) ei2πkti,n ,∀ n, k. (E.13)

The time delay with the plane wave assumption is given by ti,n = minTn/c,
where mi is the microphone position, nn is the normal of the DOA. The DF
equalized response in a single microphone is obtained by setting the time delay
to ti,n = 0 in Eq. (E.13), i.e.,:

x̂o(n, k) = xi(n, k)
ā(k) ,∀ n, k. (E.14)

2.2 Visualization
In this paper, we apply the spatiotemporal visualization technique presented
in [27], with the exception of the direction of integration.

The backward integrated Directional Energy Response (DER), which can
be considered as an energy histogram w.r.t. the angle φ, starting from time
moment nt after the direct sound is calculated as:

(E.15)E(nt, φ) = 10 log10

{
N∑

n=n0+nt

‖xo(n)‖2|cos(θ̂n)|C(n, φ)
}
,

where n0 is the arrival time of the direct sound and N is the length of the
impulse response in samples. The binary decision if a DOA exists at time
moment n is given as:

C(n, φ) = [φ̂n/∆φ]∆φ ∧ φ, (E.16)
φ = −180◦ + q ×∆φ, q = 1, 2, . . . , 360/∆φ◦, (E.17)
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where ∆φ is the resolution of the DER, selected by the user, [·] denotes round-
ing to the nearest integer and ∧ is the logical and operator. In Eq. (E.16), the
variable φ spans from −180◦ to 180◦ with ∆φ intervals. Moreover, Eq. (E.15),
shows DER in the median plane. DER in other planes, transverse and lateral
planes, is calculated by changing the coordinate system to the respective do-
main, as in [27]. As these DERs are presented in selected time instants nt,
a spatiotemporal visualization is achieved, as will be demonstrated in Section
2.2.

2.3 Synthesis
Synthesis of the SDM coefficients is straightforward with any spatial sound
synthesis/reproduction method. Originally, we applied vector-base amplitude
panning (VBAP) [28] with SDM [25], but in this paper we present the nearest
loudspeaker synthesis for the SDM samples. This synthesis approach increases
the perceived clarity of the spatial sound synthesis, which is a preferred feature
according to our study in [29].

The nearest loudspeaker synthesis (NLS) in a playback system with P loud-
speakers for all discrete samples n = 1, . . . , N is given by

p = arg min
s

(‖n̂n − ns‖), s = 1, 2, . . . , P (E.18)

xp(n, k) = x̂o(n, k)e−i2πk(n−np), (E.19)

where n̂n is the estimated DOA, np is the normal vector in the direction of the
loudspeaker, s denotes the index of the nearest loudspeaker out of ns to nn,
and np = dp/c is the delay from the listening position to the loudspeaker. In
several listening rooms, the loudspeakers cannot be arranged to an equal physi-
cal distance from the listening position due to the geometry of the room. Thus,
the delay np compensates for the delay caused by the loudspeaker arrangement,
if the loudspeakers are at different distances.

The nearest loudspeaker playback leads to a set of impulse responses xp(n), p =
1, . . . , P corresponding to reproduction loudspeakers. NLS has the property
that the sum of the loudspeaker response equals the original pressure impulse
response x̂o(n), i.e.

x̂o(n, k) =
P∑
p=1

xp(n, k). (E.20)

Post equalization of the loudspeaker spectra

As discussed above the DOA estimation provides a weighted average of the
true DOAs within the analysis window. When the echo density increases,
the amount of reflections per time window also increases causing the DOA to
change rapidly. Therefore, at each time step, the synthesis loudspeaker may
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Table E.1: The transducer system in the studied car and naming. For example, FRT is the
Front-Right-Tweeter.

Left Center Right

Front FLT,FLW,FLM FCM FRT,FRW,FRM
Back BLT,BLW,BLM BRT,BRW,BRM
Parcel shelf PLM PCM, PCS PRM

The first alphabet is the position in longitudinal axes (F: Front, B: Back, and P, Parcel
Shelf) the second alphabet is the position in the vertical axes, (L: Left, C: Center, and R:
Right). The last alphabet indicates the type of transducer, (T: Tweeter, M: Midrange, W:

Woofer, and S: Subwoofer.)

change in the NLS as the nearest playback loudspeaker s is chosen, as shown in
Eq. (E.18). Such abrupt changes introduce excess wide-band transients in the
synthesized impulse responses xp(n), p = 1, . . . , P . As a result, the reproduced
loudspeaker power response has the characteristics of a white noise spectrum.
This effect will be demonstrated in Section 2.1.

Here the compensation of the spectra is implemented in 50 % overlapping
short-time Fourier-transform (STFT) frames such that the spectrum of the
omni-directional response matches the sum of the synthesized loudspeaker spec-
tra. For each time window n and frequency band b we apply

x̂p(n, k)b = ‖xp(n, k)‖
‖x̂o(n, k)‖e

−i2πkφp(n,k), p = 1, . . . , P, (E.21)

where φp(n, k) is the phase of xp(n, k). The frame size is in this processing
three times as long as the lowest wavelength in the frequency band, except
for the lowest band it is the average of the longest and shortest wavelength.
The final, post-equalized, impulse response for a loudspeaker p is obtained by
summing over the individual frequency bands b = 1, . . . , B, as:

x̂p(n) = IDFT
(

B∑
b=1

Gb(k)x̂p(n, k)b

)
, (E.22)

where Gb(k) are the frequency band filters.

Convolution with a source signal

For spatial sound synthesis, each of the loudspeaker impulse responses are
convolved with a source signal s(n) as:

sp(n) = IDFT(x̂p(n, k)s(n, k)), p = 1, . . . , P. (E.23)

The convolution is often implemented with overlap-save method or overlap-add
method if the source signal is long.
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3 Spatial Analysis and Synthesis Examples
Experiments were conducted in a four-door sedan-type car with five seats and
an interior volume of about 3.0 m3. The audio system of the car included
17 individual transducers. Five of the transducers were tweeters of which two
are acoustical lenses with controlled directivity. In addition, the transducer
setup included seven midrange-transducers, four woofers, and one sub-woofer.
The overall position of the transducers inside the car is shown in Table 1.
The transducer signals were individually amplified with a custom amplifier,
and custom software was capable of controlling each 17 transducer channel
individually.

