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Abstract
Product sound design has received much attention in recent years. This has created a need to 
develop and validate tools for developing product sound specifications. Elicitation of verbal 
attributes, identification of salient perceptual dimensions, modelling of perceptual dimensions as 
functions of psychoacoustic metrics and reliable auralisations are tools described in this thesis. 
Psychoacoustic metrics like loudness, sharpness and roughness, and combinations of such metrics into 
more sophisticated models like annoyance, pleasantness and powerfulness are commonly used for 
analysis and prediction of product sound quality. However, problems arise when sounds from several 
sources are analysed. The reason for this complication is assumed to be the human ability to separate 
sounds from different sources and consciously or unconsciously focus on some of them. The 
objective of this thesis was to develop and validate methods for product sound design applicable for 
sounds composed of several sources. 

The thesis is based on five papers. First, two case studies where psychoacoustic models were 
used to specify sound quality of saxophones and power windows in motor cars. Similar procedures 
were applied in these two studies which consisted of elicitation of verbal attributes, identification of 
most salient perceptual dimensions and modelling of perceptual dimensions as functions of 
psychoacoustic metrics. In the saxophone experiment, psychoacoustic models for prediction of 
prominent perceptual qualities were developed and validated. The power window experiment 
showed that subjects may judge only parts of the sound. Power window sound consists of the motor 
sound and the scratching of a window sliding over the seal. The motor sound was filtered out and 
models developed using motor sound alone showed good agreement with listening tests. This 
demonstrated the human ability to separate sound from different sources and pointed out the 
importance of handling auditory stream segregation in the product sound design process. 

In Paper III sound sketching (simple auralisation) was evaluated as a way to assess sounds 
composed of several sources. Auralisation allows control of the contributions of different sources to a 
sound at the listening position. This way, psychoacoustic analysis and listening tests may be carried 
out on the contributions from sources separately and as an ensemble. Sound sketches may also serve 
to specify a target sound for a product. 

In Papers IV and V, the precision of auralisations related to intended use was investigated. 
Auralisations were made by filtering engine sounds through binaural transfer functions from source 
locations to the listening position in a truck cabin. In Paper IV simplifications of auralisations of one 
source were compared to artificial head recordings. For idling sounds auralisations through binaural 
transfer functions with a resolution of 4 Hz or better, or smoothed with maximum 1/96 octave 
moving average filters were found to preserve perceived similarity to artificial head recordings. In 
Paper V the effect of simplifications of transfer functions on preference ratings of auralisations was 
examined. This is of interest in applications where audible differences may be acceptable as long as 
preference ratings are unaltered, e.g. when auralisations are used as rough sound sketches. At 500 
rpm idle speed, a resolution of 32 Hz or better, or smoothing with maximum 1/24 octave moving 
average filters showed no significant alteration of subject preference ratings. These figures may serve 
as guide for required accuracy in auralisations used for evaluation of idling sounds in truck cabins. 

To conclude, psychoacoustic analysis of total sound may be used for prediction of perceived 
sound quality as long as the sound is generated by one source. When several sources generate sound, 
auditory stream segregation effects in combination with cognitive effects may deteriorate the results. 
Auralisation is a useful tool in such cases, since it makes it possible to analyse the effects of 
contributions from each source. It can also be used for making sound sketches which can serve as 
support in the design process. 

Keywords: product sound design, sound quality, psychoacoustics, auralisation, vehicle acoustics, 
binaural transfer functions 
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1 Introduction 
Product sound design has received much attention in recent years. In 1997 Acustica united 
with Acta Acustica published a special issue on product sound quality. A review of some of 
the papers in this issue provides an overview of the state of the art methods used in product 
sound design at that time. Blauert and Jekosch pointed out the importance of inclusion of 
descriptors of sound properties in the specification for a product that generates sound as part 
of its function or during use [1]. Keiper wrote that, “Sound quality evaluation of a product 
begins at the design specification stage, preferably by obtaining the customers’ opinion about 
character and quality of the planned product’s operating noise” [2]. He went on to add that, 
“At the product specification stage, where prototypes of the new product do not exist, 
decisions on target sounds have to be based on existing older, comparable products 
(including the competitors’), and possibly on sound simulations”. This indicates that it is 
necessary to hear good product sound examples to be able to start the sound design process. 
If we assume that we have an example of good sound for a given application, tools are 
needed for finding the distinguishing features of this sound. Bodden [3] suggests some useful 
tools for this task: aurally-adequate signal presentation, psychoacoustic metrics and combined 
metrics (e.g. Annoyance Index and Sensory Pleasantness). With these kinds of tools, it should 
be possible to identify aurally adequate properties of sound examples. Guski [4] proposed that 
the assessment of acoustic information should be made in two steps: 1. Content analysis of 
free descriptions of the sound and 2. Unidimensional or multidimensional psychophysics. 
This process requires that different sounds be analysed. In the first step, the aim is to establish 
a language suitable for describing the characteristics of the chosen sounds. In the second step, 
the relation between the verbal descriptions and acoustic metrics may be determined. The 
use of artificial head recordings was considered a standard method to get realistic binaural 
signals for psychoacoustic analyses [5]. Sound quality metrics able to predict perception of 
product sound were developed based on psychoacoustic metrics [6]. It was apparent that the 
sound quality of a product had to be specified in order to allow systematic product 
development. The specifications were based on verbal descriptions of sound and 
psychoacoustic analysis of binaural recordings. The commercially available sound quality 
tools were limited to analysis of the total sound reaching the ears of the listener. Even though 
awareness of the influence of context [1], the human ability to separate sound from different 
sources [7] and the influence of time variations [8] were well documented, tools for handling 
such aspects of sound were lacking. 

Since 1997, much work has focused on sound which varies over time [9, 10, 11], and 
source separation through transfer path analysis and synthesis [12, 13, 14]. Transfer path 
analysis and synthesis facilitate the analysis of sound from different sources both separately and 
as parts of a context. Auralisation through transfer path synthesis facilitates aural examination 
of the contribution of a source placed in its correct sound context in listening tests. This is 
essential, since the context may alter the perceived sound quality considerably [15]. 
Combination of methods for elicitation of verbal attributes, psychoacoustic modelling and 
auralisation through binaural transfer path analysis and synthesis provides a powerful toolbox 
for examination of time varying product sound originating from several sources. Conceptual 
descriptions have been published [12, 13], but further studies are required to validate the 
techniques and set requirements for necessary resolution during measurement. The accuracy 
with which auralisations duplicate real sounds must be validated through formal listening 
tests. Case studies where the techniques have been applied to sound design assessments have 
helped to highlight application problems and also provide useful information about the 
degree of precision required in measurements and models. 
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In 1998, Pedersen and Fog suggested a model for product sound optimisation, see Figure 
1 [16]. It assumes that a product with associated sound already exists, at least as a prototype, 
precursor or competitor’s product. The optimal/target sound is defined after analysis of the 
existing sound. 

Figure 1: A simplified version of “The Product Sound Wheel” – Pedersen and Fog’s model for 
product sound optimisation [16]. 

Pedersen and Fog’s model suggested an iterative process which results in successive 
improvements of a product’s sound quality. Such a process needs to be adapted if it is to be 
smoothly integrated into the industrial design process. Ulrich and Eppinger [17] have divided 
the industrial design process into six phases as illustrated in Figure 2. It is reasonable that 
product sound design can gain from the use of a similar process. For each phase, it should be 
possible to identify actions in product sound design analogous to conventional actions in 
industrial design. Pedersen and Fog’s iterative process could be considered to take place 
within each phase of the design process, with increasing level of detail as the process 
proceeds. 

Figure 2: The industrial design process according to Ulrich and Eppinger [17]. 

Sketching and visualisation plays a central role in the product development phases of 
conceptualisation, refinement and concept selection. Therefore, auralisation which is 
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analogous to visualisation is assumed through this thesis to be essential for structured and 
better product sound design. Depending on need, auralisations require different levels of 
detail. The concept of sound sketching was introduced in this thesis as a strategy for the 
evaluation of sounds through hearing (as opposed to imagining) early on in the design 
process.

The objective of this thesis was to develop and validate methods for product sound 
design. The industrial design process has been used as starting point. The following research 
questions were raised: 

1. Which product sound design actions are analogous to conventional industrial design 
actions?

2. How should established methods for psychoacoustics and product sound quality 
analysis be integrated into the industrial design process? 

3. How should multiple sound sources be handled in the product sound design process 
and in psychoacoustic research? 

4. In industrial design, sketching and visualisation are essential tools in early 
conceptualisation phases. How should an analogous tool for product sound design 
work?

5. Auralisations with different levels of detail were assumed to be useful tools for 
product sound design; analogous to sketching and visualisation. How should the 
perceived quality of auralised sound be quantified and measured? 

The thesis is based on five papers. In Papers I and II Research Questions 1 and 2 were 
addressed. In two case studies methods for elicitation of verbal attributes, identification of 
most salient perceptual dimensions and psychoacoustic modelling were evaluated and used to 
describe the sound quality of two product examples: saxophones and power windows for 
cars. In the saxophone experiment, the psychoacoustic models predicted perception 
measured in listening tests. In the power window experiment psychoacoustic models at first 
showed a poor correlation with the results from the listening tests. This was explained by the 
tendency of subjects to judge only parts of the sound. Power window sound mainly consists 
of two sources: the motor sound and the scratching of the window as it slides over the seal 
(also known as weatherstripping). Models developed with motor sound alone showed good 
agreement with listening tests. This proved that subjects had the ability to separate sound 
from different sources and gave rise to Research Question 3: how should multiple sound 
sources be handled in the product sound design process and in psychoacoustic research? 

In Paper III, auralisation was evaluated as a way to handle multiple source environments. 
Auralisation provides control over the contributions of different sources to the sound heard 
in a listening position. This way, psychoacoustic analysis and listening tests may be carried 
out on the contributions from the sources separately and as an ensemble. The interior sound 
of a passenger car was used as a case. An assessment concept was presented: Source character 
was measured by near field recordings. Monaural transfer functions were measured 
reciprocally from each source to the listener’s position inside the car. Based on this, the 
contribution from each source to the interior sound could be calculated by filtering through 
the corresponding transfer function. The sources were auralised through a five channel 
surround sound system. This strategy facilitated mixing so that loudness and spatial positions 
of sources could be adjusted in order to achieve different realistic sound examples. This 
assessment concept of such simple and rough auralisations was later named sound sketching 
and is assumed to be useful in early conceptualisation phases of product sound design 
(Research Question 4). 
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Since auralisation plays a central role in the suggested sound design process, it is 
important to control errors and artefacts associated with the auralisation technique. Research 
Question 5 (How should the perceived quality of auralised sound be quantified and 
measured?) was treated in Papers IV and V. The precision of auralisations required to avoid 
subject perception of sound deterioration was investigated. Auralisation made by filtering 
source signals through binaural transfer functions was applied to the interior sounds of 
vehicles. In Paper IV the deterioration of auralisations caused by lowering the frequency 
resolution of binaural transfer functions was quantified. In cases where detailed 
psychoacoustic analysis is desired, it is important to keep auralisations perceptually equivalent 
to real sounds. Comparisons were made with artificial head recordings since such recordings 
have become standard in the automotive industry for aural examinations. In Paper V the 
effect of simplifications of binaural transfer functions on preference ratings of auralisations was 
examined. This is of interest in applications where audible differences may be acceptable, for 
example when making sound sketches. In such applications it is important to preserve the 
character of the sound. A basic requirement should be that preference ratings should not be 
altered due to the auralisation technique (e.g. simplification does not make a difference). 



5

2 Definitions of Sound Character, Sound Quality and Sound 
Design

When dealing with product sound, three concepts have been discussed in the literature: 
product sound character [18], product sound quality [1] and product sound design [19]. To 
isolate properties of sound from reactions to sound a distinction has been suggested between 
product sound character and product sound quality [18]. Product sound character may be 
specified by acoustic and psychoacoustic metrics and will hold true for a sound independent 
of context. A correctly defined sound character should not be dependent on subject or 
context. Sound quality has a higher level of abstraction. A widely accepted definition was 
given by Blauert and Jekosh 1997 [1], “Product sound quality is a descriptor of the adequacy 
of the sound attached to the product. It results from judgements upon the totality of auditory 
characteristics of the said sound – the judgements being performed with reference to the set 
of those desired features of the product which are apparent to the users in their actual 
cognitive, actional and emotional situation.” As product sound quality is defined as the 
adequacy of the sound attached to a product it is dependent on user expectations and on 
context. Sound design deals with engineering of sound and a central concept is the 
communication that takes place during use of the product [19]. Even with well defined 
design targets, there will not be a single solution. With a number of solutions fulfilling the 
main design targets, there is a need for tools and processes for making decisions on which to 
choose. In industrial design, visualisations and mock-ups play a central role. It allows the 
presentation of a limited number of concepts which fulfil the main requirements of the 
decision maker(s). Even though main requirements are met, different solutions can 
communicate other unspecified aspects. Choosing solutions without seeing and touching 
models (computer models or physical mock-ups) is chancy. Unfortunately, sound is seldom 
included in these early concept presentations. There is a dearth of simple tools which can be 
used to make sound sketches - a feature which would be helpful in discussions and decision 
making in sound design. 

It is important to be aware of which of the concepts are being addressed when product 
sound is analysed. If product character is to be analysed in listening tests, it is important to 
design experiments in a way that reduce the influence of context. However, the laboratory 
setup is a context in itself. Subjects will have preconceived opinions. If a sound used in a 
listening test is identifiable, preconceived opinions will likely influence judgements. There 
have been attempts to neutralise sound with respect to identifiability while preserving the 
sound character. Fastl has presented a way to neutralize sound while preserving the loudness-
time function [20]. However, this is a delicate task since neutralization procedures will 
require neutralization of some aspects of sound character while preserving others. Fastl did 
report that this approach does alter roughness [21]. The strength of laboratory experiments is 
that it is easier to control contextual parameters. Still, pure examination of sound character 
will not be possible with this methodology. In practice, these experiments evaluate sound 
quality. By being aware of contextual factors influencing the perceived sound quality, the 
factors considered most important in a context may be controlled. Accurate measures of 
sound character are a valuable input to sound quality analysis and sound design. As long as 
physical measurements are addressed, it is possible to state that sound character is being 
measured. When talking about perceived sound character, there is no distinct boundary 
between sound character and sound quality. It is not possible to measure perceived sound 
character in listening tests. Subjects will always be influenced by context. Controlling the 
context is part of the art of experimental design. 
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3 Tools and Theories for Product Sound Design 
The modern product development process commonly starts with the identification of 
customer needs and writing of requirement specifications [17, 22]. For a product that 
generates sound during its operation it is therefore important to include properties of the 
sound in the product specifications. Blauert and Jekosch [1] have stated that “to be able to 
actually engineer product sounds, product sound engineer need potent tools, i.e. tools which 
enable them to specify design goals and, consequently, shape the product sounds in 
accordance with these design goals.” Methods for specification of product sound involve 
identification of customer requirements, identification of perceptual dimensions and 
development of measurement models for prediction of perception. This forms the starting 
phase of the sound design process.

3.1 The Sound Design Process 
As shown earlier in Figure 2, Ulrich and Eppinger have divided the industrial design process 
into six phases [17]. It is reasonable to argue that product sound design can benefit from 
using a modified form of this process. For each phase of the process it is possible to identify 
product sound design activities analogous to similar phases in industrial design. Some of the 
product sound design actions already have established techniques and procedures, while 
others are still unexplored. Here follows an analysis of each of the phases, including 
comparison of conventions in industrial design with techniques and procedures available or 
desirable in product sound design. 

1. Investigation of customer needs 
Typical actions in this phase are study of product usage, interviews with potential users, and 
discussions with marketing and engineering representatives. A large amount of 
communication between different groups of people is required. Here verbal descriptions play 
a central role. For a review of research within verbal descriptions of sound, see section 3.3 in 
this Chapter. Some established methods for elicitation and selection of verbal descriptions 
have been suggested. However, it is likely that studies of verbal descriptions for certain 
product sounds are necessary, since the descriptions may not be considered to be general for 
all kinds of product sound. In Paper I, a verbal elicitation and selection process for saxophone 
sound was reported. The results may serve as an example of product specific language 
facilitating a better specification of customer requirements for the particular product. 

2. Conceptualization 
A typical work of an industrial designer is to conceptualize the product, starting from the 
customer needs [17]. Industrial designers focus on the products form and user interface, 
taking customer needs and technical solutions into account. In this phase, simple sketches, 
termed thumbnail sketches, of each proposed concept are created [17]. Such thumbnail 
sketches serve as basis for expressing ideas and evaluating possibilities. The concepts are 
commonly evaluated by a product development team consisting of industrial designers, 
engineers, marketing people and groups of potential users. Evaluation is made with respect to 
customer needs, technical feasibility, cost and manufacturing considerations [17]. The 
thumbnail sketches are of invaluable help in the discussions. Product sound design still lack 
tools of this kind. Binaural recordings and reproduction of similar products may help in 
discussions, but will not allow presentation of new concepts. Development of tools for 
making thumbnail sound sketches would develop the product sound design process 
considerably. In Paper III, the concept of using surround sound mixing of source sounds 
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filtered through simplified (sketched) transfer functions for the production of sound sketches 
analogous to visual thumbnail sketches is presented. 

3. Preliminary refinement 
In the preliminary refinement phase, the concepts deemed most promising are further 
refined. This is commonly done using soft models, i.e. full scale models in foam or foam-
core board [17]. These models are generally rough, but are still in three dimensions. 
“Concepts are evaluated by industrial designers, engineers, marketing personnel, and (at 
times) potential customers through the process of touching, feeling, and modifying the 
models” [17]. This is another phase with no corresponding tools for product sound design. 
One possible innovation would be to develop the concept presented in Paper III where 
more detailed source information is added. Alternatively, would be the use of binaural 
transfer functions (which are rich in detail) as presented in Papers IV and V. However, such 
detailed binaural transfer functions are difficult to create for non-existent products under 
development. 

4. Further refinement and final concept selection 
At this stage, the number of concepts under consideration have been narrowed. An industrial 
designer will start to make more information-intensive drawings known as renderings [17].
The renderings are detailed and are in two or three dimensions. They are typically used for 
testing customer reaction to a proposed product. The next step is to make hard models. 
These are typically not technically functional but are close replicas of the final design with a 
very realistic look and feel. There may be some working features such as moveable buttons. 
At this stage some sound quality related issues may be addressed. For example, the 
mechanical sound of buttons being pressed and lids being opened or closed may be included. 
With full-sized hard models it will also be possible to measure transfer functions and make 
auralisations based on them. Here, the methods suggested in Papers IV and V may be used. 
In some cases correct source information may also be available. Some sounding components 
may already have been selected, like for example engine and transmission parts for a vehicle 
or a speaker and microphone for a telephone. 

5. Control drawings or models 
After concept selection, industrial designers make control drawings or control models of the 
final concept. These have documentation functionality where features, sizes, colours, surface 
finishes, etc. are fixed. In product sound design and sound quality analysis, the concept of 
target sound has been suggested in several papers [2, 3, 12, 23]. A target sound is analogous 
to control drawings or control models in the product design process. Even though the 
concept is well-established, there are not really any simple tools designed to just create target 
sounds. The methods used in Papers III, IV and V can be used to contribute to the further 
development of methods for creating target sounds. 

6. Coordination with engineering, manufacturing, and external vendors 
Even when a product is designed, industrial designers continue to work closely with 
engineering and manufacturing personnel through the whole product development process. 
Typical tasks of a designer are to ensure correct selection of materials, tooling, components 
and assembly to make certain requirements are being met. A designer verifies that a product 
matches the specifications in a control drawing or control model. Paper II describes a case 
study on power windows for passenger cars. Power window components are typically 
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purchased from subcontractors and exact sound specifications are needed to ensure 
agreement with original product targets.

Throughout the sound design process it is important to be aware of how humans 
perceive, experience and respond to sound. The rest of this chapter treats methods for 
specification of product sound, recording and reproduction of sound and creation of sound 
sketches. In Chapter 4 a review of literature concerning human experience of sound is 
presented which covers identification of sound, contextual effects in real life and laboratory 
situations, emotional reactions to sound, semiotics, and aesthetics of sound. 

3.2 Requirement Specifications 
Requirement specifications are generally in writing. Even though sound may be difficult to 
describe verbally, written specifications are powerful tools for defining basic sound 
requirements. A prerequisite for useful verbal specifications is that the verbal descriptions are 
commonly understood. Berg [24] has thoroughly described processes for elicitation of verbal 
attributes for the description of sound as applied to the spatial qualities of surround sound. 
Suitable verbal attributes facilitate the subjective evaluation of sound and are a good base for 
written specifications. When the engineering process starts, the verbal descriptions need to be 
interpreted in terms of acoustic metrics. Guski [4] has proposed that the assessment of 
acoustic information should be made in two steps: 1. Content analysis of free descriptions of 
sounds and 2. Unidimensional or multidimensional psychophysics. Methods for specification 
of product sound involves identification of specifiable qualities, identification of perceptual 
dimensions and development of measurement models for prediction of perception. This was 
studied in Paper I. The sound of saxophones were used as a case. The use of a musical 
instrument is convenient when studying descriptions of sound, since musical instruments are 
typical products where sound is an essential part of function. The objective of the experiment 
was to suggest, evaluate and validate a method for specification of product sound quality, 
focussing on descriptions of differences between similar but not identical sounds constant 
over time. The suggested procedure comprises four steps as illustrated in Figure 3 below. 

Figure 3: Procedure used for modelling perceptual dimensions of saxophone sound as functions of acoustic 
metrics.

1.  Elicitation and selection of verbal 
attributes

2.  Identification of prominent 
perceptual dimensions 

3.  Modeling perceptual dimensions 
as functions of acoustic metrics 

4.  Validation of models on a new 
group of subjects and a new set of 
stimuli
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Applying this procedure to a defined product type and user group results in a 
manageable number of commonly understood verbal attributes- each interpreted in terms of 
acoustic quantities. Inclusion of such verbal descriptions in a requirement specification will 
be a good start for the sound design process. 

3.3 Verbal Descriptions 
As human communication is generally spoken or written, good verbal descriptions are 
essential in the early stages of product sound design where discussions about requirements 
usually are kept on a rather abstract level. In Paper I an extensive procedure for elicitation 
and selection of verbal attributes was outlined. 

3.3.1 Elicitation of verbal attributes 
By determining which words are commonly used by the user group under consideration 
(saxophonists in Paper I) to describe a product sound (saxophones in Paper I) it is possible to 
find information about which sound aspects are important. The elicitation of verbal attributes 
is a qualitative process. By applying structured procedures the prerequisites for finding 
representative attributes increase. Various procedures have been suggested. Repertory Grid 
Technique [25] is one which has been successfully applied by Berg and Rumsey [26] for 
elicitation of verbal attributes describing spatial qualities of sound. Stone et al. suggested a 
procedure called Quantitative Descriptive Analysis [27]. The procedure involves the 
selection of 12-15 panel members from some 25 prospective members; final selection is based 
on their discriminatory ability and other factors relating to the product category in question. 
A descriptive language is then developed under the guidance of a panel leader. Rumsey has 
provided a survey of conceivable methods for the elicitation of verbal attributes for use in 
subjective assessment of spatial attributes of reproduced sound [28]. Gabrielsson [29] 
conducted extensive experiments on the perception of audio reproductions. He elicited 
verbal attributes by questionnaires distributed to sound engineers, audiologists and peoples 
suffering from hearing loss. They were given about 200 adjectives collected from various 
sources and they were asked to rate them according to their suitability as descriptions of how 
various sound reproductions may be perceived. In addition, free verbal descriptions from 
subjects were collected. In Paper I, a procedure similar to Gabrielsson’s was used. There is a 
risk that attributes which describe important aspects will be missed because of the context. 
This risk will decrease with the introduction of different contexts in the elicitation process. 
In Paper I, attributes were elicited under six different conditions in the following order: 

1. Without listening to examples, subjects were asked which adjectives they use to 
describe the sound of the addressed product. 