A microphone array consisting of six omni-directional microphones was
placed in the approximate position of the driver’s (person in a car) head. The
microphone array was a G.R.A.S. vector intensity probe VI-50 with three coin-
cidental microphone pairs on each axis, separated by 25 mm, shown in Fig. E.1.
This microphone array does not have a microphone in the center position. Im-
pulse responses were measured individually from each 17 transducer to the
microphones with 5 s long logarithmic sine-sweep at 192 kHz, from 1 Hz to
24 kHz [30]. The environment where the measurement took place was temper-
ature and noise controlled.

The analysis window size L should be as short as possible if wide-band
analysis is applied [25]. However, here the analysis is applied to band-limited
impulse responses, since the transducers only emit a certain frequency band.
Therefore, the analysis window size is selected such that the window length
includes at least three periods of the longest wavelength in the frequency band.

3.1 Omni-directional Pressure Estimation and Post Equal-
ization

The omni-directional response estimation is studied with an impulse response
measured from Front-Right-Midrange (FRM) transducer to the microphone
array. In this experiment, the window size is set to L = 64 samples, 99 %
overlap is used in the synthesis and the time delay due to DOA is compensated
for. The applied DOA in the omni-directional response estimation is obtained
from the DOA estimation in Section 1.1.1. The equalization filter ā(k) is the
average of a set of anechoic measurements, as in Section 1.1.2. DF equalization
and the estimated response are implemented using Eqs. (E.13) and (E.14).

Figures E.2 and E.3 show the original sound pressure in the top microphone
(+z-direction), DF equalized response and the estimated omni-directional re-
sponse in the time and the frequency domain, respectively. In addition, in
Fig. E.3, the DF equalization frequency response ā(k) is shown. As can be
seen from the results, the estimated response has about the same shape as the
original signal in both the time and the frequency domain, but has less energy.
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Fig. E.2: Estimation of the omni-directional response for the Front-Right-Midrange trans-
ducer in the time domain.
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Fig. E.3: Estimation of the omni-directional response for the Front-Right-Midrange trans-
ducer in the frequency domain.

The level in the estimated response is lower than in the original response from
approximately 1 kHz onwards and higher than in the original response below
100 Hz. On the contrary, DF equalization preserves the approximate shape
in the time domain and the frequency domain and increases the level in the
high frequencies from 5 kHz onwards with a slight attenuation around 3 kHz
(see Fig. E.3). To conclude, DF equalization is a suitable compensation for
the microphone spectrum in the present case and is used in the analysis and
synthesis throughout the rest of the paper.

The post equalization of the playback loudspeaker spectra is studied with
the same impulse response as above. As explained above, the window size is
set according to the lowest frequency of each octave band and 50 % overlap is
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used in the synthesis. The spatial sound synthesis is implemented with NLS
and using P = 24 loudspeakers, arranged as described for example in [29].
Here, we compare the total magnitude response, i.e., the sum of individual
loudspeaker channels’ energy

E(k) =
24∑
p=1
‖x̂p(k)‖2 (E.24)

and the time domain pressure

ĥ(n) =
24∑
p=1

x̂p(n) (E.25)

to the corresponding original pressure signal in the frequency and the time
domain, which is in this case the DF equalized pressure from the above example.
Comparing these results should indicate if the overall spectra and the time
domain integrity are maintained. In addition, here we used nine octave band
filters in the post equalization of the spectra, and the individual octave band
responses are shown in Fig. E.4.

The results of the post equalization of the loudspeaker spectra are shown
in Figs. E.4 and E.5 in the frequency and the time domain, respectively. For
comparison, the spectra from the NLS of Eq. (E.18) is shown in Fig. E.4. The
time domain results for the sum of NLS loudspeaker responses is not pre-
sented in Fig. E.4 since it is equal to the original sound pressure, as displayed
already in Eq. (E.18). As the results demonstrate, NLS preserves the time do-
main pressure but distorts the frequency domain spectra, particularly in small
enclosures. The distorted spectrum is caused by the rapidly changing DOA
estimates. Example of this is shown in Fig. E.6. This effects the NLS so
that the loudspeaker in the playback changes also rapidly in consecutive time
frames, and causes high frequencies to the spectra whenever the loudspeaker
is changed. The post equalization approximately restores the spectrum while
maintaining the time domain integrity.

3.2 Visualization Examples
We demonstrate the proposed analysis and visualization with examples from
the car measurement, described at the beginning of Section 2. For all the
visualizations we use a resolution of ∆φ = 1◦ in the DER. Figure E.6a displays a
segment of an impulse response in one microphone measured from one midrange
transducer located at the passenger side front door. The analysis window of
length L = 64 samples (0.3 ms) moves through the entire multi-microphone
impulse response from the array. SDM analysis provides direction estimates,
and they are shown in Fig. E.6b for azimuth and elevation angles. For clarity,
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Fig. E.4: The effect of post equalization and the estimated omni-directional response in the
frequency domain.
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Fig. E.5: The effect of post equalization and the estimated omni-directional response in the
time domain.

only every fifth directional value is shown. Figure E.6 demonstrates that during
the first peak in the impulse response the direction estimates remain nearly
constant up to 0.5 ms, after which the reflections cause the DOA estimation
to change along peaks in the pressure. Subsequent reflections appear in the
azimuth and elevation as brief stable instants in the direction estimates.

The example in Fig. E.7 shows the spatiotemporal visualizations in the
lateral, median, and transverse planes in Fig. E.7a, Fig. E.7b, and Fig. E.7c,
respectively. The first time window displays the directional characteristic in
the whole impulse response, from the beginning of the direct sound to the end.
The next three time windows are backward-integrated and the first two of these
discards the direct sound. In other words, they visualize the acoustics of the car
interior immediately after the direct sound. The fourth window includes DER
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Fig. E.6: Pressure and DOA estimates of the Front-Right-Midrange transducer.
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Fig. E.7: Spatiotemporal visualization based on the directional energy response for the
Front-Right-Midrange transducer
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Fig. E.8: Pressure and DOA estimates of the Back-Left-Woofer transducer.
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during late decay. We see that the first window already contains reflections
from the windshield, driver’s side window, and ceiling. With car interior this
is reasonable, as 2 ms delay corresponds to approximately 0.7 m longer path
of propagation. The largest contributions to the sound field after the direct
sound arrive from the areas of the driver’s door and the rear seat. The late
energy after 20 ms is more uniformly distributed w.r.t. to the early energy.

Second example applies the same approach for a different transducer. Fig-
ure E.8 shows the respective analysis for a low-frequency woofer at the left
rear door. The wavelength of the response is considerably longer than with the
midrange transducer, and the analysis window is adjusted to L = 512 samples
(2.7 ms), accordingly in order to obtain reasonable TDOA values, and direc-
tional estimates. Low audio frequency and small acoustic volume leads to a
superposition of the direct and reflected sound. The initial DOA drifts as the
reflected sound builds up during the underlying direct sound oscillation.

The superposition of sound waves causes prominent artifacts in the spa-
tiotemporal visualization. The peak in the direct sound points to the correct
location in the lateral plane (Fig. E.9a) but the directions for reflections are
obscured unlike with the previous example. The cosine weighting in Eq. (E.15)
reduces the visualized energy of the actual direct sound in the median plane
(Fig. E.9b). The other time windows appear less uniform than in the visualized
midrange element, see Fig. E.7. Biased direction estimation due to prominently
overlapping reflections is one plausible cause for this result. However, a more
plausible explanation is that the low-frequency excitation inside a small inte-
rior volume causes standing wave resonance. The direction of the decaying
energy suggests a tangential mode in the lateral plane. According to cabin
dimensions, the first modes yield resonance frequencies at around 80 Hz (axial,
length), 120 Hz (axial, width), and 140 Hz (tangential, length×width). These
resonances lie within the transducer frequency range. A waterfall visualiza-
tion of the spectrogram in Fig. E.10 also suggests resonances at the particular
frequency range.

3.3 Synthesis
Informal listening experiments were organized in a listening room in Aalto
University. The listening room has 24 loudspeakers arranged in 3-D and sur-
rounding the listening position, as described in Figure E.11. The distance of
the loudspeakers to the listener is approximately 1.6 m. The walls and the
ceiling of the listening room are treated with absorptive material and there is
a carpet on the floor. The wide-band reverberation time of the listening room
is about 0.11 s. All 17 transducers were processed using the above described
techniques, and three stereo source signals of popular songs were used in the
convolution in the auralization.

In the informal listening tests, the authors S.T., J.P., and T.L., compared
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Fig. E.9: Spatiotemporal visualization based on the directional energy response for the
Back-Left-Woofer transducer.
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Fig. E.10: Cumulative sound energy, i.e., Schroeder integration, of the Back-Left-Woofer
(BLW) response in frequencies [30,800] Hz illustrated as a waterfall visualization. Modes are
visible in frequencies from 50 Hz to 200 Hz.

the plausibility of three aspects, spectral fidelity, temporal integrity, and spatial
sound image for the cases when the omni-directional estimation and the post
equalization were applied and when they were not applied. The most plausible
spatial sound reproduction was achieved when using the DF equalization in the
omni-directional response estimation and the octave band post equalization for
the loudspeaker reproduction. The case when the post equalization was applied
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a) Analysis result of a loudspeaker in direction (0,-67.5) 
degrees in a listening room

c) Analysis results of FRM transducer in a car. e) Analysis of 24 loudspeakers in a listening room

b) Synthesis of the sound field in a) through 24 real
 loudspeakers in a listening room

d) Synthesis of the sound field in c) through 24 real
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Fig. E.11: Spatial analysis and synthesis results in the lateral plane of the so-called the
photocopy of the photocopy tests. The experiments were conducted in a listening room with 24
loudspeakers. The loudspeaker directly above the listening position in the direction (90, 0)◦

is not shown in the visualization.

but the omni-directional response was not applied, was perceived to be missing
brightness or brilliance. Moreover, the case when the omni-directional response
estimation was applied with DF equalization, but there was no post equaliza-
tion, was perceived too bright, having too much low frequency content, and
spatially somewhat vague. Similar spectral bias was observed in all the cases
when there was no post equalization.When omni-directional response estima-
tion with DOA and the post equalization were applied, the sound was perceived
as more open, spatially sharp, but less bright than with the DF equalization.
To conclude, based on the informal listening tests, the post equalization has
larger impact on the spectral fidelity than any of the omni-directional response
estimation shown here and the spatial cues are preserved, independent of the
equalization, as the same DOA estimates are used in all the methods.

3.4 The Photocopy of the Photocopy Test
To investigate the spatial accuracy of the proposed systems two tests are con-
ducted in the above described listening room. In the first test, the microphone
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array is placed in a listening spot and a spatial room impulse response is mea-
sured from a loudspeaker to the array. The measured response is then analyzed
with SDM as before in this paper. Then, the SDM coefficients are synthe-
sized using the NLS principle and the proposed post equalization scheme. The
achieved 24 impulse response are then convolved with a logarithmic sine sweep
and the spatial impulse responses are measured for all the 24 channels. These
responses are analyzed again with SDM. The same procedure is repeated for
the FRM transducer in the studied car.