2. Without listening to any examples, each subject was asked to pick the most 
convenient adjectives to describe the sound of the addressed product from a list. In 
general practice, such a list may be compiled from words typically used in literature. 
For musical sounds, several scientific papers have been written about verbal attributes. 
In Paper I, adjectives from some papers were included. 

3. Various sound examples of the addressed product category were played for each 
subject who was then asked to describe the sound in their own words. 

4. Different semi-synthetic (digitally modified) sound examples of the addressed product 
were played for the subjects who were then asked to describe the sound in their own 
words.
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5. Each subject was asked to describe the sound they prefer the addressed product to 
have, in their own words. 

6. The subjects were asked to use examples of products similar to the one addressed and 
describe the sound of each. 

Since the introduction of examples of attributes and sounds may influence subjects, the 
order of the examples is important. The elicitation procedure starts with free descriptions, 
and gradually more and more information and examples are introduced. 

3.3.2 Selection of most commonly used attributes 
Verbal elicitation procedures tend to generate a large number of attributes. To be able to 
evaluate attributes in listening tests, the number of attributes needs to be limited. In Paper I 
analysis of the frequency of use served as the basis for selection. Attributes used by many 
subjects were assumed to be commonly used and have potential to be commonly 
understood. The strategy used to reduce the number of attributes was to count the number 
of subjects who had used an attribute in each context separately. The most commonly used 
attributes from each context were selected, resulting in a list of attributes assumed to contain 
attributes useful in all contexts. 

3.4 Mapping the Perceptual Space 
The perceptual space is a psychoacoustics model for how perceptions are structured and 
organised by humans. Sounds are positioned mentally in a perceptual space close to similar 
sounds. Each dimension in the perceptual space corresponds to one perceptual quality. 
Objects located close to each other in one dimension are similar with respect to the quality 
associated with that dimension. Two common methods to find the most prominent 
perceptual dimensions are Multidimensional Scaling (MDS) [30] and multivariate analysis of 
verbal ratings [31]. MDS relies on ratings of difference or similarity between stimuli. A 
primary advantage of this method is that judgements do not depend on verbally labelled 
scales. Differences in semantic meanings will not influence the results. The drawback is the 
difficult interpretation of determined dimensions. MDS is a powerful tool for revealing 
hidden dimensions, i.e. dimensions not described by verbal attributes. In Paper I, multivariate 
analysis of verbal ratings was applied. The method was chosen due to clear interpretation of 
dimensions and a less laborious procedure for the subjects involved in listening tests. Verbal 
attribute magnitude estimation (VAME) was used [32]. A method similar to Osgood’s 
semantic differential method [31], but with only one attribute judged on a scale ranging from 
“not at all” to “extremely” instead of a scale ranging from one attribute to its opposite. The 
advantage with VAME is the avoidance of using semantic differentials consisting of attributes 
which may not be exact opposites. The results from VAME were subject to multivariate 
analysis through Principal Component Analysis (PCA) [33]. Most studies find that about 
three perceptual dimensions are prominent. This was what Osgood found in examinations of 
the semantic space [31] and this is also found in several studies of perceptual dimensions of 
sound [29, 34, 35, 36]. There are exceptions, where more dimensions are reported, e.g. in 
Sköld et al. [37]. In Paper I four dimensions were reported, but the first three dimensions 
explained most of the variation. This pattern is similar in other papers on this topic. It seems 
that humans easily perceive and interpret three dimensions; in the presence of more, three 
dimensions will become prominent. 
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3.5 Psychoacoustic Metrics 

3.5.1 Loudness 
A psychoacoustic metric is a model predicting perception based on physical measures. For 
long time, the standard measure of sound has been sound pressure level measured in decibels, 
dB. It roughly predicts the perception of loudness. The unit bel was originally devised by the 
Bell Telephone Laboratories to replace the unit “mile of standard cable” used for 
quantification of transmission loss [38]. It was found to fit to perception of loudness, since 
the increase of sound pressure needed for subjects to notice a change was proportional to the 
original sound pressure, i.e. the perceived level was logarithmically related to sound pressure. 
It was also found that 1 decibel (dB) corresponds roughly to a just noticeable difference in 
sound level. However, Békésy made thorough investigations of the function of cochlea and 
found mechanisms explaining frequency dependence of loudness [39]. Fletcher and Munson 
measured the frequency dependence of loudness and presented equal loudness level contours 
(Figure 4) which have been used as basis for psychoacoustic metrics for prediction of 
loudness [40]. Each equal loudness contour shows the sound pressure level for a sine tone 
being perceived equally loud as a 1 kHz sine tone at the corresponding sound pressure level 
as a function of frequency. 

Figure 4: Equal loudness contours measured by Fletcher and Munson 1933 [40]. 

At that time, technology did not support measurements of loudness based on 
relationships as complex as those reported by Fletcher and Munson. Therefore, the A and B 
weightings were introduced in the first American standard for sound level meters [41]. The 
A-weighting curve was based on the 40 dB Fletcher and Munson equal loudness contour and 
the B-weighting curve on the 70 dB contour. The weighting curves, as presented in the first 
standard, are shown in Figure 5.  
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Figure 5: Acceptable frequency response of sound level meters defined in the sound level meter standard 
developed by the Acoustical Society of America in 1936 [41]. 

The A-weighting facilitated simple measurements approximating perception of loudness, 
but since it is designed based on judgements of equal loudness of sine tones it has limitations. 
For complex sounds, spectral masking affects the perceived loudness [42]. The A-weighting 
curve has also been shown to underestimate the loudness at low frequencies (below 400 Hz) 
[43]. Stevens developed a more sophisticated psychoacoustic metric for the prediction of 
loudness [44], later standardised in ISO 532A. This metric accounted for the frequency 
dependence of loudness. Stevens made three underlying assumptions: 1) The sound field was 
assumed to be diffuse, 2) The spectrum was assumed to be a broad band and 3) The sound 
was assumed to be a steady state. The second assumption implies that tonal components and 
narrowband noise will not be accurately predicted by the model. At the same time, Zwicker 
suggested another metric for prediction of perceived loudness [45]. Zwicker’s method takes 
spectral masking [42] into account. It may be used for calculation of loudness for sounds with 
strong line spectra or irregular spectra. Zwicker’s method was also expanded to apply both 
for diffuse sound fields and frontal sound in a free sound field. Zwicker’s method was later 
standardised in ISO 532B. Both Stevens’ and Zwicker’s methods assume the measured sound 
to be steady state rather than intermittent. In many applications diffuse sound fields behave as 
if they were steady sounds since reverberation diminishes temporal discontinuities [44], but 
there are still limitations. Several attempts have been made to develop a loudness metric for 
time varying sounds [8, 9, 46]. These were based on experiments which determined the time 
characteristics of hearing. Since there are several mechanisms used in the human processing 
of time varying sounds, no metric covering all known effects has been developed. Some 
metrics will successfully predict perceived loudness for a certain type of time varying sound, 
while failing for other types. The types of sound used in the experiments were created in the 
laboratory, e.g. tone bursts, AM tones, narrowband noise and FM-tones. These sounds are 
not fully representative for sounds outside the lab. Pedersen and Ellermeier showed that 
salient events are perceptually emphasised in natural listening [11]. Their study suggests that 
there are some cognitive processes involved in the loudness perception of time varying 
sound. Such processes are hard to model. More knowledge regarding what affects human 
loudness perception will increase the accuracy of predictions. Even salient events in 
modalities other than hearing may influence the perception of sound. 
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The evolution of metrics for prediction of loudness shows the great importance even 
simple metrics like dBA may have if using physical measurement to predict perception. It 
also shows the importance of psychoacoustic research in the development of knowledge 
about mechanisms which can influence perception. Finally, it shows the great complexity of 
perception. It is important to be aware of how multimodal context may influence the 
perception of a quantity such as loudness. 

3.5.2 Sharpness 
In a factorial investigation of verbal attributes used to describe the timbre of steady sounds 
von Bismarck found the differentiation dull-sharp to represent the most prominent 
perceptual dimension [47]. Von Bismarck developed a psychoacoustic metric labelled 
sharpness, modelling the perception of the dull-sharp dimension based on loudness critical 
band rate patterns, N’(z), where N’ is loudness density and z is critical band rate [42]. 
Sharpness was modelled as a weighted first moment of the critical band rate pattern, 
according to: 
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In this model g(z) is a weighting function proportional to the sharpness of narrowband noise 
at constant loudness (see Figure 6). c is a proportionality constant used to normalise to a 
reference sound. The unit of sharpness is acum. 1 acum is defined as the sharpness of a 
narrowband noise with centre frequency of 1 kHz at the 60 dB level. This gives c=0.11 [42].

Figure 6: Weighting factor, g(z), for sharpness as a function of the critical band rate [42]. 

Later, Aures [48] found that von Bismarck’s model was dependent on loudness and suggested 
the following modification: 
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Results from Paper II showed that other weighting functions may need to be considered 
when the sharpness of band limited sounds are analysed. 

3.5.3 Fluctuation Strength and Roughness 
Fluctuations at low modulation frequencies are perceived as loudness modulations. 
Fluctuation strength is a metric which models the perceived extent of such fluctuations. At 
higher modulation frequencies perceived loudness remains constant but the sound gets a 
rough character. The roughness metric models the extent of perceived rough character. Both 
fluctuation strength and roughness are functions of modulation depth, modulation frequency 
and level. There is no strict limit in modulation frequency between fluctuation strength and 
roughness, but fluctuation strength vanishes and roughness takes over at around 20 Hz [49]. 
Fluctuation strength is most prominent for modulation frequencies at around 4 Hz and 
increases when modulation depth and sound pressure level are increasing [49]. Zwicker [50] 
has suggested the following metric: 
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N’min and N’max are time sequential minimum and maximum values for specific loudness and 
T for the time difference between two consecutive loudness maxima. Roughness is most 
prominent for modulation frequencies at around 70 Hz [49]. Roughness increases when 
modulation depth and sound pressure level increase [49]. Zwicker and Fastl [42] have 
suggested roughness can be approximated by using: 
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EL is the modulation depth when temporal masking is taken into account and modf  is the 
modulation frequency. Aures suggested a procedure for more precise calculation of 
roughness [51]. This procedure has been used for calculation of roughness in Papers I and II. 
In Paper I roughness was successfully used in models for prediction of perception, however it 
was found that the verbal attribute “rough” was not interpreted by Swedish-speaking subjects 
as roughness. “Rough” was best predicted by a model which combined sharpness and 
roughness.

3.5.4 Tonalness, Tone-to-Noise Ratio and Prominence Ratio 
Tone components have a major influence on the perceived timbre of a sound. However, it is 
difficult to construct psychoacoustic metrics for prediction of perception of tone 
components. The sound character is influenced by the relative distances in frequency and 
level between tone components. As soon as several tone components are present this leads to 
a large number of possible variations. Perception of sound character of sounds with harmonic 
or near harmonic spectra have been thoroughly investigated within musical acoustics [52] 
and voice acoustics [53]. The shape of the envelope of harmonic spectra has been shown to 
be a major factor in the identification of differences in the sound character between vowels. 
The envelope of a vowel spectrum typically contains some separated humps known as 
formants. The differences in timbre between vowels may be described by the frequencies of 
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the two formants with the lowest frequencies [53]. Some differences in sound character 
between musical instruments may also be explained by a formant-like character of the 
envelope of their harmonic spectra [54]. Another pronounced difference in sound character 
stemming from differences in tonal content is the variation between harmonic spectra with 
all partials present, e.g. a synthesised saw-tooth wave and spectra with only odd partials, e.g. a 
synthesised square wave. The number of audible partials as well as the slope of the spectrum 
envelope will also affect sound character [47]. In summary, differences in sound character 
arising from differences in the pattern of tone components will be multidimensional and may 
not be described with one or a few psychoacoustic metrics. Still, there are some metrics 
frequently used to describe the perception of tone components. The most common are: 

Tonalness [48]:  Describes the relationship between the sum of tone components 
and noise in a sound signal. 

Tone-to-noise ratio [55]:  Describes the relationship between one tone component and the 
surrounding noise. Tone-to-noise ratio is calculated separately for 
each tone component in a sound signal. 

Prominence ratio [55]: Describes the relationship between one prominent critical band 
centred on a tone component compared to the two adjacent 
critical bands. Prominence ratio is calculated separately for each 
tone component in a sound signal. 

These kinds of metrics have been shown to be useful in applications where the desired sound 
character is noisy, e.g. fan sounds in IT-equipment or ventilation. In such applications tone 
components are unwanted. Studies have been made of levels required for a tone to be 
prominent in noise and recommendations on maximum levels of tone-to-noise ratio and 
prominence ratio have been made [55, 56]. Tonalness, which sums up the contribution of 
prominent tone components, has been used to evaluate annoyance in noisy environments 
[57].

3.6 Modelling Perceptual Dimensions Using Combined Psychoacoustic 
Metrics 

To prepare a technical specification for a product sound, the perceptual space has to be 
interpreted in terms of acoustic or psychoacoustic metrics. A psychoacoustic metric models 
one perceptual dimension; however an experienced perceptual dimension may not 
necessarily coincide with any model. In such cases, combined metrics are required. Such 
metrics may be developed as regression models predicting perceptual dimensions as functions 
of a number of acoustic and psychoacoustic metrics. Bodden has discussed the usability and 
the generalisability of combined metrics [3]. Bodden stated that there exists a number of 
different attributes which describe sound quality, but humans usually select only four of them 
in a sound evaluation process. “The real problem in this context is that the selection of 
attributes is influenced by cognitive and emotional aspects. But, if those influencing factors 
can be controlled, the most important attributes can be determined – but only for this 
specific situation” [3]. Aures made an attempt to form a global sound quality metric called 
“sensory pleasantness” consisting of a combination of loudness, sharpness and tonalness [48]. 
Widman developed a combined metric named “psychoacoustic annoyance” based on 5th

percentile loudness, sharpness, roughness and fluctuation strength [58]. Annoyance metrics 
have been developed for some limited applications. AVL has developed an annoyance index 
for engine noise based on loudness, sharpness and impulsiveness [6]. Kahn et al. developed an 
annoyance index for diesel engine noise based on loudness, sharpness and harmonic ratio 
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[59]. Bodden stated [3]: “In contrast to those global indices specific sound quality indices for 
specific applications seem to be more reasonable” – here “indicies” can be taken to mean the 
same as “metrics”. In Papers I and II combined metrics for prediction of salient perceptual 
dimensions for two products, saxophones and motor car power windows, were developed. 
Such metrics are not widely generalisable but they do give information about which acoustic 
properties are most influential on the prominent perceptual qualities of a product sound. 
They may also be useful for setting targets on product components, e.g. electrical 
components for cars. 

3.7 Sketching Sound 
The terms sound sketch and thumbnail sound sketch are new to product sound design and 
have been adopted from the general field of product design. As noted earlier, the idea is that 
modelling sounds in advance of even prototype manufacture will strengthen the process of 
determining which sound are most likely to be usable and functional. In industrial design, 
visualisations and mock-ups play a central role. It allows presentation of a limited number of 
concepts which meet the main requirements. In early conceptualisation phases, simple 
sketches called thumbnail sketches of each proposed concept are created [17]. Such 
thumbnail sketches serve as basis for expressing ideas and evaluating possibilities. The 
concepts are commonly evaluated by a product development team consisting of industrial 
designers, engineers, marketing people and groups of potential users. Discussing solutions 
without seeing and touching models (computer models or physical mock-ups) is precarious. 
Unfortunately, sound is seldom included in these early concept presentations. There are not 
any simple product design tools for making sound sketches which would be helpful in 
discussions and decision making. Binaural recordings and reproductions of similar products 
are commonly used, but do not make it possible to easily present new concepts. 
Development of tools for making thumbnail sound sketches would significantly improve the 
product sound design process. Paper III presents the concept of using surround sound mixing 
of source sounds filtered through simplified (sketched) transfer functions for the production 
of sound sketches analogous to visual thumbnail sketches. A good sound sketch requires 
some degree of realism. Binaural cues are important in many aspects of sound perception and 
cognition. Therefore, control of binaural signals is important in all kinds of recoding, 
reproduction, synthesising and sketching of sounds used in product sound design.  

3.7.1 Binaural Technology 
If the acoustic signals at both eardrums can be correctly recorded or synthesised and 
reproduced then the result will be an auditory experience indistinguishable from reality. This 
is essential for correct sound quality analysis. Methods for recording, synthesis and 
reproduction of sound signals in such an aurally adequate way are called “binaural 
technology”. Blauert has defined binaural technology as [60]: “Binaural technology is a body 
of methods that involves the acoustic input signals to both ears of the listener for achieving 
particular purposes, for example, by recording, analyzing, synthesizing, processing, 
presenting, and evaluating such signals.” In its ideal form, sound signals are recorded in the 
ear canals of a listener. The signals need to be reproduced in a way which ensures that the 
reproduced signal in the ear canal is identical to the recording. This can be accomplished by 
using head phone reproduction which is corrected by the transfer function from head phone 
to ear canal. This correction is termed head phone equalization [61]. It is also possible to 
reproduce the sound through loudspeakers using cross-talk cancellation - an algorithm 
enabling the left ear recording to reach only the left ear of the listener and the right ear 
recording the right ear [62]. True to life binaural reproduction requires recording at the 
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entrance of the ear canals of the listener who will hear the sounds later. However, it has been 
shown that listening to recordings made at other peoples’ ears also result in realistic 
reproduction [61]. Recordings made at different subject’s ears give different results in 
listening tests probably because of subtle differences between individuals. For reasons not 
possible to pinpoint here, some people seem to have extraordinary good ears for recordings. 
For example, there can be outstanding results in localisation tests even when other people 
listen to the recordings. For practical reasons, artificial heads are commonly used for the 
recording of binaural signals. An artificial head is a manikin, usually head and torso, with 
microphones located at the ears. The artificial head is a convenient way to measure binaural 
signals. However, no commercially available artificial head has given better results in 
localisation listening tests than the recordings made at “better” human subject’s ears [63]. 
Binaural recording and reproduction have become standard procedures in sound quality 
analysis in the automotive industry. Otto et al. have provided universal guidelines for the use 
of binaural technology in automotive applications [64]. 

3.7.2 Binaural Synthesis 
Depending on the angle of incidence, sound at the ears will be differently altered by a 
listener in a sound field,. This alteration is described by head-related transfer functions 
(HRTF:s). If the HRTF:s are known, the contribution to each ear of sounds from known 
angles may be calculated. This is called binaural synthesis [61]. It allows artificial positioning 
of sources in space under free-field conditions. In Papers IV and V binaural synthesis of the 
contribution of sources placed outside a vehicle compartment to interior sounds has been 
made. In such cases the field is neither free nor diffuse. The binaural synthesis is made 
possible by the measurement of binaural transfer functions from the known source position 
to the listening position. This concept has previously been presented by Sottek et al. [65]. In 
Papers IV and V binaural transfer functions were measured directly. The same artificial head 
was used both for measurement of transfer functions and for binaural recordings. This was 
done to allow comparison between binaurally synthesised sound and binaural recordings. 
The resulting transfer functions were a mix of HRTF:s of the artificial head and the spatially 
distributed transfer through the vehicle body. Auralisation was made by filtering the source 
signal through the measured binaural transfer functions. Reproduction of the auralisation 
through head phones equalised to match the artificial head resulted in true to life 
auralisations. Sottek et al. [65] used reciprocal measurements using a artificial head with 
loudspeakers instead of microphones in the ears and microphones at the source positions. 
The principle of vibrational reciprocity states that if the system under consideration is linear 
and time-invariant then the transmission of vibration is invariant with respect to exchange of 
the points of input and observed response [66]. Reciprocal measurements are often practical 
in product development. Small sensors can be placed closer to sound-radiating surfaces for 
which transfer functions are to be determined [65]. Furthermore, with the source placed at 
the listening position transfer functions to several positions may be measured simultaneously 
– which will result in significantly reduced measurement times [65]. 
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4 Identity and Meaning of Sound 

4.1 The Identity of Sound 
Humans have a remarkable ability to identify sounds even when prominent perceptual 
dimensions like loudness, sharpness and roughness are similar. Identification of sound enables 
association of the sound to surrounding events. We are able to identify events like things 
knocking together, objects sliding over a surface, footsteps approaching, etc. By recognition 
of the sound we may make judgements upon qualities of materials. Knocking a surface of an 
object will give hints about thickness, material properties, size and shape. The identification 
of a sound will facilitate association of the sound to an object and a context. This will 
provide much more information to cognitive processes than sound which can not be 
identified. Blauert has pointed out the importance of cognitive aspects for the classification of 
sound as noise, i.e. undesired sound [67]. He wrote, “To be able to design other than 
intuitively, data should be made available to the engineer which tell him which meanings 
subjects tend to assign to specific sound and what the judgment on the desirability will 
possibly be.” Namba [68] has suggested that, “The identification of noise source is a 
cognitive aspect of noise quality. If a sound source is acceptable to a listener, the sound from 
the source is not considered noise. Therefore, the identification of the sound source is a key 
factor in noise problems.” In cases where the identity is the factor determining whether a 
sound is desired or not, the data Blauert asks for are the qualities which facilitate the 
identification of the sound. McAdams has summarised research on the identification and 
recognition of sound [69]. There are two theoretical approaches for modelling the 
identification and recognition of sound: 1) the information processing approach and 2) the 
approach of ecological psychology. According to the information processing approach, the link 
between the perceptual qualities of the sound source, its abstract representation in memory, 
its identity and the various meanings or associations it has with other objects in the listener’s 
environment are hypothesized to result from a multi-stage process. This process progressively 
analyses and transforms the sensory information initially encoded in the auditory nerve. 
Recognition is accomplished by matching this processed sensory information with some 
representation stored in a lexicon of sound forms in long-term memory. The degree of 
match may determine whether the sound is recognized or not and may also determine the 
degree of familiarity that is experienced [69]. Ecological psychology hypothesizes that the 
physical nature of the sounding object, the means by which it has been set into vibration and 
the function it serves for the listener are perceived directly without any intermediate 
processing. The perceptual system itself is hypothesized to be tuned to those aspects of the 
environment that are of biological significance to the listener or that have acquired 
behavioural significance through experience [69]. The diversity in theoretical approaches for 
modelling recognition of sound shows the difficulty in determining how human perception 
and cognition of sound work. The two approaches explain different aspects. The ecological 
psychology approach focuses on properties of the physical world being invariant when other 
properties are changing. A voice is usually recognised even spoken over a noisy telephone 
line or when the speaker has a cold. If the invariants forming the recognition are isolated, the 
subsequent task is to determine how a listener detects these invariants. The information
processing approach focuses more on the mechanisms by which recognition occurs. Problems 
arising from the identification of sound in sound quality analysis have been discussed in the 
literature. Jekosh has pointed out the importance of handling meaning in the context of 
sound quality assessment [70]. As soon as a sound is identified, it has meaning for a listener. 
This may lead to inaccurate results when using instrumental assessments where sound quality 
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metrics are calculated from physical data rather than subjective assessments. Results of 
subjective assessments may also be influenced if contextual aspects are not made clear to 
subjects - allowing them to associate correct meaning to sounds assessed in listening tests. To 
allow examination of the pure influence of form (i.e. acoustic properties of sound) on sound 
quality judgements, Fastl has suggested a procedure to neutralise the meaning of sound [20]. 
In this context, neutralisation is made by analysis of the sound by the Fourier-Time-
Transform (FTT) [71]. After spectral broadening of the elements of the FTT-patterns, sounds 
are synthesised by an inverse FTT algorithm. This way, the synthesised sound will have the 
same temporal envelope and the same loudness-time function, but will not be recognisable. 
Such neutralisation may serve as tool for examination of how the identity of sound influences 
judgments. By using the procedure, Ellermeier et al. studied how annoyance judgements are 
influenced by the identifiability of environmental and product sounds [72]. They showed 
that psychoacoustic metrics is better at predicting annoyance with neutralised sounds than 
with identifiable sounds. The conclusion was that the additional variance was caused by non-
acoustic factors related to the identifiability of the sounds being assessed. This adds further 
confirmation to Jekosch’s statement about sound meaning. Sound meaning has to be handled 
carefully during both instrumental and auditory assessments of sound quality. As soon as a 
sound is identified, it implies meaning for a listener. Analysis of sounds neutralised with 
respect to identifiability may increase understanding as to which aspects are important for 
giving certain impressions, but it will not result in correct predictions of sound quality. 