Figure E.11 shows spatiotemporal visualizations of the two tests in the
lateral plane. As can be seen in Fig. E.11a, the direct sound is accurately
localized, the room is highly absorptive and the strongest reflection that the
applied loudspeaker produces is less than 20 dB lower than the direct sound. We
can see from Fig. E.11b, here the analysis results in Fig. E.11a, are played back
from the 24 channels and analyzed again, that the proposed spatial analysis and
synthesis maintains the main spatial features in the sound field. Similarly, by
comparing Figs. E.11c and E.11d, we observe that the spatial image obtained
in the listening room resembles closely the original one. For completeness,
Fig. E.11e shows the spatiotemporal analysis of all the 24 loudspeakers in the
room.

4 Discussion
As explained above, at some point two reflections overlap in the analysis win-
dow. Then, the assumption on the DOA estimation is incorrect and the estima-
tion produces a weighted average direction of the two DOAs of the reflections.
The weighting approximately follows the energy of the reflections. This esti-
mation is sub-optimal, as the goal is to estimate the DOA as accurately as
possible. However, if the room impulse response is sparse enough, the assump-
tion of one reflection per analysis window can provide meaningful results for
both analysis and auralization as shown in [25, 27].

The wave-front within the compact microphone array is modeled as a plane
wave. It should be noted that, this does not imply that the assumption would
be that the sound wave travels as a plane wave through the entire car cabin.
Only that in a very small space, the wave-front may be approximated as a plane
wave. As the dimensions of the microphone are small, the curved wavefront,
even in the close proximity of the array can be approximated as a plane wave.

The source close to the receiver creates a significant phase and gain mis-
match between pressure and particle velocity. This may be a problem for
approaches which use the sound intensity measurements, such as Ambisonics.
However, for the presented approach this is not a problem, as the propagation
model is based on geometrical differences and the estimation is based solely on
pressure.
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As mentioned above, SDM assumes wide-band reflections in the analysis.
This is not generally a problem if the source signal is wide-band, such as a source
in the far-field, as shown in [25]. However, in cars, the individual speakers are
typically band-limited and in the near-field. Therefore, the post equalization
has to be applied which normalizes the spectra such that the sum of the loud-
speaker energy responses approximately matches the original omni-directional
response and preserves the main features in the time domain. Thus, the pro-
cessing has to be applied for short time windows to maintain the time domain
integrity, and in frequency bands to match the spectra as presented.

5 Conclusions and Future Work
We presented an alternative method for examining the acoustics and sound
systems in cars. The method analyzes the DOA with SDM from spatial room
impulse responses, measured with a small and compact microphone array for
each individual transducer. Since SDM is a parametric approach to spatial
impulse response analysis, this allows, for example, that car audio systems
can be tuned in a laboratory environment instead of in-situ. In addition, the
visualization of the spatial sound can be applied to investigate what is the DOA
of sound for a certain transducer.

Future work on this topic includes measurements of a wide variety of car
cabins and car audio systems. These measurements will be applied in listening
tests implemented in the sensory evaluation framework. The preparations for
this listening test are undergoing as the authors are constructing a listening
test setup, where the proposed method will be applied to study the differences
between different car interior setups. Moreover, the in-depth analysis of the
sound field inside the car with the proposed approach is in the future work of
the authors.
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1. Introduction

Abstract
This paper reports the design and implementation of a method to perceptu-
ally assess the acoustical properties of a car cabin and the subsequent sound
reproduction properties of automotive audio systems. Here, we combine Spa-
tial Decomposition Method and Rapid Sensory Analysis techniques. The for-
mer allows instant comparisons between auralized measured Vehicle Impulse
Responses (VIR) over loudspeakers, avoiding headphone-related shortcomings,
while rapid sensory analysis overcomes time-consuming product profiling and
language-specific problems, commonly found in the evaluation of audio mate-
rial. The proposed method is described in terms of capturing, analyzing and
reproducing the sound field. A brief overview of the experimental procedure is
presented as well as preliminary results of a pilot experiment.

1 Introduction
Over the last decades the automotive industry has been focusing in identifying
and improving the major factors that influence the sensory experience of the
vehicles. As a consequence, the study of sound quality in automotive audio
systems has been brought into the limelight.

The highly complex acoustical environment of a car cabin minimizes the
effectiveness of standard objective measures, lacking robustness, repeatability
and perceptual relevance. This has lead to the use of human auditory per-
ception as a the major instrument in car audio evaluation, both during de-
velopment as well as aftermarket benchmark processes [1–9]. Aiming towards
high-quality reproduction, car audio manufacturers normally employ listening
tests to identify and characterize the physical alterations of this type of sound
fields. These alterations relate to electroacoustic properties of the transducers,
their placement and performance, cabin’s properties, as well as signal process-
ing algorithms (i.e. upmixing & sound tuning).

Assessing sound is ultimately a process that requires merging its perceptual
and physical characteristics in a common space. In acoustics, understanding the
perceptual effects of the physical properties of a space would enable a better
understanding of its acoustical qualities and stipulate perceptually relevant
ways to compensate for the subsequent degradation.

The physical characterization of sound fields has mainly focused in perfor-
mance and typical sound reproduction spaces. Later, several objective metrics
have been established and standardized [10, 11]. Numerous studies have also
investigated the perceptual constructs of these acoustical fields, aiming to iden-
tify the corresponding sensory descriptors and quantify the human sensations.
A recent in-depth review of these studies [12] has revealed that these perceptual
constructs could be domain specific, as the physical characteristics of the room,
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complexity of the stimuli, and listener’s expectations may affect our perceptual
and cognitive processes.

Fig. F.1: Basic principles undertaken in perceptual audio evaluation.