4.2 Contextual Effects 
It is well known that perceived sound quality depends on the context where the sound is 
presented. Typical contextual effects are the interaction between vision and hearing and 
audio-tactile interaction. It has been shown that not only overarching qualities like 
annoyance and preference are influenced by the multimodal context but also basic perception 
of information from one sense may be influenced by information from other senses [73]. 
One example is the well known effect of increased understanding of speech in a noisy 
environment when the lips of a speaker are visible. This is not only a recognition effect, 
Sams et al. have shown that the sight of lip movement actually modifies activity in the 
auditory cortex [74].  It is therefore important to be aware of the multimodal context in 
applications and the limitations of laboratory experiments addressing only one modality at a 
time. As soon as a sound is identified, it gets meaning. This allows subjects to place the 
sounds into a context and cognitive effects may influence the results. 

4.2.1 Multiple Sound Sources 
Most auditory scenes contain several sound sources. The human ability to separate sound 
sources is well documented. Everyone has experienced the ability to focus on one speaker in 
a noisy multi-speaker environment. This ability was named the cocktail-party effect by 
Cherry in 1953 [75]. Cherry used an extreme case of binaural listening by presenting 
different speech signals to each ear. Subjects had no trouble focusing on one ear. 
Furthermore, subjects were almost completely unaware of which signals reached the other 
ear. They could not retell anything about the speech going to the unused ear. They did not 
even notice if the speech to the unused ear changed language. The cocktail-party effect is less 
pronounced in real life where sounds reach both ears. Still, our ability to locate and focus on 
sound sources is incredible. Hearing uses several acoustic cues to locate sound. The most 
prominent cues for determination of direction are interaural time differences, interaural level 
differences, interaural phase differences and the direction dependent filtration by the head 
and the pinnae. For the detection of distance, different phenomena take place at different 
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distances. At short distances, less than approximately 3 m from point sources, the wave 
incident on the head can not be considered plane. It has a curvature, and therefore, the linear 
distortions of the signals due to head and pinnae vary with distance. At intermediate 
distances, 3-15 m from point sources, only the sound pressure level depends on distance. At 
distances above 15 m, the attenuation of air can not be considered linear as a function of 
frequency. Higher frequencies are attenuated more than lower and hence the spectral shape 
will change with distance [76]. 

Not only spatial cues are used for the separation of the sources in an auditory scene. 
Bregman has made a thorough description of known cues and phenomena resulting in the 
separation of the auditory scene into “auditory streams” [7]. “An auditory stream is our 
perceptual grouping of the parts of the neural spectrogram that go together” [7]. In visual 
perception, the neural information is grouped into objects. Auditory streams may be seen as 
the auditory correlate to objects in vision. There are a number of documented mechanisms 
leading to auditory stream segregation and probably a huge number of unexplored 
mechanisms. An example of an auditory stream segregation mechanism is grouping due to 
proximity. This phenomenon is similar to the Gestalt psychologists’ proximity principle for 
vision, which states that the closer visual elements are to one another, the more strongly we 
tend to group them. Bregman and Campbell showed that proximity in the two dimensions 
of frequency and time will tend to group tones into auditory streams [77]. A sequence of six 
different tones, three high ones and three low ones, was played to subjects. The sequence 
was looped over and over. When presented slowly, the listeners heard the sequence of tones 
in the same order as played. When the sequence was played faster, the listeners did not hear 
the tones in correct order. Instead they heard two streams of tones, one containing the low 
tones and one the high. It was shown that by increasing the difference in frequency, the 
segregation into two streams was stronger. Increasing the speed had the same effect. An 
interesting observation is that the same thing happens visually when the sequences are plotted 
graphically as depicted in Figures 7 and 8. 

Figure 7: Stream segregation is stronger when the frequency separation between high and low tones is 
greater. Notice the analogy between vision and audition. From Bregman [7]. 

Figure 8: Stream segregation is higher at higher speeds. Notice the analogy between vision and audition. 
From Bregman [7]. 
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Most psychoacoustic experiments on auditory scene analysis have been made by 
controlled presentations of sine tones in time and frequency domains. Such experiments 
render much information about perceptual processes, but are considerably simpler than real 
life situations. We make use of a lot of cues in the auditory stream segregation process, e.g. 
frequencies, timing, spatial cues and timbre. Timbre is not a one dimensional property of 
sound. It is probably not even possible to reduce it to a small number of dimensions. For 
some fundamental differences in timbre such as sharpness, stream segregation has been shown 
to occur. Sounds similar in sharpness tend to be assigned to the same stream [7]. Sounds with 
large differences in timbre, like the difference between noise and tones also segregate into 
different streams [7]. In experiments it has been shown that pure tones with simultaneous 
onsets tend to be grouped into one stream. Also simultaneous changes in pitch and loudness 
among partials tend to cause them to be grouped into the same stream [7].

Even though much remains to be revealed concerning mechanisms causing auditory 
stream segregation, handling stream segregation is essential for sound quality analysis of 
multiple source auditory scenes. Auditory stream segregation allows us to focus on a sound 
source in a multiple source environment. This places considerable limitations on the validity 
of psychoacoustic metrics used in multiple source environments. The metrics are based on all 
sounds going to one ear or one microphone. If a listener focuses on one source the subjective 
perception may be significantly altered when compared to a situation where another source is 
the focus or no source is in focus. The subjective perception of a focussed source will still be 
affected by other sources by for example, masking. For certain applications computer models 
of source separation may be usable. One example is what is commonly known as “cocktail-
party processors”. Such algorithms extract the voice of a speaker in a multiple source 
environment based on binaural cues [78]. Such algorithms have been shown to be effective as 
long as the number of sources are limited - up to five and under anechoic conditions. In such 
cases the signal-to-noise ratio for the desired talker may be enhanced up to 23 dB. This is 
better than humans accomplish under similar conditions but as soon as reverberation and 
noise are introduced the systems perform worse than humans [79]. 

Some attention has been paid to the design of concurrent signal sounds - which is a 
special kind of a multiple source environment [80, 81, 82]. Signal sound (auditory icons or 
earcons) provide a simple case of a multiple source environment where a limited number of 
concurrent sounds are presented and where the form of the sounds may be controlled. 
McGookin and Brewster have provided some guidelines for the design of earcons based on 
theories from auditory scene analysis [80]. To summarise, the number of concurrently 
presented earcons should be limited, each earcon should have its own timbre and earcons 
should not start simultaneously. Edworthy and Hellier described how the least effective alarm 
signal would be designed. It would have a relatively high pitch since this would make it 
difficult to localise. It would have few harmonics since this would make it more sensitive to 
masking. Lastly, it would be fixed in frequency since people have difficulty retaining absolute 
pitch. These authors pointed out that ironically there is a remarkable similarity between this 
least effective warning signal and most medical alarms in current use [81]. With knowledge 
in elementary psychoacoustics and auditory scene analysis considerable improvement in 
simultaneous sound signals can be achieved. 

In a more complex auditory scene a number of complex sources and background noise 
would need to be handled all at the same time. Since it is still not possible to create computer 
models which would predict human perception of such scenes, sound quality analysis 
requires tools for analysis and auralisation of multiple sources individually and as parts of a 
context. Papers III to V describe one approach for such auralisation and analysis. 
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4.2.2 Audio-visual Interaction 
It has been shown that visual images influence sound quality judgements. Fastl has shown the 
influence of vision on judgements of speech quality in an auditorium [83]. Subjects were 
asked to judge the speech quality of speech recorded at different positions in an auditorium. 
In addition to the recordings, photos of the speaker were taken at each recording position. In 
a first stage, subjects only listened to the recordings and judged speech quality. In a further 
experiment the subjects were presented photos taken at the respective recording positions. 
This allowed the subjects to judge the distance to the source. It was shown that the results 
were altered by the presentation of the visual image. Knowing the distance caused 
expectations on speech quality. The ratings at close distances decreased since knowing the 
distance increased the expectations about speech quality. Ratings at longer distances increased 
since the visual information decreased the speech quality expectations. In another 
experiment, Fastl showed that colour of objects may alter judgements of loudness. Subjects 
were asked to judge the loudness of recordings of high-speed trains. The subjects were 
presented images of the train in different colours. When an image of a green train was 
presented, subjects judged the loudness of the same sound to be lower when compared to an 
image of the train painted white with a red stripe [83]. 

4.2.3 Audio-tactile Interaction 
Several studies have been made on the effect of audio-tactile interaction on sound quality 
judgements; the results have been inconsistent. Some studies support an additive effect on 
annoyance ratings [84], but there are cases reported where the addition of vibrations to sound 
decreased annoyance ratings [85]. Despite these inconsistencies it may be concluded that 
vibrations affect perception of sound and vice versa. Genell and Västfjäll have shown that the 
addition of vibrations to vehicle sounds being presented increased annoyance. Perceived 
powerfulness, which may be a positive contribution to the product sound quality, also 
increased [86]. Using aircraft sound and vibration, Västfjäll has demonstrated what they called 
the mismatch hypothesis - stimuli that are incongruent should elicit more negative reactions 
than congruent stimuli. They showed that mismatched sound and vibration, e.g. high 
frequency sound and low frequency vibrations, elicited stronger negative reactions than 
matched combinations [87]. The mismatch hypothesis stresses the importance of matching 
product sounds and vibrations. 

4.3 Contextual Effects in Experimental Situations 

4.3.1 Multimodal stimuli 
In previous sections, the contextual effects on the perception of product sounds in real life 
have been discussed. The experimental situation is a context worthy of special attention. It is 
obvious that the ability to present stimuli one modality at a time is one of the major reasons 
why laboratory experiments are so useful. This can mean that a laboratory environment will 
never exist in real life. One such example is interior vehicle sounds without vibrations. 
Vibrations may be added to the experimental setup [86, 88]. However, inconsistent results 
from studies of combined sound and vibration imply for this author that this should be done 
with care. If, for example, vibration in one direction is added to the seat of a simulated car 
interior, the situation still diverges from reality. The mismatch hypothesis presented by 
Västfjäll [87] implies that vibrations which are not matched to sound may increase negative 
reactions. Multimodal stimuli have to be handled with care. It is commonly accepted that 
multimodal interactions exist - more research is needed to ensure correct presentation and 
analysis of multimodal stimuli in experiments. 
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4.3.2 The Peak and End Effect 
Retrospective judgements of perception introduce effects in experimental results. Kahneman 
et al. have shown that subjects tend to judge peaks and ends of episodes rather than averaging 
their perceptions over the whole episode [89]. The effect has also been demonstrated for 
preference and loudness judgements of sound [90]. This kind of effects will introduce 
problems in the interpretation of results from experiments based on time varying sound. 
Most product sounds vary with time. There is no unambiguous way to handle temporal 
variations although different recommendations exist. Zwicker and Fastl [42] have 
recommended the use of 5th percetile loudness in physical measurements of noise emissions. 
This will emphasize peaks, but it will not draw attention to endings – sometimes an 
important part of a sound. Zwicker´s loudness model was originally developed for stationary 
sounds. It has to be used with care on time varying sounds. 5th or 10th percentiles may give 
good results on stimuli with prominent peaks, e.g. walking sounds [91]. Stimuli should be 
examined to avoid problems caused by considerable changes in level and character at the 
ends of the stimuli. In Paper II the peak and end effect was apparent. The loudness of the 
examined sounds showed decreasing trends and contained few peaks. Therefore, the end 
influenced judgements heavily. It is important to examine the temporal structure of an 
episode before calculation of psychoacoustic metrics and to be aware of the peak and end 
effect. It is also important to take the peak and end effect into consideration in sound design 
and sound quality analysis since the impression of a product may, in many situations, be 
judged retrospectively. Therefore, special attention should be paid to time periods which are 
likely to be succeeded by judgements of product quality, e.g. the last part of a car ride or a 
flight.

4.3.3 Effects of Neighbouring Stimuli 
In most experiments several stimuli are presented together. Experiments need to be carefully 
designed in order to control the influences stimuli may have on the perception of other 
stimuli. Marks and Arieh have described some common problems of this kind [92]. In Paper 
V it was obvious that the perception of a stimulus depended on which combination of 
stimuli that was used. There is no standard procedure to correct for such effects, besides 
randomisation of orders. In Paper V anchor stimuli were used to correct for some of the 
influence which stimuli may have on each other. 

4.4 Emotional Reactions to Sound 
In the perception of product quality emotions play a central role. Much research within 
sound quality deals with annoyance, which is an emotional state. When it comes to well- 
being, perceived product quality or preference for certain sounds may also be described by 
emotional dimensions. In some studies of affective reactions to sound, a two-dimensional 
space built up by the two dimensions, pleasure and arousal, has been used [87, 93]. Västfjäll 
has interpreted the arousal dimension as activation, ranging from deactivating to activating. 
In-between, there is a neutral state, which is neither activating nor deactivating. The pleasure 
dimension also has a neutral state between unpleasant and pleasant [87]. Bisping has 
interpreted the two salient dimensions of the affective space as powerfulness and pleasantness, 
when dealing with cars [94]. He demonstrates the differences in preference as a function of 
car type. A luxury car should be pleasant and fairly powerful. Middle class cars should be 
pleasant but neither powerful nor weak. Sports cars are generally unpleasant but powerful. 
There is a trade-off between pleasantness and powerfulness in technical realisation. This 
explains why sports cars are unpleasant. Powerfulness is considered more important than 
pleasantness for a sports car. Analysis of emotional reactions to sound adds dimensions to 
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product sound quality analysis and should not be overlooked. When viewing the two 
dimensional affective space, phenomena like the preference for sports cars with low 
pleasantness is easily explained. This is not possible if only annoyance is analysed. It also 
stresses the importance of the context. The context will determine which emotions are 
preferred. For a thorough review of research within emotional reactions to sound, see 
Västfjäll [87]. 

4.5 Sound and Semiotics 
Semiotics is the study of signs. There seems to be no univocal definition of the terms “sign” 
and “semiotics”. Semiotics is connected to the methodologies commonly used in the analysis 
of product design [95]. Pierce’s definition of sign is commonly referenced in the context of 
product design [96]: “A sign, or representamen, is something which stands to somebody for 
something in some respect or capacity.” Semiotic theories from product design (see for 
example [95]) may also be directly applied to sound design. While there are plenty of visual 
examples, there are few publications about sound and semiotics. Jekosch has based discussions 
about meaning in the context of sound quality assessment on Pierce’s theories [70]. She 
wrote, “There is no natural relation between form and content of a sign, but it is the 
interpreter who associates meaning to a form.” This is an elaboration on what Pierce called a 
“semiotic triangle”. Jekosch’s adaptation of Pierce’s semiotic triangle is depicted in Figure 9. 
The basic idea of the semiotic triangle is that a sign can only be understood as a relation 
between form, content and interpreter. An auditory event can be considered to be a sign. 
The form is the acoustic character of the sound - the waves reaching the listeners ears. The 
listener interprets the sound. The content is the signified object or the meaning of the sound. 

Figure 9: The semiotic triangle as adopted by Jekosch [70]. 

Pierce divided the relationship between form, content and interpreter into three 
categories: index, icon and symbol [96]. An index is connected to what it signifies by cause. 
The sound of a closing door is an example of an index. Most product sounds are indices. An 
icon resembles what it signifies. An example is the sound of creasing paper which signifies files 
moved to the recycle bin in a computer user interface. A symbol designates signs which are 
the results of agreements between people. Examples of auditory symbols are the beeps 
indicating a green or red light at a pedestrian crossing. 

Semiotics will not give absolute answers as to the ideal product sound, yet knowing the 
function of sound as signs can help to make the sound design process more straightforward. 
Jekosch summarised it in the following way [70], “When a sound event is looked at in view 
of its being a sign, it becomes clear that the sound has no quality per se but that quality is 
assigned to it.” Quality is assigned to a sound on the basis of its context. Context can be an 
everyday situation or in a laboratory. High demands are put on an experiment designer to 
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ensure that the context experienced by subjects is controlled and relevant. In the product 
design process being aware of a sound’s categorisation as a sign will facilitate straightforward 
communication.

4.6 Metaproducts and the Aesthetics of Sound 
Encyclopedia Britannica defines aesthetics as “the philosophical study of beauty and taste” 
[97]. Aesthetics as a name of a science was first used by Alexander Baumgarten 1714-1762 
[98]. Baumgarten defined aesthetics as “sensuous knowledge”, knowledge obtained through 
the senses in contrast to knowledge obtained through the mind [95]. Since aesthetics may be 
considered to be a branch of philosophical science, aesthetics of sound could be the subject of 
a separate thesis. No attempt to provide such detail upon the subject will be made here. 
However, aesthetics is an important part of industrial design, including the design of product 
sound. Monö has defined aestheics of design as, “the study of the effect of product gestalt on 
human sensation” [95]. He states that aesthetics of design has to do with physical/sensous 
knowledge as in Baumgarten’s definition. A product has to be designed with all senses in 
mind. “To be able to achieve a whole, a product gestalt, a designer must have knowledge of 
the basic elements, from lines and surfaces to acoustic vibrations and olfactory substances, a 
knowledge of the way in which parts are made into a whole with the desired effect on 
human sensations” [95]. In addition to all physical elements of a product, the product gestalt 
may include non-physical parts. Linn defined such non-physical parts in terms of words like 
prejudice, status, nostalgia and group affiliation and labelled them the metaproduct [99]. In 
sound quality analysis it is important to be aware of the metaproduct since it will influence 
the meaning perceived by a listener as soon as a sound is identified and associated with a 
certain product. Aesthetics is often thought of as the properties resulting from judgements as 
to beauty and ugliness. In judgements of beauty the metaproduct plays a central role as 
prejudice, status, nostalgia, group affiliation and other aspects of experience influence our 
judgements. In colloquial language aesthetics commonly means how something looks, sounds 
or feels, with apparent focus on preference. This interpretation is common in writings on 
industrial design. Ulrich and Eppinger defined a product’s aesthetic appeal as “how it looks, 
sounds, feels, smells” [17]. Lidwell et al. defined aesthetic as attractive [100]. They further 
stated that, “Aesthetic designs are perceived as easier to use, are more readily accepted and 
used over time, and promote creative thinking and problem solving. Aesthetic designs also 
foster positive relationships with people, making them more tolerant of problems with a 
design.” Such effects make understanding of aesthetic aspects and metaproducts important 
both in sound quality analysis and sound design. Results may be considerably altered by 
subject or customer attitudes towards a product and its sound. 

Few psychoacoustic studies have tried to include the effects of metaproducts and 
aesthetics. One example is a review of surveys on community response to railway noise made 
by Møhler [101]. Møhler found non-acoustic factors to contribute as much or almost as 
much to annoyance and disturbance as did the rail-traffic noise itself. Factors mentioned were 
fear of the railways, the conviction that railway noise is preventable and satisfaction with the 
dwelling and the district. He further compared railway noise with road traffic noise and 
found that railway noise allows higher equivalent sound pressure levels (LAeq) than road traffic 
noise when judged equally annoying. Parts of the results may be explained by the different 
temporal and spectral characteristics of railway and road traffic noise but prejudice and 
emotions also contributed. An aesthetic judgement seemed to be made where railway noise 
was judged to be more beautiful, or less ugly, than road traffic noise. Parts of the 
metaproduct like the signs of good communications and environmental friendliness may have 
improved the tolerance for the railway noise. 
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5 Summary of Papers 
Paper I focused on aspects of importance in the first phase of the sound design process – the 
investigation of customer needs (see Ch. 3.1). Examined aspects were elicitation of verbal 
attributes, identification of most salient perceptual dimensions and modelling of perceptual 
dimensions as functions of psychoacoustic metrics. Paper II focused on aspects of importance 
during the last phase of the sound design process, coordination with engineering, 
manufacturing, and external vendors (see Ch. 3.1). Specification of component sound quality 
was studied as it applied to power windows of passenger cars.

The intermediate phases of the sound design process (conceptualization, preliminary 
refinement, further refinement and final concept selection, and control drawings or models) 
all rely to a large extent on sketches, visualisations and models (see Ch. 3.1). The correlate in 
product sound design is auralisation. Auralisation is a well established concept [102]. Tools 
for auralisation are commercially available, but there is a lack of simple tools for sound 
sketching. Papers III, IV and V present conceptual ideas about how auralisation may be used 
to support the product sound design process. Furthermore, there are few studies evaluating 
necessary precision in auralisations. The degree of precision required is dependent on the 
purpose of use. If auralisations are to be used in psychoacoustic research, errors and the 
influence of artefacts should be small so as to avoid misinterpretation. For example, in Paper 
IV the deterioration of auralised engine sound caused by moderate simplifications was 
precisely quantified to measure noticeable differences. Conversely, when auralisations are 
used as sound sketches, larger errors and artefacts may be acceptable as long as the main 
character of the sound is preserved. One fundamental requirement even for rough sound 
sketches is that preference ratings should be reliable. In Paper V effects on preference ratings 
of auralised vehicle interior sound was examined as a function of coarse simplifications of the 
auralisations.

5.1 Paper I: Modelling Perceptual Dimensions of Saxophone Sounds 
Methods for specification and analysis of steady state product sound were studied. This was 
done as a case study where the alto saxophone was used as the product. To elicit suitable 
verbal attributes of saxophone sound, the verbal descriptions made by musicians were 
collected during interviews. The most frequently used words were then evaluated through 
listening tests. To find the most significant perceptual dimensions for the set of test sounds 
Principal Component Analysis was used. To interpret the perceptual dimensions in terms of 
physically measurable metrics the perceptual dimensions were modelled as linear functions of 
acoustic quantities. The results were validated through a comparison between two 
saxophones of different design. The procedure followed is described in Figure 3. 

5.1.1 Elicitation and selection of Verbal Attributes 
Verbal attributes were elicited following the procedure described in section 3.3.1. The 
elicitation process resulted in a list of 139 attributes (see Table 1 in Paper I). This was an 
indicator of the richness of sound descriptions among saxophone players. It also demonstrated 
that descriptions can vary widely, even with the same person. It was hypothesised that the 
most commonly used verbal attributes would be more distinct and commonly understood. 
Therefore, attributes most commonly used in the different contexts were selected for further 
analysis. In addition, vowel analogues were tested. Vowel analogues were assumed to be 
commonly understood by subjects as the saxophone spectrum shows some similarities to the 
human voice with strong formant-like characteristics. 
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5.1.2 Examination of the Perceptual Space 
Examples of saxophone sounds were binaurally recorded with an artificial head and played 
back to subjects using equalised headphones [103]. The 12 stimuli used consisted of 0.5 
second long cuts from single notes in the recordings. The cuts were placed so that both the 
attack and the decay were removed. In listening tests, subjects were asked to judge how well 
the timbre was described by the selected attributes by the method of Verbal Attribute 
Magnitude Estimation [32]. Principal Component Analysis (PCA) [33] was used to identify 
prominent perceptual dimensions. The identified perceptual space is shown in Figure 10 
below. In the electronic version of this thesis sound samples are found in the appendix. 

    
Figure 10: Four Varimax rotated components found by PCA. Descriptors in bold were judged 

significantly different depending on which musician/saxophone combinations were played. 

Since the objective was to study differences between steady state parts of saxophone sounds, 
the short sound excerpts with attack and decay removed were used to ensure that the same 
section of sound was judged in the listening tests and measured in acoustic measurements. 
While it may be argued that this leads to unrealistic listening conditions, there is a trade-off 
between realism and control of the experimental situation. It is likely that attack and decay 
are perceptually important [104] and thus have an unwanted influence. Even if subjects are 
instructed to only judge the steady state parts of sound, their judgments would be influenced 
by differences in attack and decay. This could lead to inaccurate results regarding steady state 
parts of sounds. To get valid results for complete saxophone tones, further studies have to be 
made with a focus on perception of attack and decay and possible interactions between 
attack, decay and steady state parts of tone. 

5.1.3 Modeling the Perceptual Space by Acoustic Metrics 
Models for prediction of verbal descriptions based on acoustic metrics were developed by 
linear regression. As dependent variables, the means of all subjects’ judgements of the verbal 
attributes were used. As independent variables, the acoustic metrics listed in Table 1 were 
tested.
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Table 1: Acoustic metrics tested as independent variables in the linear regression models. 
Metric Description 
Fund Fundamental frequency /Hz 
Loudness Loudness according to ISO532B /sone 
Sharpness Sharpness /acum [105] 
Roughness Roughness /asper [51] 
Tonalness Tonalness [48] 
Width Spectral width: The order number of the highest 

partial with a SPL above 20 dB 
N'4.5 to N'22.5 Specific loudness per critical band [42] 

(4.5 Bark-22.5 Bark) /sone/Bark 
R'4.5 to R'22.5 Specific roughness per critical band [42] 

(4.5 Bark-22.5 Bark) /asper/Bark 
F1 to F6 Frequency of formant 1 to 6 (see Figure 2 in Paper I) 

The resulting linear regression models are presented in Table 2. Two requirements are 
fundamental for a model to be considered valid. The model should be able to predict 
judgements by another group of subjects and the model should be able to predict judgements 
of other sound samples. The models were validated through new listening tests. Two sets of 
stimuli were judged. Stimuli Set 1 consisted of eight of the twelve stimuli used for the 
development of the models. For Stimuli Set 2, new sound samples were created by artificial 
head recordings of two saxophones - one series produced and one prototype instrument. The 
correlation between predictions by the models and results from listening tests are found in 
Table 2. 

Table 2: Linear regression models for prediction of the three most salient perceptual dimensions for alto 
saxophone sounds. 

Stimuli Set 1 Stimuli Set 2 

 r2
adj r2 r2

Variables correlating with component 1 
20.5

9.5i
iR1.53-sharpness2.111.19warm 0.78 0.88** 0.46

soft=20.3-12.5 sharpness 0.68 0.81** 0.54*

Variable correlating with component 2 

[o]-like=18.4-9.45 sharpness-11.1(R'9.5+R'10.5) 0.74 0.77** 0.67**

Variables correlating with component 3 
18.5

13.5i
iN0.344shaprness62.285.5sharp 0.92 0.92** 0.26

rough=-9.83+10.5 sharpness+2.44 roughness 0.80 0.77** 0.81**

* Correlation is significant at the 0.05 level (2-tailed) 
** Correlation is significant at the 0.01 level (2-tailed) 

From Table 2 it can be seen that the models meeting the validation requirements are soft,
[o]-like and rough. The results confirm the strength of the psychoacoustic metrics sharpness 
and roughness. They also show the inconsistency in subject interpretations of these attributes. 
When applied to saxophone sound, rough is interpreted as something that can be defined as a 
mix of the psychoacoustic metrics roughness and sharpness. The attribute soft is a better label 
for the psychoacoustic metric sharpness (although correlating negatively). 
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5.2 Paper II: Specification of Component Sound Quality Applied to 
Automobile Power Windows 

The specification of component sound quality was studied as it applied to power windows of 
passenger cars. Electrical components are often manufactured by subcontractors. The 
objectives were to identify perceptually important aspects of sound, link them to acoustic 
metrics and develop guidelines for determination of requirements for power window sounds. 
The experiment was conducted in three steps: 

1. Interviews for elicitation of verbal attributes for description of perceived sound quality 
of power windows. 

2. Listening test based on Verbal Attribute Magnitude Estimation [32] for development 
of models for prediction of perceived sound quality based on acoustic quantities. 

3. Development of guidelines for determination of requirements for sound quality of 
power windows based on acoustic quantities. 

5.2.1 Interviews 
To elicit verbal attributes suitable for description of perceived sound quality of power 
windows 7 subjects were interviewed. The subjects listened to binaurally recorded examples 
of power window sounds. The interviews were carried out in the Sound Car at Volvo Car 
Corporation. The Sound Car is a rebuilt passenger car placed in a semi-anechoic room. The 
reproduction of sound in the Sound Car was controlled with a Head Acoustics SQlab 
system. Airborne sound is represented through subwoofers and headphones. The Sound Car 
facilitates presentation of sound to subjects sitting in an environment very similar to real life. 
In the interviews the subjects were asked to state their opinions about the sounds with a 
special focus on the following aspects: What makes this sound good? What makes this sound 
bad? Does the sound contain annoying details? When in time do you find the sound good, 
bad or annoying? Spontaneous impressions and the use of analogues were encouraged. The 
procedure was simpler than the one used in Paper I. Much effort was put into making the 
context similar to a real life situation, e.g. by using the Sound Car. Seven attributes were 
chosen from the interviews: dull, loud, annoying, steady, powerful, overall product quality and 
under-dimensioned.

5.2.2 Listening Test 
The listening test took place in the Sound Car. Verbal attributes selected from the interviews 
were used. The interviews showed that the travelling phase is more important than starting 
and stopping transients for the assessment of power window sound quality. Based on this, 
subjects were asked to judge the travelling phase. Even though starting and stopping events 
were not to be assessed they were not excluded from the sounds presented to the subjects. 
Listening to power window sounds without the starting and stopping events would decrease 
the realistic feeling the Sound Car provides. The subjects were asked to judge how well the 
verbal attributes dull, loud, annoying and steady described the travelling phase of the power 
window sounds. The questionnaire also contained the questions: Does the power window sound 
powerful? Does it sound like a high quality power window? Does it sound like the power window motor 
is under-dimensioned? The judgments were assessed using 9 point unipolar scales ranging from 
“not at all” to “much”. 
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5.2.3 Modelling Annoyance and Perceived Product Quality as Functions of 
Acoustic Quantities 

Interviews revealed that sounds with a time-varying character negatively affected the 
perceived quality of the power window. This is similar to the findings from a study of power 
seat adjusters by Bernard et al. [106]. That study found that speed variations induce the 
perception of weakness. Consequently, it was important to find metrics that describe time 
varying character. 

Models for prediction of perceived annoyance and overall product quality based on 
acoustic metrics were developed by linear regression. As dependent variables, the means of 
subject judgements of annoying and overall product quality for each power window were used. 
The metrics listed in Table 3 were tested as independent variables. In addition, measures for 
fundamental frequency variations of electric motor sound and alternative models for 
sharpness/dullness were suggested and tested. 

Table 3: Acoustic metrics tested as independent variables in the linear regression models. 
Index Description 
LA A-weighted sound pressure level /dBA 
N Loudness according to ISO532B /sone 
S Sharpness /acum [105] 
R Roughness /asper [51] 
Fls Fluctuation strength /vacil [107] 
Ton Tonalness /tu [48] 
PRfund Prominence ratio for the fundamental motor tone /dB [55] 
PRmax Specific prominence ratio for the most prominent partial /dB [55] 
TTNfund Tone-to-Noise ratio for the fundamental motor tone /dB [55] 
t Travelling time of window (opening) 

Loudness (N) showed a lower correlation with judgments of loud than expected 
(r=0.78). It was assumed the reason was the subjects’ tendency to judge only the motor 
sound, not the sum of the motor sound and the window-seal scratching. To test this 
assumption, an analysis of the motor sound separate from window-seal scratching was 
performed. Since the motor sound and window-seal-scratching were fairly well separated 
spectrally, separation could be made by spectral filtering. The Pearson correlation between 
loudness for the low-pass filtered sound (fc=1500 Hz) and judgements of loud was 0.91, a 
considerable improvement when compared to the compound sound loudness. 

Von Bismarck found the dull-sharp scale to represent the factor carrying most of the 
variance among verbal attribute scales used for description of the timbre of steady sounds [47, 
105]. Von Bismarck suggested a model relating sharpness measurements to its specific 
loudness pattern. Low correlation was found between Von Bismarck’s model for sharpness 
and subject ratings of dull (r=-0.14). It was assumed that the reason was the same as for the 
loudness case where subjects tended to only judge the motor sound. Therefore, Von 
Bismarck’s model was modified to only consider sound up to 11 Bark using the following 
equation:

Bark

z
z

Bark

z
z

N

Nz

11

,...2.0,1.0

11

,...2.0,1.0
11Bark to0S      (6) 

where Nz’ is specific loudness per 1/10-critical band with center band rate z. The 
function returns a weighted first moment of the critical band rate distribution of specific 
loudness for sound up to 11 Bark. The Pearson correlation between S0 to 11Bark and judgements 
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of dull was -0.85 (p=0.004, 2-tailed). The result confirms the assumption that mainly motor 
sound was judged. For simplicity in communication between car manufacturers and 
component suppliers, a metric based on A-weighted sound pressure level in 1/3-octave 
bands was used. The following metric was suggested and tested: 

13

0

13

0
1600Hz to80S

i
Ai

i
Ai

L

iL
     (7) 

where LAi is the A-weighted sound pressure level (dBA) in the ith 1/3-octave band, 
starting with i=0 for the 80 Hz centre frequency band and ending with i=13 for the 1600 Hz 
centre frequency band. The Pearson correlation between S80 to 1600Hz and judgements of dull 
was -0.93 (p<0.0005, 2-tailed). The lower limit of the frequency range was chosen since the 
fundamental frequencies for all motor sounds were above 80 Hz. This model is even better 
than the model based on specific loudness. This shows how important correct frequency 
weighting is when modelling sharpness/dullness. The weighting is altered when A-weighted 
sound pressure level in 1/3 octave bands is used instead of loudness. More studies on 
weighting of specific loudness in sharpness models would be necessary to explain the results 
in detail. 

The best regression models for prediction of overall product quality and annoyance are 
presented in Table 4. They were based on low pass filtered loudness (LPLoudness), S80 to 1600Hz

and Relative RPM Deviation (RRD), a measure describing maximum fundamental 
frequency fluctuations in relation to fundamental frequency (Eq 8). 

2
minmax

minmax

RPMRPM
RPMRPM

RRD
   (8)

Table 4: Linear regression models for prediction of overall product quality and annoyance 
95% Confidence 
Interval for B 

Model / 
Dependent 
Variable 

r2
adj Independent 

Variable 
Unstandardised 
Coeff. (B) 

Standardise
d Coeff. ( )

Significance 
of Coeff. 

Lower
Bound 

Upper 
Bound 

Constant 37.9  0.026 25.8 50.1 
LPLoudness -0.77 -0.55 0.004 -1.17 -0.37 
S80 to 1600Hz -4.00 -0.28 0.002 -5.79 -2.21 

Overall product 
quality 

0.94 

RRD -0.053 -0.54 0.050 -0.11 0.000 

Constant -26.8  0.000 -33.4 -20.3 
LPLoudness 1.02 0.75 0.000 0.84 1.19 

Annoying 0.98 

S80 to 1600Hz 3.42 0.47 0.000 2.48 4.37 

The two models are similar which shows the close negative correlation between 
perceived overall product quality and annoyance. There is one difference worth stressing - 
for overall product quality the frequency fluctuation described by RRD is part of the model. 
This is not the case for annoyance. From this it can be concluded that the frequency 
variations were judged as a sign of bad product quality, but that they did not contribute to 
annoyance. 
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5.3 Paper III: Design of Product Sound by Blending of Sound Sources 
In Paper II problems were encountered when sounds composed of two blended sources were 
analysed. Even basic psychoacoustic metrics like loudness and sharpness fail in some cases 
such as in Paper II. The human ability to separate sound sources has been thoroughly 
investigated by Bregman [7]. These investigations into auditory stream segregation support 
my assumption that psychoacoustic models based on total sound can fail in applications 
where listeners focus only on part of the sound. Carosone [108] has described Ferrari’s 
approach to handling blended sound sources by multi-channel mixing of near field 
recordings. This approach served as the starting point for the design of an experiment with 
two objectives: 1) to study whether typical passenger car interior sounds are heard as a unity 
or if attention is drawn to some of the sound sources and 2) propose a procedure for sound 
sketching. Four main sound sources in a passenger car were sampled by near field recording. 
To get an approximation of each source contribution to the interior sound the signals were 
filtered using idealised transfer functions. Through mixing of the filtered sounds four 
different sounds with the same overall loudness level but different levels of the separate 
sources were created. These four sounds were evaluated in a listening test at two different 
loudness levels. The subjects were asked to judge the overall loudness of the sound and they 
were given no information about the way the sounds were created. By this approach 
conclusions could be drawn on whether the loudness of the interior sound of a passenger car 
is judged based on compound sounds or if some sources are more important for the 
perception of loudness. If loudness measured for the compound sound fails to predict subject 
perception of loudness, this indicates that product sounds consisting of a blend of different 
sources, i.e. most product sounds, can not be evaluated using models based on total sound. 
Methods for handling blends of sound sources need to be developed. Paper III describes an 
experimental approach for psychoacoustic analysis and subjective evaluation of sound 
composed by a mix of contributing sources. 

5.3.1 Sound Source Characteristics 
Sounds were near-field recorded at four positions. One microphone was placed in the engine 
compartment, one was placed outside the oriface of the exhaust pipe, one was placed in the 
left rear wheel housing and one was placed inside the car close to the seal of the passenger’s 
side window to catch wind noise (see Figure 11). The recordings were made in a Volvo V70 
2001 at 90 km/h speed. In the electronic version of this thesis sound samples are found in the 
appendix.
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Figure 11: Microphone positions used for recording of source characteristics. 

5.3.2 Transfer Path Analysis 
Monaural transfer functions were measured reciprocally from the microphone positions to 
the listening position of a passenger. The measured transfer functions were used to determine 
simple idealised (sketched) transfer functions by visual inspection of the graphs (see Figure 
12). The near field recordings were used as approximations of source sounds. These 
approximated source sounds were filtered through the idealised transfer functions. An 
approximation of wind noise was created by recording sound using a microphone placed 
inside the car close to the side window seal. Since this source was already inside the car it was 
not filtered before use. Sound samples of source sounds filtered through the simplified 
transfer functions are available in the appendix of the electronic version of this thesis. 
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Figure 12: Transfer functions from three microphone positions to the listening position of a passenger in 
the front passenger seat. The dashed lines are the idealised transfer functions used in the auralisation. 

5.3.3 Blending of Sound Sources and Auralisation 
The filtered sounds were mixed using a 5.1 surround sound studio, Digidesign Pro Tools. 
The sounds were adjusted in level and spatial position to achieve an initial sound judged by 
this author to be close to the original sound. The resulting sound was equalised to the same 
A-weighted SPL as the original sound. Sound examples for a listening test were created by 
variation in the level of engine sound and exhaust sound at two levels which resulted in four 
different combinations of engine and exhaust sound levels. The overall loudness (ISO 532B) 
of the sound was kept constant by adjustment of the tyre noise level. The procedure was 
repeated for two different loudness levels. To avoid the influence of the listening position on 
the results of the listening test, each sound was recorded with an artificial head placed at the 
listening position of the studio as shown in Figure 13. In a listening test the sounds were 
presented to the subjects through equalised headphones. 

Figure 13: Conversion of 5.1 surround sound to binaural signals. 
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5.3.4 Listening Test 
Subjects were asked to judge the perceived loudness of the sounds on 11-point scales ranging 
from 0=not at all loud to 10=extremely loud. The listening test was designed as a 3-factor 
factorial experiment. The dependent variable was the judged loudness and the factors were 
engine sound pressure level, exhaust sound pressure level and overall loudness (ISO 532B). 
Each factor was varied on two levels. ANOVA was used to find factors significantly affecting 
perceived loudness. Second order interactions between the factors were included in the 
analysis. Variation of loudness (ISO 532B) affected the loudness judgements significantly 
(p<0.1). So did variation of sound pressure level of the engine sound. A significant 
interaction effect (p<0.1) was found between the sound pressure levels of engine sound and 
exhaust sound. When exhaust sound pressure level was high, changes in engine sound 
pressure level did not affect judgements. When exhaust sound pressure level was low, the 
sound pressure level of engine sound did affect judgments of loudness significantly. Means 
and interaction plots are presented in Figure 14. This result confirms the need for tools 
which can be used to manage product sound design of multiple source environments. 

Figure 14: Means and interaction plots for the factors affecting judgments of loudness. 
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5.4 Paper IV: Quantification of Audible Deterioration of Auralised 
Engine Sounds Caused by Simplification of Transfer Functions 

True to life auralisations can be created by filtering the perceptually most salient source 
sounds through binaural transfer functions from the sources to the listening position. In case 
the auralisations are to be used for psychoacoustic analysis, they need to closely duplicate 
authentic sounds. Precision of measurements of transfer functions has been discussed in 
several papers [12, 13, 65, 66, 109]. Results are commonly presented as plots of compared 
frequency response functions in the same graph. However, it is difficult to draw conclusions 
on the audibility of differences from such graphs. Since the results of transfer function 
measurements usually have to be interpreted as effects on sound, understanding of the 
audibility of alteration of transfer functions is essential. Therefore, methods for evaluation of 
the quality of transfer functions in listening tests are of considerable importance. The 
objective of Paper IV was to determine the resolution in binaural transfer functions required 
for making auralisations of engine sound perceptually equivalent to artificial head recordings. 
In a case study, auralisations of the contribution of engine sounds to the interior sounds of a 
truck were examined. The largest simplifications of binaural transfer functions allowed 
without introducing audible deteriorations were assessed through listening tests. The binaural 
transfer functions were simplified by lowering the frequency resolution and by smoothing in 
the frequency domain. Subjects rated the perceived difference between the auralisations and 
an artificial head recording. This way, the maximum level of simplification allowed without 
increasing difference ratings was determined. 

5.4.1 Evaluation Methodology 
A common way to detect small differences in reproduced sound is with ABX-comparisons 
[110]. This method is a powerful tool for the detection of small differences. When 
comparing artificial head recordings with auralisations, the different techniques of 
reproducing the sounds likely induce small but audible artefacts, e.g. different levels and 
characters of background noise. Trained subjects will easily identify the stimuli based on such 
cues. These kinds of differences are in most cases easy to disregard when auralisations and 
artificial head recordings are used for evaluation of product sounds. In this context, ABX-
testing may be too sensitive to such artefacts. To get information about the magnitude of 
perceived differences where these methodological cues are present, a test method developed 
by the International Telecommunication Union called “double-blind triple-stimulus with 
hidden reference” [111] was used. This method has been found to be sensitive, stable and 
accurate in detection and magnitude estimation of small differences. The procedure is a 
combination of ABX comparisons and magnitude estimations of differences. Sound pairs 
with no audible differences may be identified by analysis of the proportion of correct 
identifications while difference ratings may be analysed for correctly identified sound pairs. 

5.4.2 Sound Stimuli 
Measurement of Binaural Transfer Functions 
Since the effect of simplifications of binaural transfer functions used for auralisation was to be 
investigated, transfer functions of high quality were required for the source material. An 
experiment was designed where the same loudspeaker (see Figure 15) could be used as the 
sound source both for measurements of binaural transfer functions and for acting as a sound 
source which could be recorded binaurally. Binaural transfer functions were measured 
directly. With the loudspeaker in the same position, artificial head recordings of a reproduced 
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sound source were made. This experimental setup minimised errors when auralisations and 
artificial head recordings were compared. 

Figure 15: Experimental setup for measurement of binaural transfer functions (measures in cm) 

Auralisation through Transfer Functions 
Auralisations were made by convolution of the recorded time signal with binaural impulse 
responses. The sound of a 13 litre 6 cylinder diesel engine was auralised at two engine speeds: 
500 rpm and 1400 rpm. Sound was sampled by near field recordings at different positions 
around the engine. By aural examination recordings made at a position close to the timing 
transmission cover resulted in a sound considered to be a balanced mix of different sources of 
engine sound (Figure 16). The near field recorded sound was reproduced through the 
loudspeaker placed in the same position as used for measurements of transfer functions (the 
picture on the left in Figure 15). Sound recorded by the microphone placed in the same 
position as used for measurements of transfer functions was filtered through the binaural 
transfer functions. 

Figure 16: Microphone position used for recording of typical diesel engine sound. 

Creation of a Reference Stimulus 
To create a reference sound, the near field recorded engine sound was reproduced through 
the loudspeaker placed in the same position as used for measurements of transfer functions in 
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the left-hand picture in Figure 15. The sound was recorded by an artificial head placed in the 
driver’s seat as shown in the picture on the right in Figure 15. The artificial head recording 
was used as the reference sounds. Since the measurement setup was identical to the one used 
for measurements of transfer functions, auralisations based on full resolution frequency 
response functions were assumed to be as similar to the artificial head recording as technically 
possible.

Creation of Object Stimuli 
To determine the perceptual impairment in auralisations caused by simplifications of binaural 
transfer functions, the transfer functions were simplified in three ways: lowering the 
frequency resolution, smoothing with a moving average filter with absolute bandwidth and 
smoothing with a moving average filter with relative bandwidth. Object stimuli were created 
by auralisation of engine sounds at 500 rpm and 1400 rpm through the simplified transfer 
functions. The object stimuli were compared to each reference stimulus created by the 
artificial head recordings. The sounds were reproduced for the subjects via equalised 
headphones. 