The experimental procedure employed in perceptual evaluation of audio
material is normally driven by the contextual factors, given limitations and
application of research, which typically translates into a domain-specific stan-
dardization. Most experimental methods and recommendations are typically
based on a three-step process: acquisition, presentation, and the evaluation of
a stimuli set. A graphical summary is given in Fig.F.1. Based on these princi-
ples, several standardization schemes have been applied in audio evaluation in
several domains. For example a recommendation for experimental procedures
for small degradations in audio signals [13] and good practices for evaluation of
audio in network transmission protocols [14]. Such a standard is not available
for car audio evaluation [3].

Several experimental procedures have been exploited in automotive au-
dio evaluation, which can be classified into two categories: (1) in-situ (2)
Laboratory-based evaluation. It is logical to assume that in-situ evaluation
provides the highest ecological validity possible. It is therefore not a surprise
that such evaluations formed the industry standard. However, exposing asses-
sors in such settings introduces strong biases caused by non-acoustical factors
(i.e. size, price, brand). Later, Shively [6] proposed a form of a blind in-situ
evaluation. Nonetheless, in-situ methods inherently include long test-to-test
periods between the different Device Under Test (DUT) which is known to af-
fect perception thus, its judgment. It is therefore likely that the experimental
results are influenced in an uncontrolled manner; i.e. effects of the assessor’s
auditory memory, mood, and expectation [15].

These limitations were the driving force into developing laboratory-based
evaluations methodologies. The most commonly used method incorporates
dummy-head measurements at the driver’s position which are then used to
synthesize the binaural field and present the auralization over headphones. A
process known as Binaural Car Scanning (BCS) [4, 16]. These approaches form
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a valuable tool in car audio as they overcome practical complications of in-situ
evaluations, in addition to allowing rapid comparisons between car cabins or
audio systems - something not possible previously.

It is however realized that headphones reproduction based on dummy-head
measurements result to lack of externalization - known as in-the-head percep-
tion of sound - not accurate timbral reproduction at low frequencies, as well
as lack of ‘whole-body’ vibrations - a sensation known to affect listener prefer-
ences in binaural reproduction [17, 18]. In practice, such methods are also time
consuming as obtaining Impulse Responses (IRs) with a dummy-head requires
hundreds of measurements per system.

1.1 Motivation
Perceptual evaluation of acoustic properties in rooms and consequently in car
cabins, is highly influenced by the methodology employed, which is typically
limited to the specific context factors. A trade-off between the requirements of
high ecological validity and direct, single-dimensional variable control is appar-
ent, imposing application-specific approaches.

In car cabins, the complex sound field requires stimuli acquisition in the
form of measurements, or in-situ evaluation under real conditions. When as-
sessing in-situ a number of non-auditory features and expectations introduce
more restrictions. Yet, the benefit of assessing several automotive audio sys-
tems and cars in a comparative method seems superior to the uncontrolled
auditory memory [19] assumptions during in-situ testing.

In this paper, we present an alternative approach towards capturing, pre-
senting, and evaluating automotive sound. The method is based on Spatial
Decomposition Method (SDM) [20], that has successfully been applied for per-
ceptual evaluation and spatial analysis in both concert halls [21] and critical
listening environments i.e. studios [22]. The SDM is a spatial analysis and
synthesis scheme, where the obtained IRs can be analyzed parametrically as
a pressure and direction of arrival values. Therefore the sound field is decom-
posed in terms of direction and time of arrival.

Capturing and analyzing the sound field using SDM in cars may lead to two
major advantages over the previously discussed methods. First, the spatio-
temporal analysis provided by the method may enable better understanding
of the behavior of the sound field in the cabin. The method includes ad-
ditional physical quantities and visualization capabilities, that could be used
when the spatial attributes are in question. Second, it allows a variety of repro-
duction protocols (e.g.Vector Based Amplitude Panning (VBAP), High Order
Ambisonics (HOA)). Thus, a loudspeaker reproduction system could be em-
ployed, overcoming the issues of headphone-based playback, such as the lack
of ‘whole-body’ vibration and not externalized sound.
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2 Experimental Method
This section describes the proposed audio evaluation methodology for cap-
turing, analyzing, synthesizing, and presenting automotive sound. Here, the
reproduction of the auralized stimuli is conducted over loudspeakers in an ane-
choic chamber and the assessment follows Sensory Analysis (SA) procedures,
as the optimal combination for this study. It is noted that the presentation and
evaluation method could be altered based on the research objectives and the
related practical implications. For example presentation on headphones is still
possible, as well as following standardized audio evaluation methods as Basic
Audio Quality [13], while the spatio-temporal analysis of the measured field
will still be available to the researcher.

2.1 Acquisition - In-situ Car Measurements
In order to obtain the acoustic characteristics of a sound reproduction system
in a car cabin, in-situ recordings of a four-door sedan were performed. The
car was equipped with 17 band-limited transducers (5 tweeters, 7 mid-range
transducers, 4 woofers, 1 subwoofer) and a custom multichannel amplifier. The
audio system included an experimental tuning by a tonmeister, thus the feed to
the individual transducers was post-processed (i.e compensation delays, equal-
ization) to represent a typical production car, equipped with a high-end system.

An open spherical microphone array (G.R.A.S VI-50) comprising of two
coincidental microphones on each axis, separated by 25mm, was positioned at
the driver’s seat, at the average seating position [23]. The microphone probe
was aligned to match the position of a dummy-head seating in the car - the
center point of the head and ears’ height. The distance between the microphone
array and the headrest was set to 15cm.

The IRs were measured in a way that the (electrical) input to the ampli-
fier was captured by the electrical output of the microphones in the cabin,
including any signal processing in the signal path of the audio system. These
measurements will be referred to as Vehicle Impulse Responses (VIRs).