5.4.3 Results from the Listening Test 
In the listening test, the reference stimulus (artificial head recording) was compared to each 
object stimulus (simplified auralisation) in pairs. At both engine speeds, all auralisations were 
correctly identified by the group at a 95% confidence level. The results clearly showed that 
there were audible differences between recordings and auralisations, no matter the degree of 
simplification. The fact that some subjects still failed to correctly identify stimuli indicated 
that the evaluated auralisations were similar to artificial head recordings. It was not possible to 
decide whether the differences arose from artefacts of the auralisation or if subjects heard 
differences in, for example, background noise. At 500 rpm no significant differences in means 
of difference ratings could be shown. The errors and artefacts introduced by the 
simplifications evaluated in this study did not seem to stand out for low engine speed sounds. 
At 1400 rpm, the difference ratings for coarser simplifications were significantly higher than 
for the auralisation based on the unsimplified transfer functions (1 Hz resolution, no 
smoothing). For smoothing with absolute bandwidth, the analysis showed that 3 Hz 
bandwidth or narrower resulted in the same difference ratings as when unsimplified transfer 
functions (1 Hz resolution, no smoothing) were used. For smoothing with relative 
bandwidth, 1/96 octave bandwidth or narrower gave the same difference ratings as for 
unsimplified transfer functions. For the frequency resolution comparison, 4 Hz resolution or 
higher showed no significant difference compared to unsimplified transfer functions. 
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5.5 Paper V: Effects on Preference Ratings of Auralised Vehicle Interior 
Sound Due to Simplifications of Binaural Transfer Functions 

When auralisation is used as a tool for making sound sketches, audible errors and artefacts 
may be acceptable as long as the main character of the sound is realistic. What is considered 
important for preservation of a sound’s main character may be application specific, but a basic 
requirement should be that listeners’ preference ratings for a certain sound should not be 
altered due to errors and artefacts in the auralisation. The objective of this paper was to 
suggest a procedure for evaluation of the quality of auralisations with respect to their ability 
to preserve correct preference ratings. This procedure was used for setting targets for 
necessary precision in binaural transfer functions used for auralisation of engine and exhaust 
sound in idling trucks. The same procedure as described in Paper IV was used for 
auralisations with the exception that two simultaneous sources were used. In addition to 
engine sounds recorded and reproduced with the same setup as in Paper IV (see Figure 15), 
exhaust sounds were near field recorded and reproduced through a loudspeaker as may be 
seen in Figures 17a and b. The transfer functions were simplified in the same way as in Paper 
IV, but to a greater extent. This way, the limit where transfer functions deviated too much 
from reality to maintain realistic preference ratings could be identified. 

Figure 17: a) Measurement setup used for near field recording of exhaust sounds. b) Experimental setup 
used for measurement of transfer function from exhaust pipe orifice to driver’s position and reproduction 

of near field recordings. 

5.5.1 Evaluation Methodology 
Since auralisations known to result in audible impairments were analysed, a test method 
suitable for comparison of signals with clearly audible impairments had to be selected. The 
International Telecommunication Union (ITU) has suggested a method named “Multi 
Stimulus test with Hidden Reference and Anchor” (MUSHRA) for evaluation of 
telecommunication systems where lower quality audio is acceptable or unavoidable, e.g. 
Internet distribution and broadcast of audio material where the data rate is limited [112]. In 
audio reproduction, the unprocessed signal with full bandwidth may be used as reference 
when the quality of processed or transmitted signals is evaluated. In MUSHRA, this signal is 
used both as a known and hidden reference. This is not suitable if no reference known to be 
most preferred exists. In the evaluation of preference for auralisations, it is not evident that all 
changes in transfer functions will lead to lower subjective judgements of preference. 
Therefore, the method was modified. No known or hidden references were used - meaning 
that it was a “multi stimulus test with hidden anchors” (this, in effect, made it a modified 
MUSHRA as the hidden reference element of the test was not used). Four anchor stimuli 

a) b) 
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were created by filtering 4 different source sounds through binaural transfer functions with 1 
Hz frequency resolution. In Paper IV this resolution was shown to result in sounds 
perceptually equivalent to binaural recordings. Object stimuli were created by filtering the 
same 4 source sounds through simplified binaural transfer functions. In total, 12 subsets were 
created, each containing the 4 anchor stimuli and 4 object stimuli. In one subset the same 
simplification was applied to the transfer functions used to create the object stimuli. One 
subset a time was presented to a subject who was asked to judge the preference for each of 
the 8 stimuli using a bipolar scale ranging from 0 = extremely bad to 100 = extremely good. 
A high preference was explained to the subjects as being attractive/desirable/suitable in the 
imagined environment, i.e. a truck cabin. The subjects were able to switch between the 8 
stimuli in a subset at will in any order and as many times desired. 

Intra-subject differences in judgements between anchors and their corresponding objects 
were analysed. This way, sound pairs where the simplification had introduced significant 
changes in preference ratings could be identified. 

5.5.2 Results from the Listening Test 
The averages of the preference judgements of the anchor sounds were analysed using 
ANOVA. An interesting detail is that the two engine sounds (Sounds 1 and 2 recorded close 
to the intake and Sounds 3 and 4 recorded close to the timing transmission cover) were 
judged differently at 500 rpm and 1400 rpm. At 500 rpm the sounds recorded close to the 
transmission cover were preferred while the sounds recorded close to the intake were 
preferred at 1400 rpm (see Figure 18). This demonstrates that difficulties can be encountered 
during product sound design when the preference for a solution may change with, for 
example, engine speed. Since most product sounds are indices, i.e. connected to the cause of 
a sound, it is often difficult to change the product behaviour as a function of, for example, 
engine speed. One of the cases has to be given priority. 
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Figure 18: Means and associated 95 % Tukey HSD intervals for the anchor stimuli evaluated over all 
subsets.

It was obvious that sounds presented at the same time in the listening test affected 
preference ratings. This is referred to in the literature as differential context effects [15]. 
There are distinct differences in the pattern of preference ratings for the anchor stimuli 
depending on which object stimuli are presented together with them. To study how 
simplifications of auralisations affect preference ratings the object stimuli were compared to 
the corresponding anchor stimuli. The difference between individual subject ratings of the 
object stimuli and their corresponding anchor stimuli were used to assess whether a 
simplification affected a rating. This way, the contextual influence of other sounds presented 
in the same trial could be reduced. The results were dependent on which source sounds were 
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used for auralisation. Some source sounds resulted in a decrease in the preference rating as 
the degree of simplification increased. For other source sounds no such trend could be seen. 
Instead, an increase in spread was found as the degree of simplification increased. It is 
important to be aware of the increased inconsistency of judgements introduced by 
simplifications of auralisations. If auralisations are used to achieve predictions of sound quality 
of products, it is important to ensure that any interference introduced by the auralisations 
does not cause variations large enough to mask the studied effects. It is worthwhile to notice 
that simplified auralisations were never preferred over the high quality auralisation. It was 
assumed that the simplifications were perceived as more synthetic and hence not preferred. 
Based on the results, the recommended maximum simplification of transfer functions used 
for auralisation at 500 rpm would be a 1/24 octave bandwidth for smoothing with a relative 
bandwidth, 63 Hz for smoothing with an absolute bandwidth and 32 Hz for a lowered 
frequency resolution. At 1400 rpm none of the evaluated auralisations gave reliable 
preference ratings. Better precision is probably needed to avoid affecting preference 
judgements. Higher engine speeds, resulting in more high frequency content and more 
distinct tone components in source signals require higher spectral precision in auralisations. 
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6 Discussion and Conclusions 
In this thesis a review of available methods for product sound quality analysis and 
psychoacoustics related to product sound quality have been made. A need for further 
development of methods for product sound design was identified. Special attention was paid 
to management of sound environments consisting of several time varying sources. 
Auralisation was assumed to be a useful tool when working with such sound environments. 
Different levels of detail were assumed to be required at different stages of the product sound 
design process. The term sound sketching was invented for simple auralisations mainly 
intended to support early stages of the sound design process. Methods for product sound 
design were further developed and validated. Research Question 1 has been considered in all 
the studies reported in this thesis: 1) Which product sound design actions are analogous to 
conventional industrial design actions? In Papers I and II Research Question 2 was addressed: 
2) How should established methods for psychoacoustics and product sound quality analysis be 
integrated into the industrial design process? 

From the study of saxophone sounds it was concluded that perception of steady state 
sound from a single source can be successfully modelled as functions of psychoacoustic 
metrics. However, prominent perceptual dimensions may not coincide perfectly with the 
dimensions described by the metrics. Therefore, procedures for development of models based 
on combined metrics are needed. This makes elicitation and selection of commonly used and 
understood verbal attributes an essential part of product sound quality analysis as it will 
facilitate a more straightforward assessment of customer needs. 

In the following study on power window sounds it was concluded that subjects may 
judge overall product quality based on the sound, rather than sound quality as a separate 
product feature. Annoyance was modelled as a function of loudness and sharpness/dullness. 
Overall product quality was modelled as a function of loudness, sharpness/dullness and 
fundamental frequency variations. This indicates that for power window sounds fundamental 
frequency variations (i.e. motor speed variations) are judged as a sign of bad product quality, 
but they do not contribute to annoyance. Most product sounds vary over time. There is no 
single way to handle temporal variations, but recommendations exist. Kahneman et al. [89] 
have shown retrospective judgments of episodes to be an average of the signal at the peak 
and the end of a judged episode. Zwicker and Fastl [42] have suggested the use of 5th

percentile loudness in measurements of noise emissions. This emphasizes peaks but does not 
account for endings diverging from the rest of the episode. In the power window study the 
correlation between 5th percentile loudness and loudness judgments was low. The 
explanation was that in most of the sound samples the loudness decreased at the end. Subject 
judgements were heavily weighted by the end effect. The results made it clear that it is very 
important to examine the temporal structure of product sounds with respect to effects like 
the peak-and-end effect [89, 90] before drawing conclusions from measured psychoacoustic 
metrics.

The methods used in Papers I and II should be integrated into the first phase of the 
industrial design process and into any investigation of customer needs (see Figure 2). These 
steps are analogous to other designer activities during this phase of industrial design.

From the power window study it was further found that subjects focused on the motor 
sounds rather than on the window-seal-scratching. This emphasises how important it is to  
carefully handle auditory stream segregation in sound quality analysis and it also gave rise to 
Research Question 3) How should multiple sound sources be managed in the product sound 
design process and in psychoacoustic research? 
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In Paper III auralisation was suggested as a tool for management of such effects. Several 
sound sources in a car were auralised in a sketchy way, using surround sound mixing. There 
were significant effects on judgments of loudness for loudness equalised test sounds due to 
changes in the sound pressure level of one of the sources (the engine sound). This supports 
the assumption that auditory stream segregation effects have to be considered in the product 
sound design process. Paper III also addressed Research Question 4) In industrial design, 
sketching and visualisation are essential tools in early conceptualisation phases. How should 
analogous tools for product sound design be structured?

The experimental approach suggested in Paper III may serve as a starting point for the 
development of experimental methods for dealing with sounds composed of several sources 
which would facilitate evaluation of sound sources individually and in their correct sound 
contexts. This approach may be used to create sound sketches which may serve to support 
the product sound design process.

Tools for auralisation and sound sketching must be controlled with respect to accuracy 
and reliability. This was addressed in Research Question 5) How should the perceived 
quality of auralised sound be quantified and measured? 

Paper IV supplied information on required precision in transfer functions to be used for 
auralisations when the result needs to be perceptually equivalent to artificial head recordings.  
Paper V supplied information on required precision in applications where exact agreement 
with reality is not absolutely necessary, e.g. when auralisations are used as sound sketches. In 
Papers IV and V methods to evaluate differences in transfer functions through listening tests 
were studied. Transfer functions are not sounds, rather they act on sounds passed through 
them. Hence, the results depend on the source sounds passing through them. This limits 
generalisations of results. As typical automotive sounds have been used, the results do give 
some guidance as to the degree of precision necessary in analysis and auralisation of transfer 
functions in vehicles. Plain simplifications of transfer functions like smoothing in the 
frequency domain and lowering of frequency resolution were used to allow future 
generalisations and comparisons for other applications. 

In Paper IV it was found that noticeable differences between auralisations and artificial 
head recordings were unavoidable as two different and complicated chains of equipment and 
procedures were used. The different reproduction techniques resulted in identifiable 
differences in background noise level and character. Such cues are easy to detect even if the 
character of the source sound is retained. Magnitude estimations of differences were found to 
be a convenient tool for quantification of the divergences from a reference sound, in this case 
an artificial head recording. This identifies the limit of simplification allowable without 
causing additional deterioration or artefacts. For this result to be useful, the quality of this 
best case had to be shown to be adequate. The fact that some subjects still failed to correctly 
identify the best auralisations in comparisons with an artificial head recording indicated that 
the auralisations were very similar to the recordings. 

In Paper V considerable simplifications of transfer functions used for auralisations were 
made. In applications where audible deterioration is to a certain extent acceptable, e.g. when 
used as sound sketches, analysis of relevant perceptual differences between auralisations and 
real sound needed to be made. A tool for this kind of analysis was developed and was shown 
to be practicable for the evaluation of preference differences between auralisations of 
different qualities. However, future studies should be extended to include other aspects than 
preference to ensure that the main character of analysed sounds is retained. Two such 
important aspects are the preservation of meaning and identity of sounds. 

Psychoacoustic metrics and models for prediction of perception based on combined 
metrics are essential for our understanding of the perception of sound. However, a prediction 
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may not be accurate when a complete auditory scene is analysed. Auditory stream 
segregation and cognitive effects may make the models fail in practical applications where the 
auditory scene consists of several sources or when the sounds vary over time. Theories for 
auditory stream segregation and perception of time varying sound contribute to the 
understanding of sound perception. This understanding is required for successful product 
sound design. Models based on psychoacoustic metrics have been shown to work properly in 
clearly defined applications, but they are unable to take cognitive effects into account. To 
facilitate inclusion of cognitive effects in studies of auditory scenes consisting of several time 
varying sources auralisation and sound sketching were found to be useful tools. 
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7 Further Research 
In-depth knowledge of psychoacoustics, and perception and cognition of sound is essential 
for successful product sound design. Research aiming at a better understanding of perception 
and cognition of sound is invaluable for the evolution of product sound design. Auralisation 
has been pointed out as an important technique for structured product sound design and 
research within product sound quality. In applied product sound design, auralisation is an 
invaluable tool to move the product sound quality work from product sound optimisation 
(see Figure 1) to product sound design (see Figure 2). This change will open up new 
opportunities for applied research on product sound quality. Since auralisation has been 
considered to be an important tool both in product sound quality research and in product 
sound design more research within improvements of auralisations and methods for 
determination of sound quality of auralisations are needed. In the presented studies binaural 
transfer functions were measured directly. There is a need to make similar studies on transfer 
functions measured reciprocally. Reciprocal measurements are more suitable in most practical 
measurement conditions. This thesis has focused on the effect of divergences in transfer 
functions on auralisations. The complete auralisation chain needs to be validated. Transfer 
functions are only part of the chain. The effects of errors and artefacts in source 
characterisation should also be considered as well as effects of reproduction technology, e.g. 
headphone reproduction, loudspeaker reproduction using cross-talk cancellation and multi-
channel loudspeaker reproduction. The methods presented in Papers IV and V should be 
applicable in experiments aiming at assessing the influence of different parts of the 
auralisation chain on the quality of auralisation. For valid results, the methods need to be 
further developed. In Paper IV it was found that even the best auralisations contained audible 
differences when compared to artificial head recordings. To ensure that there is a validated 
foundation for basing psychoacoustic studies, either the quality of the auralisations needs to 
be further improved or the errors and artefacts must be shown to have no significant effect 
on the aspects studied. Here, the human ability to remember sounds should be taken into 
consideration. In the reported experiments the switching times between the judged sounds 
were very short (30 ms). This gave subjects ideal conditions to hear differences. In most real 
life situations comparisons of sounds so close in time will not occur. One way of showing 
that the errors and artefacts do affect real life situations would be to vary the time between 
presentations of sound stimuli. If subjects fail to identify differences between stimuli when 
the switching times increase conclusions on the significance on the studied aspects may be 
drawn. In Paper V preservation of preference ratings was assumed to be a basic requirement 
for auralisations intended for sound sketches. This should be complemented through further 
similarity requirements since sounds may be completely different and still result in similar 
preference judgements. Preservation of meaning and identity of sounds is essential for 
similarity judgements and should be studied further. Taking these possible further 
improvements into consideration, carefully designed psychoacoustic experiments based on 
auralisations should be able to provide valuable knowledge about the perception and 
cognition of auditory scenes where there are several time varying sources. 
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Appendix: Sound Stimuli, Auralisations and Sound Sketches 
In the electronic version of the thesis sound files of stimuli, auralisations and sound sketches 
used in the papers are available here. If you are reading the printed version you can find the 
electronic version on: http://epubl.ltu.se/

In all experiments the sounds have been presented to subjects using equalised head 
phones. In the listening tests high sampling rates and wide dynamics have been used (48 kHz, 
24 bits). The impression of the sound samples attached here will depend on the equipment 
and levels used for playback. Furthermore, the sound files are compressed versions of the files 
used in the listening tests (mp3, 128 kb/s, 44100 Hz stereo). Therefore, the sound samples 
are only intended to give a hint of the characters of the used stimuli. Hearing the stimuli 
should increase the understanding of the reported experiments. Click on the icons in the 
figures and tables to listen to the sound samples. 

http://epubl.ltu.se/
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A.1 Paper I: Modelling Perceptual Dimensions of Saxophone Sounds 
The 12 stimuli used in listening tests for the identification of prominent perceptual 
dimensions of saxophone sounds (see Section 4 in Paper I) are found in Figure 19. The 
stimuli are attached to the loading plots according to their factor scores. 

Figure 19: Loading plots of principal component analysis made in Paper I with the twelve stimuli placed 
in the graphs according to their factor scores. Click on the icons to listen to the stimuli. 
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Six new sound stimuli were used for validation of the developed prediction models (see 
Section 6 in Paper I). Sound samples are attached to Figure 20.
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Figure 20: Model predictions (x) compared to averages of judgements in the validation listening test ( ).
Click on the icons to listen to the stimuli. 
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A.2 Paper II: Specification of Component Sound Quality Applied to 
Automobile Power Windows 
In Paper II power window sounds from nine vehicles of several different brands were used as 
stimuli. In Figure 21 means of judgements of the assessed verbal attributes are displayed. In 
addition, sound samples of all stimuli are available.
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Figure 21: Means and 95 % confidence intervals (individual s) of judgements of verbal attributes for the 
nine sound samples. Click on the icons to listen to the stimuli. 
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A.3 Paper III: Design of Product Sound by Blending of Sound Sources 
Sound was near-field recorded at four positions. Sound samples of the near-field recordings 
before and after being filtered through the simplified transfer functions from source positions 
to the front seat passenger position are attached to Figure 22. 

Figure 22: Microphone positions used for recording of source characteristics. Click on the icons to listen to 
the sound samples. 

In the listening test four stimuli were used, each presented at two loudness levels. The four 
stimuli are attached to Figure 23 where the results from the listening test are reported. 

Figure 23: Results from the listening test in Paper III. Click on the icons to listen to the stimuli. 
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A.4 Paper IV: Quantification of Audible Deterioration of Auralised 
Engine Sounds Caused by Simplifications of Transfer Functions 
In Paper IV pairs of reference stimuli and object stimuli were compared in a listening test. 
The judged pairs are listed in Table 5. Sound samples are attached to the table. 

Table 5: Pairs of sounds judged in the listening test in Paper IV. Click on the icons to play the sounds. 
Object    Motor

speed
Reference

 Resolution 
of FRF 

Smoothing
of FRF 

Recording fs=48 kHz Recording fs=25.6 kHz - - 
1 Hz No 
2 Hz No 
4 Hz No 
8 Hz No 
16 Hz No 
1 Hz 3 Hz 
1 Hz 9 Hz 
1 Hz 21 Hz 
1 Hz 1/192 oct 
1 Hz 1/96 oct 

500
rpm Recording fs=25.6 kHz Auralisation

1 Hz 1/48 oct 
Recording fs=48 kHz Recording fs=25.6 kHz - - 

1 Hz No 
2 Hz No 
4 Hz No 
8 Hz No 
16 Hz No 
1 Hz 3 Hz 
1 Hz 9 Hz 
1 Hz 21 Hz 
1 Hz 1/192 oct 
1 Hz 1/96 oct 

1400
rpm Recording fs=25.6 kHz Auralisation

1 Hz 1/48 oct 
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A.5 Paper V: Effects on Preference Ratings of Auralised Vehicle 
Interior Sound Due to Simplifications of Binaural Transfer Functions 
To determine the perceptual impairment in auralisations caused by simplifications of binaural 
transfer functions, the transfer functions were simplified in three ways: 1) lowering the 
frequency resolution, 2) smoothing with a moving average filter with absolute bandwidth 
and 3) smoothing with a moving average filter with relative bandwidth. Four levels of 
simplification were used for each type of simplification which resulted in 12 different 
simplified transfer functions. Four object stimuli were created for each type of simplification 
of transfer functions by filtering 4 different combinations of source sounds through the 
simplified transfer functions. This resulted in 48 object stimuli. Sound samples of the 12 
object stimuli created by filtering the recording made close to the intake manifold and the 
unmodified exhaust source sound (indexed Sounds 1 in Paper V) are attached to Table 6. 
Sound samples of the 4 anchor stimuli are found in Table 7. 

Table 6: The 12 object stimuli based on the source sounds indexed Sounds 1 in Paper V ( 500 rpm). 
Click on the icons to play the sounds. 

Index Type of simplification Degree of simplification  
R16Hz 16 Hz resolution 
R32Hz 32 Hz resolution 
R64Hz 64 Hz resolution 
R128Hz

Lowered frequency resolution 

128 Hz resolution 
S15Hz 15 Hz bandwidth 
S31Hz 31 Hz bandwidth 
S63Hz 63 Hz bandwidth 
S127Hz

Smoothing with moving average 
filter with absolute bandwidth 

127 Hz bandwidth 
S1/24oct 1/24 octave bandwidth 
S1/12oct 1/12 octave bandwidth 
S1/6oct 1/6 octave bandwidth 
S1/3oct

Smoothing with moving average 
filter with relative bandwidth 

1/3 octave bandwidth 

Table 7: Anchor stimuli created by filtering the source sounds (500 rpm) through unsmoothed transfer 
functions with 1 Hz resolution. Click on the icons to play the sounds. 

Index Engine sound Exhaust sound  
Sounds 1 Intake manifold Unmodified 
Sounds 2 Intake manifold Filtered 
Sounds 3 Transmission cover Unmodified 
Sounds 4 Transmission cover Filtered 
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Summary 
In the past, musical instruments were developed over long periods of time by skilled 
craftsmen. Today, most instruments are mass-produced. Design of musical instruments as 
mass-produced products requires using strategies which make it easier to identify customer 
needs and develop exact specifications. To develop useful specifications it is necessary to 
convert general descriptions into something which can be commonly understood and also be 
interpretable in terms of acoustic metrics. In this study, methods for analysis and specification 
of steady state parts of alto saxophone sounds were developed. Saxophonists’ use of verbal 
descriptions of saxophone sounds was investigated. Sound stimuli were binaurally recorded. 
Judgements upon perceived qualities were made by saxophonists and non-saxophonists using 
the method of verbal attribute magnitude estimation. Perceptual dimensions were identified 
using principal component analysis of listening test data. Three prominent dimensions were 
found and described using the verbal attributes: 1) warm/soft, 2) back vowel analogues and 
3) sharp/rough. The perceptual dimensions were modelled as linear functions of acoustic 
metrics. The results were validated through listening tests with new subjects and new stimuli.  
Based on the findings, the method was seen as an approach which can enhance the musical 
instrument design process. 

PACS no. 43.66.Jh, 43.66.Lj, 43.75.Pq 

1 Introduction 
In the past, musical instruments evolved over long periods of time as craftspeople used more 
of a trial and error approach to find what was most satisfying. Today, some musical 
instruments are still handcrafted while others are more or less mass-produced on an industrial 
basis. Brass instruments and saxophones have been produced by industrial processes for more 
than a century. This development of musical instruments as industrial products deserves 
special attention. The modern product development process commonly starts with the 
identification of customer needs and then the writing of specifications [1]. For a musical 
instrument, it is of great importance to include properties of the sounds produced in 
specifications. Blauert and Jekosch [2] stated that “to be able to actually engineer product 
sounds, product sound engineer need potent tools, i.e. tools which enable them to specify 
design goals and, consequently, shape the product sounds in accordance with these design 
goals”. Specifications are usually in writing. Even though sounds may be difficult to describe, 
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written specifications are powerful tools for defining basic requirements. A prerequisite for 
useful written specifications is that they can be commonly understood. Suitable verbal 
attributes facilitate the subjective evaluation of sound and are a good base for written 
specifications. When the engineering process starts, descriptions need to be interpreted in 
terms of acoustic quantities. Guski [3] has proposed that the assessment of acoustic 
information should be made in two steps: 1) Content analysis of free descriptions of sounds 
and 2) Uni or multi-dimensional psychophysics. This approach was used in the present study 
through multi-dimensional analysis. The objectives were to elicit and select suitable verbal 
attributes for the description of steady state parts of saxophone sounds, identify prominent 
perceptual dimensions, label these dimensions and develop models for description of 
identified perceptual dimensions in terms of acoustic metrics. The procedure used consisted 
of four steps as shown in Figure 1. 

Figure 1: Procedure used for modelling perceptual dimensions of saxophone sounds as functions of 
acoustic metrics. 

2 Background 

2.1 Elicitation and Selection of Verbal Attributes 
As human communication is often very general, more specific descriptions are needed during 
the early stages of product sound design where discussions about requirements are often too 
abstract. By determining which words are commonly used by a particular user group 
(saxophonists in this paper) to describe product sounds it is possible to learn about which 
sound aspects are important. The elicitation of verbal attributes is a qualitative process. By 
applying structured procedures to this process the chances of finding representative attributes 
increase. Various procedures have been devised. Repertory Grid Technique [4] has been 
successfully used by Berg and Rumsey [5] for the elicitation of verbal attributes which 
describe spatial qualities of sound. Stone et al. have described a procedure called Quantitative 
Descriptive Analysis [6]. The procedure involves the selection of 12-15 panel members from 
a pool of some 25 experts. Those selected were considered to have the discriminatory ability 
and expertise most closely related to the product category in question. A descriptive language 
was then developed under the guidance of a panel leader. Gabrielsson [7] conducted 
extensive experiments on the perception of audio reproductions. He elicited verbal attributes 

1.  Elicitation and selection of verbal 
 attributes 

2.  Identification of prominent 
 perceptual dimensions 

3.  Modeling perceptual dimensions as 
functions of acoustic metrics 

4.  Validation of models on a new group 
of subjects and a new set of stimuli 
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by giving questionnaires to sound engineers, audiologists and peoples suffering from hearing 
loss. The questionnaires had about 200 adjectives collected from various sources and the 
subjects were asked to rate them according to perceived suitability as descriptions of sound 
reproductions. In addition, subjects could add their own descriptions. In the study reported 
here, a procedure similar to Gabrielsson’s was used. Verbal elicitation procedures tend to 
generate a large number of attributes. To be able to evaluate attributes in listening tests, the 
number of attributes need to be limited. In this paper, frequency of use served as basis for 
selection.

2.2 Contribution of Tone Components to Perception of Sound 
Tone components have a great influence on the perceived timbre of a sound. However, it is 
difficult to describe perceived differences arising from differences in relative distances in 
frequency and level between tonal components. Perception of sound character of sounds 
with harmonic or near harmonic spectra has been thoroughly investigated within musical 
acoustics [8] and voice acoustics [9]. The shape of the envelope of harmonic spectra has been 
shown to be a dominating factor in the identification of differences in sound character 
between vowels. The envelope of a vowel spectrum typically contains some separated humps 
known as formants. The differences in timbre between vowels depend to a large extent on 
the frequencies for the two formants with the lowest frequencies [9]. Some differences in 
sound character between different musical instruments may also be explained by a formant-
like character of the envelope of their harmonic spectra [10, 11, 12]. A typical frequency 
spectrum of the saxophone shows some similarities to the frequency spectrum of the human 
voice. Like the human voice, the saxophone spectrum has a strong fundamental and the 
amplitudes of the partials fall with the frequency [12]. The saxophone spectrum also has 
strong formant-like characteristics [10, 12] as can be seen in Figure 2. Therefore, saxophone 
sounds could be expected to resemble vowel sounds. Based on this, vowel analogues were 
tested as attributes for description of saxophone sounds in addition to the attributes selected 
from interviews.

Figure 2: A representative frequency spectrum of a saxophone. F1 to F6 denote the formant-like 
humps found in the saxophone spectrum. 
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2.3 Identification of Prominent Perceptual Dimensions 
A perceptual space is a model for how perceptions are structured and organised. Objects, e.g. 
sounds, will be located in the perceptual space at positions close to similar sounds. Each 
dimension in the perceptual space corresponds to one perceptual quality. Objects located 
close to each other in one dimension are similar with respect to the quality associated with 
that dimension. The most prominent perceptual dimensions are commonly determined by 
either Multidimensional Scaling (MDS) [13] or multivariate analysis of verbal attribute 
magnitude estimations [14]. MDS relies on ratings of differences or similarities between 
stimuli. A primary advantage of this method is that judgements do not depend on previously 
described scales. Differences in semantic meanings will not influence the results. MDS is a 
powerful tool for revealing hidden dimensions, i.e. dimensions not described by verbal 
attributes. The drawback is that it is difficult to interpret all the dimensions. In this paper, 
multivariate analysis of verbal attribute magnitude estimations was applied. The method was 
chosen due to the simpler interpretation of most dimensions and a less laborious procedure 
for the subjects involved in listening tests. 

2.4 Modelling Perceptual Dimensions as Functions of Acoustic Metrics 
To prepare a technical specification for a product sound, the perceptual space has to be 
interpreted in terms of acoustic or psychoacoustic metrics. A psychoacoustic metric is a 
model of a perceptual dimension which is based on sound pressure variations. In the present 
study, the following psychoacoustic metrics have been used for development of models for 
prediction of identified prominent perceptual dimensions of saxophone sounds: 1) Zwicker’s 
model for Loudness [15] (later standardised in ISO 532B), 2) von Bismarck’s model for 
Sharpness [16] and 3) Aures’ models for Roughness [17] and Tonalness [18]. However, an 
experienced perceptual dimension may not necessarily coincide with any model. Combined 
metrics are required. Such metrics may be developed as regression models predicting 
perceptual dimensions as functions of a number of acoustic and psychoacoustic metrics. 
Bodden has discussed the usability and generalisability of combined metrics [19]. He stated 
that a number of different attributes exist which describe sound quality but that humans 
usually select only four of them in a sound evaluation process. Aures made an attempt to 
form a global sound quality metric called “sensory pleasantness” which consisted of a 
combination of loudness, sharpness and tonalness [18]. Widman developed a combined 
metric named “psychoacoustic annoyance” based on 5th percentile loudness, sharpness, 
roughness and fluctuation strength [20]. Annoyance metrics have been developed for some 
more limited applications. AVL developed an annoyance index for engine noise based on 
loudness, sharpness and impulsiveness [21]. Kahn et al. developed an annoyance index for 
diesel engine noise based on loudness, sharpness and harmonic ratio [22]. Bodden wrote, “In 
contrast to those global indices specific sound quality indices for specific applications seem to 
be more reasonable” [19] – here “indicies” can be taken to mean the same as “metrics”. In 
this paper, combined metrics for prediction of salient perceptual dimensions of saxophone 
sounds were developed. Such metrics are not widely generaliseable but give information 
about which acoustic quantities are most influential on the most prominent perceptual 
qualities of a certain product sound. 
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3 Elicitation and Selection of Verbal Attributes 
The objective of the first part was to elicit and select suitable verbal attributes for the 
description of the steady state part of saxophone sounds. 

3.1 Method 
Ten Swedish saxophone players were individually interviewed. Two were professional 
saxophonists, 4 studied saxophone performance at the university level and 4 were amateur 
saxophonists with each having more than 30 years experience. Since elicitation of attributes 
may be influenced by how material is presented to subjects, elicitation was carried out within 
a variety of contexts. The following procedure was followed: 

1. Without listening to any examples, the subjects were asked which adjectives they use 
to describe the sound of the product (saxophones). 

2. Without listening to any example, each subject was asked to pick from a list the 
adjectives they most preferred when describing saxophone timbre. The list was 
compiled from words used in literature dealing with the timbre of musical instruments 
[23, 24, 25, 26, 27, 28]. 

3. Various sound examples of recordings of saxophone sounds were played to the 
subjects who were then asked to describe the sounds in their own words. 

4. Different semi-synthetic (digitally modified) saxophone sound examples were played 
to the subjects who were then asked to describe the sounds in their own words. 

5. Each subject was asked to describe in their own words the sounds they strive for 
when playing. 

6. The subjects were asked to play different saxophones and describe the sound 
characteristics of each. 

Since examples of attributes and sounds may influence subjects, the order of introduction 
of examples is important. The elicitation procedure started with free descriptions and 
gradually more and more information and examples were introduced. Since the elicitation 
process is assumed to yield a large number of attributes, the most suitable must be selected. It 
was hypothesised that the most commonly used verbal attributes would be more distinct and 
universally understood. Therefore, attributes most commonly used in the different contexts 
were selected for further analysis. In addition, vowel analogues were tested since they were 
assumed to be commonly understood and easy to explain to subjects. 

3.2 Results and Discussion 
From the interviews a list of verbal attributes used in the examined contexts was compiled. 
Totally, 139 attributes were identified. These are shown in Table 1. Since the interviews 
were conducted in Swedish, the verbal attributes have been translated into English. It is 
important to keep in mind that many words may not be translated without a slight alteration 
in meaning. Therefore, the Swedish words are listed in the table in addition to their English 
translations.
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Table 1: The results of the verbal attribute elicitation process 

English
translation 

Swedish English 
translation 

Swedish English 
translation 

Swedish 

airy luftig floating flytande raucous skränigt 
angular kantig fluffy fluffig relaxed avspänd 
attackful attackfull fluttery flaxig rich rik 
backbone ryggrad focused fokuserad rich of overtones övertonsrik 
balanced balanserad forced forcerad richly coloured färgrik 
beautiful vacker full-toned fyllig rocky rockig 
bellow brölig hard hård rough rå 
bleating bräkig harmonic harmonisk rough sträv 
blurred suddig harsh kärv round rund 
bottom botten hazy luddig screaming skrikig 
bright klar heavy tung sharp skarp 
bright ljus hissing fräsig sharp/keen vass 
brilliant briljant hoarse hes shimmering skimrande 
brittle spröd hollow ihålig shrill gäll 
brutal brutal i-like i-ig slim smal 
calm lugn intensive intensiv small liten 
centred centrerad juicy mustig smooth slät 
chilled sval large stor soft mjuk 
classical klassisk lifeless livlös solid massiv 
clean ren light lätt song like sånglik 
close nära little treble lite diskant sonorous klangfull 
closed stängd lively livlig sonorous klangrik 
coarse grov living levande sounds like a  låter som  
cold kall luxuriant frodig clarinet klarinett 
compact kompakt mawkish mjäkig sour sur 
confined instängd metallic metallisk steady stadig 
convincing övertygande metallic plåtig straight rak 
cool cool mild mild strong stark 
cracking skrällig more tone mer ton supportive bärig 
crunchy krispig much bottom mycket botten thick tjock 
cutting skärande much overtones mycket thin tunn 
dark mörk  övertoner tidy snygg 
dead död nasal nasal tinny burkig 
deep djup no bottom ingen botten toneless klanglös 
dense tät open öppen ugly ful 
dirty smutsig peppery ettrig uncentred ocentrerad 
distinct distinkt piercing genomträngande uninteresting ointressant 
distinct attack distinkt attack plastic plastig unpleasant obehaglig 
dry torr pleasant behaglig unpolished opolerad 
dull dov pointed spetsig warm varm 
egal egal poorly coloured färgfattig weak vek 
emotional känslofull powerful kraftfull wet blöt 
empty kärnlös presence pondus wide bred 
enervating enerverande prominent framträdande whining gnällig 
explosive krutig pronounced tydlig with energy med energi 
fat fet punchy kärnfull woody träig 
filthy skitig rasping raspig   

The attributes used by the highest number of subjects in each of the contexts listed in 
Section 2.1 were selected. The following 9 attributes emerged: large, full-toned, rough, 
warm, soft, nasal, punchy, sharp/keen, bottom, sharp and tonal. In addition, the three 
established psychoacoustic descriptors: sharpness, roughness and tonalness were selected since 
these attributes are commonly used by acousticians for describing aspects of timbre. One of 
the subjects participating in the interviews used vowel analogues. Based on theoretical 
discussions on similarities between saxophone sound and vowel sound, 9 vowel analogues 
were added to the list of attributes. The list of attributes selected for further analysis is shown 
in Table 2. 
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Table 2: The result of the verbal attribute elicitation and selection process 

Swedish English translation 
Stor Large 
Fyllig Full-toned 
Rå Rough 
Varm Warm 
Mjuk Soft 
Nasal Nasal 
Kärnfull Punchy 
Vass Sharp/keen 
Botten Bottom 
Skarp Sharp 
Tonal Tonal 
like a, as e.g. in the Swedish word ”mat”* [a]-like 
like e, as e.g. in the Swedish word ”smet”* [e]-like 
like i, as e.g. in the Swedish word ”lin”* [i]-like 
like o, as e.g. in the Swedish word ”ko”* [u]-like 
like u, as e.g. in the Swedish word ”lut”* [u]-like 
like y, as e.g. in the Swedish word ”fyr”* [y]-like 
like å, as e.g. in the Swedish word “båt”* [o]-like 
like ä, as e.g. in the Swedish word “färg”* [æ]-like 
like ö, as e.g. in the Swedish word ”kör”* [œ]-like 

* To give a hint of how the vowels should be pronounced, an example of a 
word was given in the following way:  like a, as for example in “car”. In the 
English translation, the International Phonetic Alphabet (IPA) has been used.  

4 Identification of Prominent Perceptual Dimensions 
The objective of the second part of the experiment was to identify prominent perceptual 
dimensions and label these dimensions with verbal attributes. 

4.1 Method 
In a listening test 16 subjects were asked to judge how well binaurally recorded saxophone 
sounds were described by the previously selected attributes using a verbal attribute magnitude 
estimation method [23]. Of these subjects, 10 were saxophonists. The other 6 subjects were 
experienced listeners, either acousticians or professional musicians who play other 
instruments. All subjects had self-reported normal hearing. The judgements were made on an 
11 point scale ranging from “not at all” (= 0) to “extremely” (= 10). In addition, the subjects 
were asked to judge their overall impression of the sound on an 11 point scale ranging from 
“extremely bad” (= -5) to “extremely good” (= +5).

4.1.1 Stimuli 
Examples of saxophone sounds were binaurally recorded with an artificial head (Head 
Acoustics HMS III) and played back to subjects using equalised headphones (Head Acoustics 
HPS IV) [29]. The sound character was altered by recording two different saxophonists, both 
studying saxophone performance at the university level. Each played the same two alto 
saxophones of different brands. This gave four possible combinations. The saxophonists were 
asked to play a jazz standard (“I Remember Clifford” by Benny Golson). Parts of the 
recordings were used. By having them play an entire piece it was assumed the playing 
conditions would feel normal. Recording was carried out in a small concert hall designed for 
jazz and rock music. Each musician stood in the centre of the stage while they performed. 
The artificial head was placed 5 m in front of the saxophonists and faced them. The 
saxophonists tuned their instruments before the recording and they were given a tempo by a 
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metronome. Both players were instructed to play a mezzo forte. Since the objective was to 
study differences between steady state parts of saxophone sounds, short sound excerpts with 
attack and decay removed were used to ensure that the same section of sound was judged in 
the listening tests and measured in acoustic measurements. While it may be argued that this 
leads to unrealistic listening conditions, there is a trade-off between realism and control of 
the experimental situation. It is likely that attack and decay are perceptually important [30] 
and thus have an unwanted influence. Even if subjects are instructed to only judge the steady 
state parts of sound, their judgments would be influenced by differences in attack and decay. 
This could lead to inaccurate results regarding steady state parts of sounds. To get valid results 
for complete saxophone tones, further studies have to be made with a focus on perception of 
attack and decay and possible interactions between attack, decay and steady state parts of 
tone. Stimuli were created by cutting out 0.5 second long excerpts from the same single 
notes in the recordings (concert Ab4, f = 415 Hz). The cuts were made so that both the 
attack and the decay were removed. The sounds were ramped-up over 0.075 s and ramped-
down for the same length of time. Sections at nearly the same loudness (68±8 sones(GF), 
90.5±1.8 dBA) were selected to avoid differences in loudness which might influence the 
results. A total of 12 stimuli were created; 3 of each possible combination of saxophone and 
musician cut from the recordings. 

4.1.2 Identification of Verbal Attributes Useful for Separation of Musician and 
Saxophone

The ability of the judged verbal attributes to separate the two saxophones and the two 
musicians from each other was examined by ANOVA. The judged verbal attributes were 
used as dependent variables. The judgements of the 12 samples (3 repetitions of each of the 4 
combinations of saxophone and musician) were used as observations which resulted in 192 
observations (16 subjects * 12 samples). The influence of two factors was analysed: 1) 
musician playing (2 levels) and 2) saxophone played (2 levels). 

4.1.3 Identification of Prominent Perceptual Dimensions 
The data was arranged in a matrix whose columns represented the variables (the judged 
verbal attributes) and rows represented the observations (all subject ratings - 16 subjects * 12
samples). Principal Component Analysis (PCA) [31] on standardised data was used to find the 
interrelationships among the variables (judged verbal attributes). Correlating verbal attributes 
were assumed to represent prominent perceptual dimensions.

4.2 Results and Discussion 

4.2.1 Identification of Verbal Attributes Useful for Separation of Musician and 
Saxophone

The results of the ANOVA of the 192 observations are presented in Table 3. Verbal 
attributes with p-values below 0.05 were deemed suitable for describing common differences 
between the sounds arising from differences between the saxophone-musician combinations. 
This resulted in 7 adjectives and 2 vowel analogues: full-toned, rough, warm, soft, nasal, 
sharp/keen, sharp, [a]-like and [o]-like. 
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Table 3: ANOVA tables for the judged verbal attributes. Only variables significantly affected by the 
factors at the 95 % confidence level are shown. p-values below 0.05 are in bold. 

Attribute Source Sum of 
Squares

Df Mean 
Square

F-ratio p 

Full-toned Main effects  A: saxophone 
 B: musician 
Interactions AB 
Residual 
Total (corrected) 

0.188 
21.3 
18.8 
673.5 
713.8 

1
1
1
188 
191 

0.188 
21.3 
18.8 
3.58 

0.05 
5.95 
5.23 

0.82 
0.02 
0.02

Rough Main effects  A: saxophone 
 B: musician 
Interactions AB 
Residual 
Total (corrected) 

0.333 
0.021 
80.1 
598.5 
679.0 

1
1
1
188 
191 

0.333 
0.021 
80.1 
3.18 

0.10 
0.01 
25.2 

0.75 
0.94 
<0.00005 

Warm Main effects  A: saxophone 
 B: musician 
Interactions AB 
Residual 
Total (corrected) 

1.51 
7.92 
55.3 
728.3 
793.0 

1
1
1
188 
191 

1.51 
7.92 
55.3 
3.87 

0.39 
2.04 
14.26 

0.53 
0.15 
0.0002 

Soft Main effects  A: saxophone 
 B: musician 
Interactions AB 
Residual 
Total (corrected) 

1.51 
7.92 
55.3 
728.3 
793.0 

1
1
1
188 
191 

1.51 
7.92 
55.3 
3.87 

0.39 
2.04 
14.26 

0.53 
0.15 
0.0002 

Nasal Main effects  A: saxophone 
 B: musician 
Interactions AB 
Residual 
Total (corrected) 

4.38 
16.9 
4.38 
543.8 
569.5 

1
1
1
188 
191 

4.38 
16.9 
4.38 
2.89 

1.51 
5.85 
1.51 

0.22 
0.017 
0.22 

Sharp/keen Main effects  A: saxophone 
 B: musician 
Interactions AB 
Residual 
Total (corrected) 

13.0 
77.5 
80.1 
645.3 
815.9 

1
1
1
188 
191 

13.0 
77.5 
80.1 
3.43 

3.79 
22.6 
23.3 

0.053 
<0.00005 
<0.00005

Sharp Main effects  A: saxophone 
 B: musician 
Interactions AB 
Residual  
Total (corrected) 

15.2 
154.1 
54.2 
735.5 
959.0 

1
1
1
188 
191 

15.2 
154.1 
54.2 
3.91 

3.88 
39.4 
13.85 

0.050 
<0.00005 
0.0003

[a]-like Main effects  A: saxophone 
 B: musician 
Interactions AB 
Residual  
Total (corrected) 

6.38 
0.13 
27.8 
1180 
1214 

1
1
1
188 
191 

6.38 
0.13 
27.8 
6.28 

1.02 
0.02 
4.42 

0.31 
0.89 
0.037 

[o]-like Main effects  A: saxophone 
 B: musician 
Interactions AB 
Residual  
Total (corrected) 

13.0 
1.69 
30.1 
1197 
1242 

1
1
1
188 
191 

13.0 
1.69 
30.1 
6.37 

2.04 
0.27 
4.72 

0.15 
0.61 
0.031 

Overall imp. Main effects  A: saxophone 
 B: musician 
Interactions AB 
Residual  
Total (corrected) 

1.33 
1.02 
60.8 
663.2 
726.3 

1
1
1
188 
191 

1.33 
1.02 
60.8 
3.53 

0.38 
0.29 
17.22 

0.54 
0.59 
0.0001 

4.2.2 Identification of Prominent Perceptual Dimensions 
Scatter plots of the loadings on the first four VARIMAX rotated components of the PCA are 
found in Figure 3. The number of components was limited to four based on the scree test 
criterion [31]. The components were assumed to represent prominent perceptual dimensions. 
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The VARIMAX rotation was applied to simplify interpretation of the components in terms 
of salient original variables (the verbal attributes). The r2-values and eigenvalues of each 
component are presented in Table 4 together with the variables with highest loadings on 
each component. 