The VIRs were measured for each transducer, using a 5s logarithmic sine-
sweep (1Hz-24kHz) method [24] at 192kHz using an RME UCX multichannel
sound interface. The measurement system was calibrated with 5s pink-noise to
produce 82dB C-weighted sound pressure level in the car cabin as measured at
the forward facing microphone of the array, with system’s default settings. The
electrical output of the measurement system was kept constant for all drivers.
The car measurements were conducted in a temperature and noise regulated
garage at Bang & Olufsen’s premises.
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2.2 Spatial Analysis and Synthesis of VIRs
The spatial analysis and synthesis of the car’s sound field was implemented
based on SDM [20]. SDM divides the sound field into spatially discrete elements
of a preset analysis window. SDM assumes a wide-band source i.e. a typical
full-range loudspeaker, therefore it is recommended to use as short window as
possible [20, 25]. In this experiment the captured VIRs were band-limited,
due to the type/size of each transducer in the cabin. Hence it was possible
to implement a custom window-length (L) settings based on the properties
of the transducers - at least three periods of the shortest wavelength in the
frequency band analyzed. This allows a more accurate spatial decomposition
of the sound field - an important advantage when analyzing such complex sound
fields as in car cabins. The analysis was performed on the captured VIRs with
no modifications as described in 2.1.

In a recent study [25], the spatial analysis and synthesis of a car audio
system using SDM is described in detail including experiments conducted to
evaluate the undertaken methodology. In that report, experiments have shown
that a post-equalization of the loudspeaker spectra should be employed when
SDM is used in car cabins. The high echo density found in a car cabin may
introduce abrupt changes of the calculated Direction Of Arrival (DOA). In
consequence excess wide-band transients may be introduced in the synthesized
Impulse Response (IR). A detailed of the spatial analysis and synthesis proce-
dures followed in the current paper, is given in [25].

2.3 Reproduction Protocol
SDM provides a spatial analysis and signal encoding for a given set of VIRs
allowing auralization of the sound field using a given Spatial Decoding and Re-
production scheme over loudspeakers, or Binaural Synthesis based on anechoic
Head-Related Transfer Function (HRTF). In this paper, the synthesis of the
SDM-encoded spatial IRs was implemented using the Nearest Neighbor (NN)
loudspeaker, similar to [22]. Although reproduction with SDM was first em-
ployed using VBAP [26], the synthesis of the soundfield using direct-feeds of
SDM-samples to the nearest-loudspeakers with respect to the direction param-
eters of that sample was found to provide more natural sound without reducing
the perceived brightness [27].

2.4 Reproduction Setup
In order to provide as close spatial reproduction as possible when new type
of environments is to be auralized with SDM, accurate spatial analysis of the
soundfield should be performed to identify the placement of the loudspeakers
in the reproduction system. As shown previously [25] the directional energy
responses of a single mid-range loudspeaker in a car-cabin includes reflections
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Fig. F.2: The loudspeaker are placed in a spherical orientation (r=1.55m). Loudspeakers
are mirrored-placed anti-clockwise in (AZ,EL): 0,0; 11,-10; 22,0; 32.5,-15; 45,5; 55,-10; 65,0;
75,-10; 90,0; 120,-10; 135,10; 0,30; 40,40; 90,30; 115,30; 135,30; 150,55; 0,90; 55,-40; 120,-45;
150,-35.

within very short time intervals i.e. in the case of a Front Right Mid-range
that was 0.5 ms as measured at the (left) driver position. Thus, individual Ve-
hicle Impulse Response (VIR) analysis was employed to ensure that the direct
sound as well as reflections from the cabin’s surfaces are preserved, in the best
possible way, during the reproduction phase. A systematic approach was fol-
lowed, using objective and perceptual evaluations. The spatio-temporal energy
distribution in time intervals [28] of each measured VIR was combined with
the corresponding weighted energy error estimation. This error term, is inher-
ently caused by fitting SDM-samples to the NN loudspeakers instead of their
absolute position given in the analysis. The perceptual assessment focused on
three perceptual constructs, spectral fidelity, temporal integrity and accuracy
of spatial representation for two auralization sets: a full car audio system, and
single transducers. Attention was also given to the electroacoustic properties
of the loudspeakers and the spatial acuity of the human hearing system, ensur-
ing high level of detail in the frontal plane, whilst maintaining the perceptual
qualities from all directions. During the design of the loudspeaker setup, it
was noted that a second layer of loudspeakers at lower elevation (-10 ◦) in the
frontal plane (-70◦- +70◦) was necessary. In fact, the direct sound will only
arrive from lower elevations in a car cabin due to the lack of transducers at
ear-height at this plane.
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For the final auralizations a 40.3 loudspeaker system was specified (see Fig.
F.2). The setup comprises of 40 full-range speakers and 3 subwoofers. Each
loudspeaker was calibrated with 5s pink-noise in-situ at 80.5 ±0.5 dBCRMS

measured with a single omni-directional microphone at the listening position.
The magnitude response of the loudspeakers was also confirmed to lie primar-
ily within ±1.5dB, including a low-frequency compensation (<180Hz) at the
listening position.

2.5 Reproduction Signal Flow
The loudspeakers are driven by a laptop computer over a MADI interface (RME
MADIXT). Three D/A converters, 2xRME M16 and 1 x ADI-8 are used to dis-
tribute the signals to the individual loudspeakers in the reproduction setup, at
48kHz sample rate. This setup was also used during the calibration procedure
including an additional A/D converter (RME Micstacy). The system is self-
compensating for internal AD-DA conversion, and has been verified to deliver
sample-accurate response at all channels, an overall delay of 18 samples. The
ADI-8 introduces an additional 10 sample delay due to MADI-ADAT conver-
sion. Moreover, the inherent inconsistencies in the physical placement of the
loudspeakers introduce different time of arrivals at the listening position. Thus,
the acoustic delay between each loudspeaker and a microphone at the listen-
ing position was measured and the reproduction channels were individually
compensated.