Figure 3: Four VARIMAX rotated components found by PCA. Descriptors in bold were significantly 
(p 0.05) affected by musician and/or saxophone in the ANOVA. 

Table 4: r2-values of the four VARIMAX rotated components found by PCA. 

Salient variables
Dim r2X Eigenvalue Positive loading Negative loading 
1 19% 5.2 full-toned, warm, soft - 
2 15% 3.3 [a]-like, [o]-like - 
3 14% 2.2 sharp/keen, rough, sharp, nasal soft, warm 
4 10% 1.3 [i]-like, [y]-like - 
Sum 58%    

Four pronounced and describable perceptual dimensions were identified: 1) warm/soft, 
2) back vowel anlogues ([u], [o], [a]), 3) sharp/keen/rough and 4) front vowel analogues ([i], 
[y], [e], [œ], [æ]). For each component of the PCA, attributes varying significantly between 
musicians, saxophones or combinations between musician and saxophone were selected to 
represent the component. Soft and warm were chosen to represent component 1, [o]-like 
component 2 and sharp and rough component 3. None of the front vowel analogues showed 
significant variations between the two saxophones or the two musicians at the 95 % 
confidence level. 

4.2.3 Differences in Judgements between Saxophonists and Non-
Saxophonists

Differences in judgements by the saxophonist and non-saxophonist groups were examined 
using ANOVA. Judgements of the verbal attributes were used as dependent variables. The 
type of listener (saxophonist or non-saxophonist) was used as the factor. Judgements of all the 
12 test sounds were treated individually. No significant differences (95 % confidence level) 
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between the groups were found for the vowel analogues and the attributes “full-toned”, 
“rough”, “warm”, “soft”, “nasal”, “punchy”, “sharp/keen”, “bottom”, “sharp”. For “large” 
and “sharp/keen” one sound example was judged significantly different by the two groups. 
For “tonal” four sound examples were judged significantly different by the groups. The 
conclusion was that non-saxophonists may be used as subjects in listening tests as long as the 
attributes “large”, “sharp/keen” and “tonal” are avoided. 

5 Modeling Perceptual Dimensions as Functions of Acoustic 
Metrics

The objective of the third part was to develop models for description of identified perceptual 
dimensions in terms of acoustic or psychoacoustic metrics. 

5.1 Method 
Models for prediction of verbal descriptions based on acoustic metrics were developed by 
linear regression. As dependent variables, the means of all subjects’ judgements of each verbal 
attribute were used. As independent variables, the acoustic quantities listed in Table 5 were 
tested. Suitable independent variables were selected by stepwise estimation [31]. The limits 
used for probability of F for entry was 0.05 and for removal 0.1. 

Table 5: Acoustic quantities used as independent variables in the linear regression models. 

Index Description 
Fund Fundamental frequency /Hz 
Loudness Loudness according to ISO532B /sone 
Sharpness Sharpness /acum [16] 
Roughness Roughness /asper [17] 
Tonalness Tonalness [18] 
Width Spectral width: The order number of the 

highest partial with a SPL above 20 dB 
N'4.5 to N'22.5 Specific loudness per critical band [32] 

(4.5 Bark-22.5 Bark) /sone/Bark 
R'4.5 to R'22.5 Specific roughness per critical band [32] 

(4.5 Bark-22.5 Bark) /asper/Bark 
F1 to F6 Frequency of formant 1 to 6 (see Figure 2) 

For those critical bands where specific loudness or roughness [32] made a significant 
contribution to a model, the correlation with specific loudness and roughness in 
neighbouring bands was examined. If neighbouring critical bands correlated it was likely that 
a wider frequency band contributed to the modelled quality. With stepwise estimation one 
of the critical bands will always result in the highest correlation for model using a specific 
data set. For another data set another critical band may give the highest correlation. This 
makes it important to base models on wider frequency bands in cases where neighbouring 
critical bands correlate. Therefore, models based on sums of neighbouring critical bands were 
constructed and evaluated to avoid models relying on information in single critical bands. 
Even though the intention was to keep fundamental frequency and loudness at the same level 
for all stimuli, small variations did exist. The average fundamental frequency was 419 Hz 
with a standard deviation of 2.9 Hz. Average loudness was 67 sones (standard deviation 6 
sones). To ensure that these variations did not influence judgements, they were included in 
the analysis. 
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5.2 Results 
The developed linear regression models for prediction of verbal descriptions based on 
acoustic quantities are presented in Table 6. 

Table 6: Linear regression models for prediction of verbal descriptions of saxophone sounds. 

a) Variables correlating with component 1
Model ANOVA Coefficients 

 r2
adj  Sum 

of sq. 
Df Mean 

square 
F p  B Std. 

error 
t p 

warm 0.76 Regr. 7.45 1 7.45 35.0 0.000 Constant 19.6 2.6  7.4 0.000 
  Residual 2.13 10 0.21   Sharpness -12.0 2.0 -0.88 -5.9 0.000 
  Total 9.58 11          
soft 0.68 Regr. 8.20 1 8.20 24.8 0.001 Constant 20.3 3.3  6.2 0.000 
  Residual 3.31 10 0.331   Sharpness -12.5 2.5 -0.84 -5.0 0.001 
  Total 11.5 11          

b) Variable correlating with component 2
Model ANOVA Coefficients 

 r2
adj  Sum 

of sq. 
Df Mean 

square 
F p  B Std. 

error 
t p 

[o]-like 0.74 Regr. 6.58 2 3.29 17.0 0.001 Constant 18.4 2.5  7.3 0.000 
  Residual 1.74 9 0.19   Sharpness -9.45 2.0 -0.75 -4.8 0.001 
  Total 8.32 11    R'9.5+R'10.5 -11.1 4.5 -0.38 -2.5 0.036 

c) Variables correlating with component 3
Model ANOVA Coefficients 

 r2
adj  Sum 

of sq. 
Df Mean 

square 
F p  B Std. 

error 
t p 

sharp 0.92 Regr. 23.7 1 23.7 131 0.000 Constant -3.37 0.78  -4.4 0.001 
  Residual 1.81 10 0.18   18.5

13.5i
iN

0.39 0.034 0.96 11.4 0.000 

  Total 25.5 11          
rough 0.83 Regr. 8.17 2 4.09 28.4 0.000 Constant -9.83 2.2  -4.5 0.001 
  Residual 1.30 9 0.14   Sharpness 10.5 1.7 0.78 6.2 0.000 
  Total 9.47 11    Roughness 2.44 0.79 0.39 3.1 0.013 

6 Validation of Developed Models 
Two requirements are fundamental for a psychoacoustic model to be considered valid. The 
model should be able to predict judgements by another group of subjects and the model 
should be able to predict judgements of other sound samples. Therefore, validation was 
carried out using listening tests based on a new group of subjects and a new set of stimuli.  

6.1 Method 
A total of 20 subjects participated in the validation listening tests. The subjects had self-
reported normal hearing. As the results from the first listening test showed no significant 
differences between the judgements of saxophonists and non-saxophonists, for convenience 
non-saxophonists were used as subjects. The stimuli were loudness equalised (ISO 532B) 
before use to avoid differences in loudness which might have affected judgements. The 
adjustments were in the range of -1 dB to +2 dB. The number of judged attributes were 
fewer than the other tests described in this paper. Five attributes selected to represent the 
perceptual dimensions identified in the first listening test were used as variables. These were: 
sharp, rough, soft, warm and [o]-like. Judgements were made on an 11-point uni-polar scale 
which ranged from “not at all” (= 0) to “extremely” (= 10). Two sets of stimuli were 
judged. Stimuli Set 1 consisted of eight stimuli arbitrary selected from the twelve stimuli used 
for the development of the models - two of each combination of musician and saxophone. 
For Stimuli Set 2, new sound samples were created by artificial head recordings of two 
saxophones - one mass-produced and one a prototype instrument. The only controlled 
difference between the two instruments was the shape of the tone hole rims as illustrated in 
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Figure 4. Other dimensions and materials were the same. The same reed, mouthpiece and 
neck were used for both saxophones. 

      
Figure 4: a) Mass produced instrument and b) prototype instrument used for recording of stimuli for 

validation of models. 

The recordings were made under similar conditions as described in 2.1.2. Since the 
prototype instrument was only playable on two notes, E and F (concert G4 and Ab4) a 
simple melody switching between these two tones was played. This was closest to normal 
playing conditions achievable with the prototype instrument. The instruments were played 
by one musician. Stimuli were created in the same way as described in 2.1.2, by cutting out 
0.5 s long excerpts from the steady-state part of a note (concert Ab4, f=415 Hz). Six stimuli 
were created (3 from each saxophone) by cutting from different parts of the recordings. The 
developed models were used to predict the perceived timbre and were based on acoustic 
measurements. The predictions were compared to judgements from the listening tests. 

6.2 Results and Discussion 
The correlations between predictions by the models and results from listening tests based on 
the two stimuli sets are found in Table 7. 

Table 7: Correlation between predictions of the developed models and average results from validation 
listening tests. 

 Stimuli Set 1 Stimuli Set 2 

 r2 r2

Variables correlating with component 1: 

warm=19.6-12.0*sharpness 0.78* 0.43 

soft=20.3-12.5*sharpness 0.81* 0.54**

Variable correlating with component 2: 

[o]-like=18.4-9.45 sharpness-11.1(R'9.5+R'10.5) 0.77* 0.67**

Variables correlating with component 3: 
18.5

13.5i
iN0.3937.3sharp 0.91* 0.16 

rough=-9.83+10.5 sharpness+2.44 roughness 0.77* 0.81**

* Correlation is significant at the 0.05 level (2-tailed, 7 degrees of freedom) 
** Correlation is significant at the 0.05 level (2-tailed, 5 degrees of freedom) 

36 mm 
52 mm46 mm

30 mm

E tone holeF tone hole

36 mm30 mm 

E tone holeF tone hole

a) b) 
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From Table 7 it can be seen that the models for soft, [o]-like and rough meet the 
validation requirement, i.e. predict judgements by another group of subjects and for a new 
set of stimuli. The results confirm the strength of the psychoacoustic metrics sharpness and 
roughness, but they also show the ambiguity in people’s interpretations of the corresponding 
verbal attributes. When applied to saxophone sound, rough is interpreted as something that 
can be described as a mix of the psychoacoustic metrics roughness and sharpness. The 
attribute soft is a better label for the psychoacoustic metric sharpness (although correlating 
negatively).

To assess the dynamic character of the steady state parts of saxophone sounds the models 
were used to measure perceptually relevant variations over time. In Figure 5 predictions at 
three points in time by the model of three attributes which describe the most prominent 
perceptual dimensions are shown. The same trend is seen in the predictions as in the results 
from the listening tests. In all three cases the predictions shifted in magnitude. This is not 
unexpected since another set of sounds was used for the development of the models. It is 
well known that perceptual properties of other stimuli presented recently or at the same time 
may influence judgements. In the literature this is referred to as differential context effects 
[33]. The spread of predictions based on measurements from different time segments of the 
recordings was indicative of the normal range of the sound as measured by the developed 
prediction models. Comparison of the two instruments through listening tests or through the 
use of the developed models gave the same results. The modified instrument was less soft, less 
[o]-like and rougher. Since the results were based on a single recording the conclusions 
should be made with care. Differences may result from the design change but may also 
originate from other uncontrolled differences between the two instruments and the two 
recordings. Further studies are required to determine the cause of the differences. For the 
purpose of validation of the models it is enough to make certain there were audible 
differences between the recordings. This is obvious from judgements and predictions as 
displayed in Figure 5. 
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Figure 5: ( )Averages and 95 % Bonferroni intervals of the results from the validation listening test 
comparing a mass produced and a prototype instrument. (x) Predictions by the developed models at three 

points in time. 

7 Conclusions 
The sequence of interviews and tests reported in this paper form a systematic approach for 
the identification of salient perceptual dimensions of product sound. In addition, the 
approach enables development of models for prediction of how steady-state parts of musical 
instrument sounds are perceived when based on psychoacoustic measurements. This is a 
good foundation for musical instrument sound specifications. The results presented are 
specific for the alto saxophone, but the suggested method should make it possible to identify 
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salient perceptual dimensions and relevant psychoacoustic models for other instruments and 
products.

For the examined alto saxophones the attributes; sharp, rough, soft, warm, and [o]-like 
described differences in steady state parts of the sounds and were judged significantly different 
depending on which saxophone and which saxophonist. Four perceptual dimensions were 
identified: 1. warm/soft, 2. back vowel analogues, 3. sharp/rough and 4. front vowel 
analogues. The first three could be modelled as functions of psychoacoustic metrics. The 
psychoacoustic metrics of sharpness and roughness described much of the perceptually 
relevant variations in saxophone sound. It was also possible to identify critical bands where 
specific roughness was of particular importance. The best prediction model for the attribute 
“rough” was a mix of Aures’ roughness model [17] and Von Bismarck’s sharpness model 
[16]. This suggests that the Swedish word for rough (“rå”) is interpreted as a mix between 
the established psychoacoustic models for roughness and sharpness. The models were shown 
to be useful for identification of the physical properties of sound which influence perceived 
character. The applied procedure resulted in a manageable number of commonly understood 
verbal attributes, each interpreted in terms of acoustic metrics. Inclusion of such verbal and 
physical descriptions in a specification should be of great help in the design process of musical 
instruments and other sound-generating products. 
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Abstract
As cars become quieter the sound quality of components with electric motors becomes more 
important in the customer perception of vehicle quality. This has created a need to develop 
methods for the specification of component sounds. The objectives of this study were to 
identify perceptually important aspects, link them to acoustic metrics and, based on this, 
develop guidelines for the determination of requirements for power window sound. Seven 
prominent attributes were identified: dull, loud, annoying, steady, powerful, overall product quality
and under-dimensioned. Effects of auditory stream segregation influenced the results. Power 
window sounds mainly consist of two sources: motor and window seal scratching. Subjects 
tended to judge only motor sound. Prediction models developed on isolated motor sound 
correlated well with judgements. Low loudness, sharpness and motor speed fluctuations led 
to perceived high product quality. The results emphasise the importance of handling auditory 
stream segregation and temporal variations in the sound design process. 

Keywords: sound quality, psychoacoustics, automobile, specifications 

1 Introduction 
As car manufacturers design quieter cars to reduce wind, road and power train noise, the 
sound quality of systems with electric motors becomes more and more important for 
improving customer perception of overall vehicle quality [1]. Electric motors are commonly 
used in cars for applications such as power windows, seat adjustment, sun roofs, windshield 
wipers, etc. [2]. Power window sound is one of the component sounds which can be 
generated in a showroom and is consequently one of the components important in forming 
the initial impression of the car together with, for example, the door closing sound [3]. The 
increased focus on the sound of electric components has created a need to develop methods 
for specification of requirements for component sounds. To facilitate simple development 
processes, the requirements should contain physically measurable details which should be 
easily interpreted as descriptions of perceptions. The objectives of this experiment were to 
identify perceptually important aspects of power window sound, link descriptions of 
perception to acoustic quantities and to develop guidelines for determining power window 
sound requirements. The experiments were conducted in three steps: 1) Interviews for 
elicitation of verbal attributes suitable for the description of perceived sound quality of power 
windows, 2) A listening test based on Verbal Attribute Magnitude Estimation [4] for the 
development of models for prediction of perceived sound quality based on acoustic metrics 

mailto:arne.nykanen@ltu.se
mailto:anna.sirkka@scania.com
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and 3) Development of guidelines for determination of requirements for sound quality of 
power windows based on acoustic metrics. 

Sound quality of power windows has previously been studied by Lim [5]. Seven technical 
attributes having a significant effect on the perception of annoyance were identified: seal 
separation noise, abrupt stopping sensation, motor tones, high pitch squeal/squeak, distinct 
transient impulses, quasi-periodic judder and time-varying character. Lim’s study was 
restricted to the perception of annoyance. In the study reported upon here, the analysis was 
enhanced to include perceived overall product quality. Models based on acoustic quantities 
and subjectively measured qualities were developed. Models based on acoustic quantities 
facilitate simple requirement specification while models based on subjectively measured 
qualities increase the knowledge of underlying factors causing perceived annoyance and 
overall product quality. When the two are used together, the chances for finding suitable 
acoustic and psychoacoustic metrics for prediction of perceived qualities increase. 

The human ability to, consciously or unconsciously, listen to parts of sounds will, in some 
applications, require knowledge about which parts of the sound field are actually being 
judged. Power window sounds mainly consist of two sources: the motor sound and the 
scratching sound of the window as it slides over the seal (also called weatherstripping). The 
experimental results were analysed to yield information about which of the two sources that 
were perceptually most prominent. 

In the analysis of the experimental data special attention was paid to the influence of the 
temporal variations of the sounds. Most psychoacoustic metrics are originally designed to be 
used for steady-state sound [6]. Measures have to be taken to include effects of temporal 
variations when these metrics are used with time varying sound. Since most laboratory 
experiments involve retrospective judgements this requires special handling. Kahneman et al. 
found that when judgements are made retrospectively subjects tend to judge peaks and ends 
of episodes rather than averaging their perceptions over an entire episode [7]. Västfjäll et al. 
demonstrated the same peak-and-end effect in sound applications [8]. Susini et al. showed 
that global retrospective judgements of loudness are influenced by the level at the end of the 
judged signal [9]. Therefore, it is important to evaluate the temporal character of samples 
with respect to peaks and ends.

2 Method 

2.1 Recording of test sounds 
Power window sounds from nine vehicles of several different brands were recorded. Binaural 
recordings were made in a semi-anechoic room at Volvo Car Corporation, Torslanda using 
Head Acoustics Noise Book and an artificial head (Head Acoustics HMS III) placed on front 
passenger seats. The artificial head was adjusted until its microphones were in ear positions 
for an average male passenger. Due to different voltages the speed of the power windows 
differed depending on whether the car engine was on or off. The voltage supplied with the 
engine at idle was chosen for the experiment. To avoid engine sound contamination of the 
recordings, the operating speed of the power window was first measured with the car at idle. 
Then the car engine was turned off and the battery replaced with an external power supply. 
The power supply was adjusted until the power window had the same speed as the speed 
measured with the car at idle. Measurements of the sound were made for both down and up 
travel of the window. The auto up/down function was used if existing. 
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2.2 Identification of prominent features in power window sound and 
elicitation of verbal attributes 

To identify prominent features of power window sounds, 7 subjects were interviewed. 
There were 4 men and 3 women. The average age was 37.9 years. All subjects were 
employees at Volvo Car Corporation, Torslanda. None worked with noise and vibration. 
For the test, three power window sounds deemed by the experiment leader to be 
considerably different in character were chosen. The interviews were carried out in the 
Sound Car at Volvo Car Corporation. The Sound Car is a rebuilt passenger car placed in a 
semi-anechoic room. The reproduction of sound in the Sound Car was controlled with a 
Head Acoustics SQlab system. Airborne sound was represented through subwoofers and 
headphones. The subject was sitting in the passenger seat and the interviewer in the driver’s 
seat. The purpose of the interviews was to find which aspects of sound potential customers 
may focus on when listening to a power window and to elicit suitable verbal attributes to 
describe these aspects. The complete opening and closing events were judged including the 
starting and stopping events. The subjects were asked to state their opinions about the 
sounds. There was a special focus on the following aspects: What makes this sound good? 
What makes this sound bad? Does the sound contain annoying details? When in time do you 
find the sound good, bad or annoying? Spontaneous impressions and the use of similes were 
encouraged. At the end of the interview the subjects were asked to rank the power windows 
based on preference. The subjects were allowed to listen to the sounds as many times as they 
wanted. They were given no information about the origin of the sounds. The sounds were 
played in different random orders to each subject and were named A, B and C. The 
interview lasted for approximately 20 minutes. 

2.3 Judgements of verbal attributes in a listening test 
All nine sounds recorded as described in Section 2.1 were evaluated in a listening test. The 
listening test took place in the Sound Car (see Section 2.2). A total of 35 subjects participated 
- 17 women and 18 men. The average age was 34.6 years. All subjects were employees at 
Volvo Car Corporation, Torslanda. 18 of the participants worked with acoustics. The test 
was based on Verbal Attribute Magnitude Estimation [4]. The verbal attributes were selected 
from the interviews described above. Those interviews had shown that the travelling phase is 
more important than starting and stopping transients in the assessment of power window 
sound quality. This is consistent with the findings of Bernard et al. [10] who stated that it is 
important to differentiate between travel sounds and transient sounds because they induce 
different perception problems from a sound quality and tactile point of view. Similarly, Lim 
[5] found window opening slightly more important in estimates of overall sound quality than 
window closing. From a slightly different perspective, Zhang and Vértiz [11] found customer 
expectations of power window sounds to be essentially the same for window opening and 
window closing. Based on this, window opening with the starting and stopping transients 
excluded was chosen for further investigation. To avoid losing the realistic feeling the Sound 
Car provides, the starting and stopping transients were not excluded from the sounds 
presented to the subjects. Before the test it was emphasized to the subjects that the starting 
and stopping transients were not to be assessed. In addition to the nine recorded power 
window sounds, one of the sounds was played twice in order to check subject consistency. 
The subjects received instructions and a questionnaire written in Swedish. The native 
language of all subjects was Swedish. The subjects were asked to judge how well the verbal 
attributes dull, loud, annoying and steady described the sound of the power windows. The 
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questionnaire also contained the questions: Does the power window sound powerful? Does 
it sound like a high quality power window? and Does it sound like the power window 
motor is under-powered? The judgements were assessed using 9 point unipolar scales ranging 
from 0 to 8 with 0 representing "not at all" and 8 representing "much". First, the subjects 
listened to all sounds included in the test to get a feeling of the range covered. The sounds 
were then assessed sequentially in individually randomised orders. Each sound was repeated 
with a three second pause between repetitions until the subjects had answered the 
questionnaire. The subjects were given no information about the origin of the sounds. Tests 
lasted approximately 20 minutes. 

2.4 Modelling annoyance and perceived product quality as functions of 
subjectively measured sound qualities 

The main reason for modelling annoyance and overall product quality as functions of 
subjectively measured sound qualities was to understand which qualities are important for 
making a sound annoying or giving the impression of high overall product quality. The 
models were based on judgements of verbal attributes and were developed using linear 
regressions. As dependent variables, the means of all subject judgements of annoying and 
overall product quality for each power window were used. The means of all subject judgements 
of the attributes dull, loud, steady, powerful and under-powered were tested as independent 
variables.