2.6 Reproduction Environment
When assessing spatial audio over loudspeakers, it is necessary to decrease
the acoustic influence of the reproduction room, on the reproduced soundfield
that we intend to evaluate [29], as it is known to be perceptible by listeners
[30, 31]. This is normally achieved by ensuring that the reproduction room
is characterized by a lower reverberation time compared to the room that is
being reproduced via the system. Due to the nature of the sound-field in a
car-cabin and the very short reverberation time [32], the setup was installed in
the anechoic chamber (B5-104) located at Aalborg University. The chamber
is designed and constructed to host simulation setups with human occupancy,
and it is treated with absorption wedges that are 0.4m long. Its free inner
dimensions are 5.0 x 4.5 x 4.0m. The chamber meets the requirements for
anechoic performance [33] down to 200Hz. The physical setup was covered with
absorption material to eliminate any reflections from the structural installation.
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3 Perceptual Evaluation Methods
Due to the complex and multidimensional properties of audio, most audio per-
ceptual evaluation methodologies require a set of verbal descriptors known as
perceptual attributes, so that human assessors are able to epitomize and appro-
priately quantify their sensations for the given set of stimuli. The experimenter
may employ an attribute elicitation methodology, or define a set of attributes
that has been known to form the perceptual space for the given stimuli set [29].

Sensory Analysis (SA) methodologies found in food and wine industry
[34, 35] have been instrumental in decoding complex perceptual constructs
and hedonic responses of human assessors. Such methodologies hold key im-
portance in multidimensional products such as audio. Over the decade several
approaches have been successfully applied in concert halls [21, 36], spatial au-
dio reproduction through loudspeakers [37–41] and headphones [42], hearing
aids [43], and active noise cancellation [44].

Descriptive Analysis (DA) is known to be the most sophisticated tool [34] in
SA allowing the experimenter to extract information normally hidden behind
hedonic and affective judgments, or linguistic inaccuracies leading to a more
detailed investigation. It is however known that conventional descriptive SA
require extensive training per product, as well as multiple sessions (5-6) per
assessor [34, 45]. The time restrictions within the automotive environment and
the requirement of product-specific training of DA may not suit well automotive
audio. In a need for less time-demanding methods, rapid sensory profiling
techniques have been proposed recently (see [15] for review).

The most closely related rapid method to conventional profiling is Flash
Profile (FP) [15, 46]. FP highly emphasises on rapidity aiming to provide a
perceptual ‘snapshot’ of the product’s properties as perceived by the assessors
and a relative ranking of each product [15, 45]. The biggest advantage over
other non-verbal based methods is that it is based on quantitative description,
allowing statistical analysis to create a common space i.e. using Generalized
Procrustes Analysis. The FP only requires 4-5 expert assessors who complete
the process within a single 1-3 hours session.

In this study the experimental procedure follows FP recommendations to
assesses its applicability in this context, as at the authors knowledge, FP has
never been used in audio evaluation before.

4 Pilot Experiment
The sections above described a novel method for perceptual assessment of au-
tomotive audio. For reasons of completion, a brief description of a pilot study
using the proposed method is included. The data presented here is a part
of a formal evaluation that is currently under investigation, and should be
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interpreted with care. The study’s objective was to quantify the perceived
differences imposed by altering the acoustics of a car’s cabin. In the example
below the perceptual effect of the Front windows and the effect of the Equal-
ization (EQ) (tuning) by an expert tonmeister is in question. The conditions
used in the assessment are summarized in table F.1. A short description of the
experimental procedure is given below.

4.1 Materials & Apparatus
For this experiment three in-situ sets of car measurements were used. Each set
included VIRs of all seventeen individually measured transducers, as described
in section 2.1. Each VIR was analyzed using SDM. Music material (Armin
van Buuren feat. Ana Criado - I’ll Listen) was then convolved separately with
the corresponding 40.3-channel SDM responses. The playback was based on
multichannel 24bit PCM sampled at 48kHz.

The assessor was given a touch-screen wireless tablet (iPad 2) controlling
MAX 7 via MIRA on a Macbook Pro. A custom patch controlled the multi-
channel audio files and data collection. The interface of the patch was similar
to the one found in MUSHRA [47]. The reproduction room, setup and signal
chain and calibration measurements were identical to the aforementioned set-
tings in section 2. The assessor was seated on a predetermined location located
at center of the spherical array. The height was altered to match the acous-
tic center of the loudspeakers at 0◦ elevation using leveling laser. The whole
experiment was conducted in complete dark conditions, and the assessor was
not aware of the room, loudspeaker setup and the content of the stimuli as
suggested by [15, p99].

No Condition
1 No Equalization (inc. delays)
2 Normal Condition - Tuned
3 Front Windows Open - Tuned

Table F.1: Summary of conditions used in the experiment.

4.2 Experimental Procedure
The experiment comprised of two parts: 1) the elicitation of attributes and 2)
the ranking of the elicited attributes. The assessor was first introduced to the
FP methodology, focusing on the correct elicitation of non-hedonic, singular
and rank-able descriptors that do not exhibit redundancy [29, 34].
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(a) Verbal Elicitation GUI (b) Attribute Ranking GUI

Fig. F.3: User interface during the two phases of the experiment. Letter buttons included
different acoustical conditions of the car cabin. The interface was touch controlled on a
tablet.

4.3 Experimental Design - Elicitation
The assessor was asked to provide a non-limited number of verbal descriptors
that capture the perceptual characteristics of the whole stimuli set presented.
The stimuli were available on a single screen and the assessor was able to play
any stimulus at any point, using all tracks provided1. The order of presentation
was randomized for each assessor. The procedure was self-controlled and self-
paced; the GUI is shown in Fig.F.3(a).

4.4 Experimental Design - Ranking
During the ranking phase the assessor was asked to rank the stimuli based on
the perceived intensity differences of the given attribute. Each given percep-
tual attribute formed a block of three trials (one trial per program material).
The order of presentation of the stimuli as well as the program material was
randomized on each trial. The graphical interface is show in Fig.F.3(b).

4.5 Results
The results of this pilot investigation are given below for a single assessor. The
assessor was an expert sound engineer with experience >10 years in developing,
evaluating and tuning car audio systems as well as SA methodologies. The
assessor is considered as a product expert.

The initial results presented here show that the system is capable of eliciting
the expected responses based on the changes in the sound field. Figure F.4
shows that although the ‘image focus’ is preserved between Normal Conditions
and Windows Open, the perceived ‘Width’ differs marginally. The perceived
‘transparency’ seems to decrease when the windows are open, compared to
the other conditions presented here. Moreover, perceived ‘Distance’ shows no

1This paper only reports one track and three conditions for reasons of simplicity.
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difference between the two EQ settings whilst it was ranked higher forWindows
Open, as one would expect due to lack of side reflections.

These results indicate that the assessor perceived the physical changes in an
expected way, which come in close agreement with previous elicitation studies
in automotive audio [1] and spatial audio reproduction [12]. It should be noted
that the data presented here is an illustrative set and should not be used to
conclude findings due to the limited contextual factors. An in-depth analysis
will be presented in future work.

Fig. F.4: Spider plot depicting the responses given by the subject. The values are stan-
dardized (M=0). Note that the attributes given here were elicited using a larger set of
stimuli.

5 Discussion
This paper described a method to capture, analyze, reproduce and evaluate
sound originating from car cabins. The proposed method maintains the benefits
of perceptual assessment in the laboratory via auralization similar to BCS.
Thus, the method allows rapid and comparative assessment of different sound
fields in the lab, in double-blind settings, overcoming issues related to non-
auditory feedback (i.e. brand) during in-situ evaluation, and the need for
a car prototype systems for long periods during development phases. The
system also allows a choice of reproduction schemes (i.e. Binaural Synthesis,
Wave-Field Synthesis, VBAP). In this study a loudspeaker-based reproduction
was followed in an anechoic chamber, ensuring a natural externalization of the
reproduced sound field. In addition it includes a full-range reproduction system
(23Hz-20kHz) to satisfy low frequency response similar to the car cabin and
natural ‘whole-body’ vibrations, with minimal effects of the reproduction room.
Finally, following the proposed method the required time for stimuli acquisition
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is significantly reduced as capturing the VIRs require less time compared to
BCS.

Christensen et al. [4] suggested that providing real driving simulations i.e.
Steering Wheel, may enhance the realism of the evaluation. In this study, we
aim to remove any visual influence which is known to affect perception, thus,
the behavioral outcome (p96 in [15]), an issue raised when performing car audio
evaluation.

In the paper Sensory Analysis is also discussed as a tool for audio evalua-
tion. Flash Profile aims for rapid profiling of a product within a single session
whilst the assessor can use individual vocabulary. The downside is that the ex-
perimenter cannot argue on the semantic meaning of the descriptors. However
performing statistical analysis in multiple assessors the perceptual constructs
could be decomposed and provide better understanding of the soundfield when
merged with the physical metrics within the stimuli.

One should note that the SDM provides a faithful and plausible acoustical
representation, however, as any spatial reproduction method to date, it has
certain limitations. As it was shown recently [25], a post-equalization of the
analyzed response is needed when this is applied to cars due to high echo den-
sity. Moreover, the complex geometry of a car cabin and the extreme acoustical
conditions may violate the basic assumptions of SDM of plane waves, thus one
should not expect that the reproduced sound field is an exact replica of the
recorded. The current SDM assumes single reflection per analysis window,
which may not be always the case in a car cabin. Nevertheless, both objective
and perceptual results suggest that SDM preserves the perceptual differences
between the stimuli set in the experiment - a vital requirement for perceptual
assessment. The advantages of the method rely on the flexible reproduction
scheme, the fast acquisition of VIR compared to BCS, as well as analysis and
visualization capabilities of the spatial properties of the VIRs.

Further work on this topic aims to understand the perceptual effects of
acoustical properties (i.e. reverberation) in everyday listening spaces, such do-
mestic rooms and car-cabins. The above methodology is currently followed
in assessing car-cabins in detail, aiming to identify the perceptual constructs
originating from acoustical alterations in the sound field in question. Moreover
a database of multiple car cabins has been established to be perceptually eval-
uated, aiming to provide insights in the perceptual characterization between
different-sized or type of car cabins, as well as sound systems within similar
cabins, and the effect of human occupancy [4]. The proposed methodology will
also be applied in small room acoustics aiming to perceptually assess a variety
of acoustical settings in standard listening rooms and to better understand the
interaction between the acoustical properties of the reproduction room that are
inherently imposed on the reproduced sound field.

The experimental methodology proposed here, is an example of an applica-
tion in car audio evaluation. However, the method could be applied in many
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domains. Since SDM is a parametric approach, certain applications could be
realized by the using the suggested system, such as development of tuning tool
for a car audio system in the lab, as well as sound and system design testing
algorithms, without the need of a prototype car.
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SUMMARY

The central topic of this thesis is Reverberation. The reported studies focus 
on the effects of reverberation that are likely to occur in common listening 
environments, such as car cabins and ordinary residential listening rooms. 
 
The experimental designs followed in this work made use of a novel assess-
ment framework, which forms a significant part of this thesis. The proposed 
framework overcomes previously identified challenges in perceptual evalua-
tion of room acoustics, relating to acquisition and presentation of the acousti-
cal fields, as well as the perceptual evaluation of such complex sound stimuli. 
 
Overall the work described in this thesis contributes to: (1) understanding 
the perceptual effects imposed in the reproduced sound within automotive 
and residential enclosures, and (2) the design and implementation of a per-
ceptual assessment protocol for evaluating room acoustics.
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