2.5 Modelling annoyance and perceived product quality as functions of 
acoustic quantities 

Models for prediction of perceived annoyance and overall product quality based on acoustic 
quantities were developed by linear regression. As dependent variables, the means of all 
subject judgements of the verbal attributes annoying and overall product quality for each power 
window were used. The quantities listed in Table 1 were tested as independent variables. 
The acoustic analyses were made using the window opening phase with the starting and 
stopping transients excluded, i.e. the phase analysed was the same as the one assessed in the 
listening test. The right ear channel was analysed as the sound source was placed to the right 
of the artificial head. The interviews revealed that sounds with a time-varying character 
negatively affected the perceived quality of the power window. This is comparable to a study 
of power seat adjusters by Bernard et al. [10] which reported that frequency variations caused 
by variations in motor speed induced the perception of weakness. The most prominent 
motor order was tracked to measure speed variations. Metrics for motor speed variations 
were developed and tested. 
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Table 1: Acoustic quantities used as independent variables in the linear regression models. 
Index Description 
LA A-weighted sound pressure level /dBA 
N Loudness according to ISO532B /sone 
S Sharpness according to Von Bismarck [12] /acum 
R Roughness according to Aures [13] /asper 
Fls Fluctuation strength according to Terhardt [14] /vacil 
Ton Tonality according to Aures [15] /tu 

PRfund 
Prominence ratio for the fundamental motor tone according to 
ECMA-74 9th ed. [16] /dB 

PRmax 
Specific prominence ratio for the most prominent partial 
according to ECMA-74 9th ed. [16] /dB 

TTNfund 
Tone-to-Noise ratio for the fundamental motor tone according to 
ECMA-74 9th ed. [16] /dB 

t time for window opening 

2.6 Simplification of the models 
Car manufacturers have expressed the need for simple models which facilitate 
communication with suppliers. Standard procedures for measurements of sound are still based 
on A-weighted sound pressure level in octave or 1/3-octave bands. The experiments 
reported upon here are based on the use of more sophisticated metrics. The approach has 
been to first use the psychoacoustic metrics for detailed information about the underlying 
phenomena leading to the perception of annoyance and overall product quality, and then to 
simplify these models by using A-weighted sound pressure levels in 1/3-octave bands. 

3 Results and discussion 

3.1 Acoustic characteristics of the test sounds 
The frequency characteristics of the test sounds are presented in Figure 1. The fundamental 
frequencies of the motor sounds were between 90 and 130 Hz. The RPM variations over 
time and travelling times for window opening are presented in Figure 2. 
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Figure 1: FFT of the travelling phase of the sounds used in the listening test. 
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Figure 2: RPM of power window motors as a function of time. 

3.2 Identification of prominent features in power window sounds and 
elicitation of verbal attributes 

The attributes most frequently used in the interviews for description of each of the three 
sounds are summarised in Table 2. Sound 1 was ranked as best by 5 of the 7 subjects. Sounds 
2 and 3 were ranked equally. The starting and stopping transients were generally not 
mentioned by the subjects unless they were asked about them. Therefore, starting and 
stopping transients were excluded from further investigation. Verbal attributes used for 
assessments in listening tests were those used most often during the interviews. The attributes 
could be divided into two categories: 1) descriptions of the sound and 2) descriptions of 
assumed technical causes of the sound quality. The four most commonly used adjectives from 
Category 1 were: dull, loud, annoying and steady. From Category 2, three attributes were 
chosen: powerful, overall product quality and under-powered.
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Table 2: Prominent features of the three sounds examined in the interviews. 
Sound 1 Sound 2 Sound 3 
Steady
Low frequency engine sound. 
Strong 
Dull 
Powerful
Reliable 
Distinct 
Some subjects identified a 
scratching sound during the 
travelling part. 

Steady
High frequency engine sound. 
Unpleasant 
Annoying 
Neutral 
Cheap
Loud 
Hollow 
Squeaky
Annoying motor harmonics. 
A power window of poor quality. 

Unsteady 
High frequency engine sound. 
Sounds weak and tired going up. 
Slow
Wobbling 
Boring 
A power window of poor quality. 
Sounds like it will break down or 
a low car battery. 
Frequency variations sound like 
an under-powered motor. 

3.3 Judgements of verbal attributes in a listening test 
No significant differences (p 0.05) were found between judgements of the duplicate sounds, 
which show that subjects were consistent in their judgements.  Furthermore, no significant 
differences (p 0.05) were found between judgements of men and women or between 
subjects working with acoustics and others. Means of judgements of the verbal attributes and 
95% confidence intervals are presented in Figure 3. Correlations between the judgements of 
the attributes may be found in Table 3. All attributes correlate significantly with the two 
attributes overall product quality and annoying. This indicates that all variables describe 
perceptual dimensions important for judgements upon product quality and annoyance. 
Powerful and under-powered correlate and one of them may therefore be excluded in further 
analyses. Under-powered was chosen on the assumption that subjects are more likely to identify 
undesirable qualities. Dull, loud and steady did not correlate. This showed that they described 
different perceptual aspects of sound. 
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Figure 3: Mean and 95 % confidence intervals (individual s) of judgements of verbal attributes for the 
nine sound samples (A-I). 
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Table 3: Pearson correlation coefficients for all combinations of the attributes evaluated in the listening 
test.

 Overall product quality Annoying Dull Loud Steady Powerful 
Annoying -0.968*      
Dull 0.740* -0.740*     
Loud -0.878* 0.953* -0.617    
Steady 0.833* -0.769* 0.320 -0.685   
Powerful 0.926* -0.814* 0.709* -0.659 0.797*  
Under-powered -0.948* 0.857* -0.606 0.721* -0.902* -0.967* 
* p  0.05 (2-tailed) 

3.4 Modelling annoyance and perceived product quality as functions of 
subjectively measured qualities 

Linear regression models developed for prediction of annoyance and overall product quality 
as functions of other subjectively measured qualities are presented in Table 4. Since under-
powered is part of the models for both overall product quality and annoyance, a model for 
under-powered was also developed. 

Table 4: Linear regression models of overall product quality, annoying and under-powered as functions 
of subjectively measured qualities. 

95% Confidence 
Interval for B 

Model / 
Dependent 
Variable 

r2
adj Independent 

Variable 
Unstandardised 
Coeff. (B) 

Standardised 
Coeff. ( )

Significance 
of Coeff. 

Lower
Bound 

Upper 
Bound 

Constant 7.49  0.000 6.42 8.55 
Under-
powered 

-0.67 -0.60 0.000 -0.83 -0.51 

Loud -0.44 -0.34 0.002 -0.63 -0.25 

Overall product 
quality 

0.99 

Dull 0.18 0.17 0.021 0.04 0.32 
Constant -1.03  0.040 -2.00 -0.07 
Under-
powered 

0.38 0.35 0.015 0.11 0.65 
Annoying 0.96 

Loud 0.86 0.70 0.001 0.55 1.18 
Constant 7.03  0.000 5.88 8.17 
Steady -0.61 -0.79 0.001 -0.83 -0.39 

Under-powered 0.90 

Dull -0.35 -0.35 0.024 -0.63 -0.07 

3.5 Modelling annoyance and perceived product quality as functions of 
acoustic quantities 

In Sections 3.3 and 3.4, the three perceptual qualities loud, dull and steady were identified as 
important for the impressions of annoyance and overall product quality. Successful modelling 
of annoyance and overall product quality requires a toolbox containing metrics able to 
describe the perceptions of loud, dull and steady. Different models were studied, and the 
results are reported below. 
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Loud
In a number of publications [17, 18, 19] Zwicker’s loudness model [6] has been shown to 
give good predictions of perceived loudness. The Pearson correlation between loudness (N) 
measured according to ISO 532B and subjective ratings of loud reported here was 0.83; 
which was lower than expected. It was assumed that the reason for the low correlation was 
the subjects’ tendency to judge only the motor sound, not the sum of the motor sound and 
the window seal scratching. To test the assumption, an analysis of the motor sound separate 
from the window seal scratching was carried out. Since the two sounds were fairly well 
separated spectrally, the sound was low pass filtered with a 4th order Butterworth filter with a 
1500 Hz cut-off frequency. Most of the motor sound was below 1500 Hz and most of the 
window seal scratching above 1500 Hz. The same approach has previously been applied by 
Penfold [1]. The Pearson correlation between loudness (N) for the low pass filtered sound 
and judgements of loud was 0.91, a considerable improvement compared to loudness for the 
compound sound. Since simplicity is desirable in communication between car manufacturers 
and component suppliers, A-weighted Sound Pressure Level (SPL) is in many cases 
preferable to loudness. The Pearson correlation between A-weighted SPL and judgements of 
loud was 0.83. The Pearson correlation between A-weighted SPL for the low pass filtered 
sound and loud was 0.87. The results support the assumption that mainly motor sound was 
judged.

Zwicker and Fastl [6] have recommended the use of 5th percentile loudness (N5) for the 
evaluation of loudness of noise emissions with a time varying character. The precision in the 
use of N5 for prediction of subjective ratings of time varying sounds have been confirmed in 
later publications by Fastl et al. [20]. Johansson et al. [21] showed similar results for N10 used 
for prediction of loudness ratings of walking sounds. Since the power window sounds varied 
with time (see Figure 4) correlations between means of subjective ratings of loudness and 
percentile loudness were examined. In Table 5 correlations between subjective ratings and 5th

and 90th percentile loudness (N5 and N90) are reported. The results show a low correlation 
for N5 while N90 shows the same high correlation as N when measured on low-pass filtered 
sounds. In most of the stimuli the loudness decreased at the end and most stimuli did not 
contain prominent peaks in loudness (see Figure 4). It has been shown that the peak and the 
end of an episode principally determine retrospective judgements [7, 8]. This may explain 
the low correlation between judgements of loudness and N5 and the high correlations 
between loudness and N90. N5 will not depict the loudness of the end of the stimuli while 
N90 will for cases where the loudness showed a decreasing trend. To conclude, the use of 
Zwicker´s loudness model, originally developed for steady-state sounds, on time varying 
sounds has to be done with care. 5th or 10th percentiles may give good results for stimuli with 
peaks, e.g. walking sounds [21], but the stimuli should be examined to avoid problems 
caused by considerable changes in level and character at the end of episodes. 

Table 5: Pearson correlation between acoustic measures and subjective ratings of loud. 
 r p (2-tailed) 
Loudness (N) 0.83 0.005 
Loudness of LP-filtered sound (0 to 1500 Hz) 0.91 0.001 
A-weighted SPL (LA) 0.83 0.005 
A-weighted SPL of LP-filtered sound (0 to 1500 Hz) 0.87 0.002 
N5 of LP-filtered sound (0-1500 Hz) 0.84 0.005 
N90 of LP-filtered sound (0-1500 Hz) 0.91 0.001 
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Figure 4: Loudness (ISO532B) of motor sounds separated by low pass filtering (4th order Butterworth 
filter with cut-off frequency 1500 Hz) as a function of time. 

Dull
Von Bismarck found the dull-sharp scale to represent the factor carrying most of the variance 
among verbal attribute scales used for description of the timbre of steady sounds [12, 22]. 
Von Bismarck suggested a model relating sharpness measurements to its specific loudness 
pattern. Low correlation was found between Von Bismarck’s model for sharpness and subject 
ratings of dull (r=-0.14). It was assumed that the reason was the same as for the loudness case 
where subjects tended to only judge the motor sound. Therefore, Von Bismarck’s model was 
modified to only consider sound up to 11 Bark using the following equation: 

Bark

z
z

Bark

z
z

N

Nz

11

,...2.0,1.0

11

,...2.0,1.0
11Bark to0S    (1)

where Nz’ is specific loudness per 1/10-critical band with center band rate z. The function 
returns a weighted first moment of the critical band rate distribution of specific loudness for 
sound up to 11 Bark. The Pearson correlation between S0 to 11Bark and judgements of dull was 
-0.85 (p=0.004, 2-tailed). The result confirms the assumption that mainly motor sound was 
judged. Again, for simplicity in communication between car manufacturers and component 
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suppliers, a metric based on A-weighted sound pressure level in 1/3-octave bands was used. 
The following metric was suggested and tested: 

13

0

13

0
1600Hz to80S

i
Ai

i
Ai

L

iL
   (2) 

where LAi is the A-weighted sound pressure level (dBA) in the ith 1/3-octave band, starting 
with i=0 for the 80 Hz centre frequency band and ending with i=13 for the 1600 Hz centre 
frequency band. The Pearson correlation between S80 to 1600Hz and judgements of dull was       
-0.93 (p<0.0005, 2-tailed). The lower limit of the frequency range was chosen since the 
fundamental frequencies for all motor sounds were above 80 Hz. This model is even better 
than the model based on specific loudness. This shows how important correct frequency 
weighting is when modelling sharpness/dullness. The weighting is altered when A-weighted 
SPL is used instead of loudness. More studies on weighting of specific loudness in sharpness 
models would be necessary to explain the results in detail. 

Steady
A metric for steadiness was suggested and tested – Relative RPM Deviation (RRD) defined 
as:

2
minmax

minmax

RPMRPM
RPMRPM

RRD
  (3) 

The Pearson correlation between RRD and mean judgements of steady was -0.81 (p=0.008, 
2-tailed). It was assumed low loudness of the motor sound would decrease the impression of 
steadiness. Low loudness likely makes frequency variations less important since they are more 
difficult to hear. This hypothesis was confirmed by a linear regression model for steady based 
on RRD and low-pass filtered loudness resulting in a Pearson correlation of 0.96 (p<0.0005, 
2-tailed).

3.6 Guidelines for determination of requirements for sound quality of 
power windows 

The two most important qualities for power windows were shown to be annoyance and 
perceived product quality. Linear regression models for prediction of these perceptual 
qualities were developed and the results are presented in Table 6. To give the impression of 
high overall product quality a power window should be quiet, dull and have a stable motor 
speed. A power window is considered annoying if it is loud and sharp. To set requirement 
levels for these variables requires knowledge of present automotive engineering standards for 
the vehicle class of design interest. Recommendations for a designer of power windows 
would be to strive for low electric motor loudness, a dull motor sound and minimal changes 
in motor speed. This study has shown that subjects tend to ignore window seal scratching 
sounds. This is probably true as long as the motor sound is prominent. If motor sounds are 
reduced the importance of window seal scratching will probably increase. 
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Table 6: Linear regression models for prediction of overall product quality and annoyance. 
95% Confidence 
Interval for B 

Model / 
Dependent 
Variable 

r2
adj Independent 

Variable 
Unstandardised 
Coeff. (B) 

Standardise
d Coeff. ( )

Significance 
of Coeff. 

Lower
Bound 

Upper 
Bound 

Constant 37.9 0.026 25.8 50.1 
LPLoudness -0.77 -0.55 0.004 -1.17 -0.37 
S80 to 1600Hz -4.00 -0.28 0.002 -5.79 -2.21 

Overall product 
quality 

0.94 

RRD -0.053 -0.54 0.050 -0.11 0.000 

Constant -26.8 0.000 -33.4 -20.3 
LPLoudness 1.02 0.75 0.000 0.84 1.19 

Annoying 0.98 

S80 to 1600Hz 3.42 0.47 0.000 2.48 4.37 

3.7 Simplification of the models 
A-weighted sound pressure level showed a slightly lower correlation with subjective 
judgements of loudness than loudness measured according to ISO 532B (r=0.87 compared to 
r=0.91). This impairment may be acceptable in contexts where A-weighting is considered to 
be more practical. The model for sharpness based on A-weighted sound pressure levels in 
1/3-octave bands showed better correlation with judgements of dull than the model based on 
specific loudness. To summarise, psychoacoustic models like specific loudness should be used 
for evaluation of underlying causes for perception of sound quality. When specifications are 
to be established, models based on A-weighted sound pressure levels in 1/3-octave bands 
may, in many cases, be used for simplification of the product development process. 

4 Conclusions 
Interviews showed that starting and stopping transients of power window sound were 
generally not noticed. The subjects focused their judgements on the travelling phase. The 
travelling phase may be used for judgements upon product quality. The results imply a 
tendency to form judgements in terms of product quality rather than sound quality. The 
most prominent attributes used to describe power window sounds were dull, loud and steady.
Four product-quality-describing attributes were identified: overall product quality, annoying,
powerful and under-powered and these were strongly correlated. Subjects were found to focus 
on the motor sound rather than on the window seal scratching. In this experiment, 
satisfactory separation of the two sources was achieved through spectral filtering. After 
separation it was shown that the subjective ratings of loud correlated well with loudness and 
dull with sharpness of the motor sound. Annoyance was predicted with high accuracy 
(r2

adj=0.98) by a model based on loudness and sharpness of the motor sound. Overall product 
quality was well predicted (r2

adj=0.94) by a model based on loudness, sharpness and speed 
variations of the motor. A power window was considered to be of high quality if it was 
quiet, dull and steady. The difference between the model for overall product quality and the 
model for annoyance should be observed. For overall product quality the speed variations of 
the motor was part of the model. This was not the case for annoyance. This implied that 
frequency variations were judged as a sign of bad product quality and did not contribute to 
annoyance. 

Two aspects crucial for the analysis of product sound quality were identified: auditory 
stream segregation and temporal variations. It is important to be aware of the effects of the 
human ability to separate sounds generated by different sound sources. Subjects may 
consciously or unconsciously listen only to parts of the sound field reaching them. 
Psychoacoustic metrics computed on the total sound field will give incorrect results if 
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auditory stream segregation [23] occurs. This was the case in the reported study where 
subjects judged only the motor sound. Computational auditory scene analysis [24] may be 
used for the identification of auditory streams likely to dominate perceptually; it will not 
account for such cognitive effects like the association of power windows with electric motor 
sounds. Another way to handle multiple sources in the product sound design process is to 
separate sources through near field recordings [25]. This allows the use of listening tests in 
combination with acoustic analyses for the examination of how different sources affect 
perceived sound quality. 

Many product sounds vary with time. There is no single way to handle temporal 
variations, but recommendations exist. Kahneman et al. [7] have shown retrospective 
judgements of episodes to be an average of the peak and the end. Zwicker and Fastl [6] have 
suggested the use of 5th percentile loudness in physical measurements of noise emissions to 
emphasise peaks. In this study, the correlation between 5th percentile loudness and loudness 
judgements was low. This was explained by the decreasing trend of loudness in most of the 
stimuli, leading to lower levels at the ends of the judged episodes. 

From the results of this study the following recommendations can be made: focus should 
be on the sound of the electric motor even though the importance of window seal scratching 
probably will increase if motor sounds are suppressed. The motor should have low loudness, 
low sharpness and minimal variations in motor speed. Low loudness decreases the sensitivity 
to frequency variations. Due to the peak-and-end effect, special attention should be paid to 
the peaks and ends of the opening and closing episodes. 
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ABSTRACT 
Product sound usually consists of a mix of several sources. Models for prediction of sound 
quality based on combinations of psychoacoustic metrics like loudness, sharpness and 
roughness have limitations when compound sounds are analysed. When a compound sound is 
divided into separable sources through auditory streaming such models fail. The character of 
each source is given by physical properties. The character is usually hard to change without 
complete redesign of the product. The quality of the final product sound is determined by the 
mix of sound sources. Efficient product sound design requires tools for recording or simulation 
of sources, realistic modelling of transfer functions from source to listener and tools for mixing 
the sources. With such tools a sound source can be auralised as part of sound environments. 
Recordings of sound sources in a car were used to get source information. The sound from 
each source was filtered through idealised transfer functions, mixed and reproduced in a 5.1 
surround sound studio. The resulting sound was evaluated through listening tests. This 
approach was shown to be a powerful tool for evaluation of the effect of auditory streaming on 
subjective judgments of compound product sound. 

INTRODUCTION  
Psychoacoustic metrics like loudness, sharpness and roughness [1] and combinations of such 
metrics into more sophisticated models like annoyance [2, 3], sportieness, powerfulness and 
luxary [4] are commonly used for prediction of product sound quality. Such models have been 
shown useful in many applications, but fail if the analysed sounds deviate too much from the 
bank of sounds used for development of the models. We have also encountered problems when 
sounds composed of several blended sources have been analysed. Even basic psychoacoustic 
indices like loudness and sharpness fail in some cases. In one experiment sound of electrical 
power windows in passenger cars were studied. The sounds were mainly composed of two 
sources, the electrical motor and the scratching of the window sliding over the seal. These two 
sources were fairly well separated in the frequency domain, and could hence be separated by 
spectral filtering. Analysis of the sources separately revealed subjects’ tendency to judge only 
the motor sound, neglecting the window-seal-scratching. When loudness and sharpness were 
measured only for the motor sound agreement with subjective judgements was achieved. The 
human ability to separate sound sources have been thoroughly investigated by Bregman [5]. 
The theories for auditory stream segregation supports the assumption that psychoacoustic 
models based on the total sound will fail in applications where listeners focus only on part of the 
sound. Carosone [6] has described Ferrari’s approach to handle blended sound sources. This 
approach served as starting point for the design of an experiment with the aim to study whether 
typical interior sound of a passenger car is heard as a unity or if attention is drawn to some of 
the sound sources. Four main sound sources in a passenger car were sampled by near field 
recording. To get an approximation of each source contribution to the interior sound, the signals 
were filtered using idealised transfer functions. Through mixing of the filtered sounds four 
different sounds with the same overall loudness level but different levels of the separate 
sources were created. These four sounds were evaluated in a listening test at two different 
loudness levels. The subjects were asked to judge the overall loudness of the sound, and they 
were given no information about the way the sounds were created. By this approach 
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conclusions could be drawn on whether the loudness of the interior sound of a passenger car is 
judged based on the compound sound or if some sources are more important for the perception 
of loudness. If loudness measured for the compound sound fails to predict subjects’ perception 
of loudness, this indicates that product sound consisting of a blend of different sources, i.e. 
most product sounds, can not be evaluated with models based on the total sound. Methods for 
handling blends of sound sources need to be developed. This paper describes an experimental 
approach for analysis and subjective evaluation of a sound composed by a mix of contributing 
sources. 

METHOD
Sound source characteristics 
Sound was near-field recoded at four positions. One microphone was placed in the engine 
compartment; one was placed outside the oriface of the exhaust pipe; one was placed in the left 
rear wheel housing and one was placed inside the car close to the seal of the passenger’s side 
window to catch wind noise (see Figure 1). In addition, one microphone was placed at the 
approximate head position of a passenger in the front passenger seat to get a reference signal 
for a typical listener position. B&K 4190 microphones were used and recordings were made with 
a B&K Pulse system with B&K 3032A I/O module. The recordings were made in a Volvo V70 
2001 at 90 km/h speed on a wet road. 

Figure 1.-Microphone positions used for recording of source characteristics. 

Transfer functions 
Transfer functions from the microphone positions to the listening position of a passenger were 
measured reciprocally. A microphone was placed in the typical head position of a passenger in 
the front passenger seat and a loudspeaker was placed on the seat, directed upwards, 10 cm 
below the microphone. Frequency Response Functions (FRF) were measured between the 
microphone placed inside the car and the microphones in the engine compartment, in the wheel 
housing and outside the exhaust pipe oriface (see Figure 1). The FRF:s were measured using 
H1 estimate and pseudo random noise. B&K 4190 microphones were used and the 
measurements were made with a B&K Pulse system with B&K 3109 I/O module. The measured 
FRF:s were used to determine simple idealised transfer functions by visual inspection of the 
graphs. 
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Blending of sound sources and auralisation 
The recordings of the sound at the three positions; inside engine compartment, inside wheel 
housing and outside the exhaust pipe oriface, were filtered with the determined idealised 
frequency response functions to get the typical contribution of each source to the interior sound 
of the car. The FFT filter function of Adobe Audition was used for filtering (FFT size 2048, 
Blackman windowing, 44 kHz sample rate). The recorded wind noise was left unmodified. This 
resulted in recordings of four of the main sound sources in a passenger car. The four recordings 
were mixed in a Digidesign Pro Tools 5.1 surround sound studio. The sources were adjusted in 
level and spatial position to achieve an initial sound perceived by one of the authors to be close 
to the original sound, and the resulting sound was equalised to the same A-weighted SPL as 
the original sound. The sound pressure levels of each source for this initial sound are presented 
in Table 1 and the spatial positions of each source are defined in Figure 2. 

Table 1.-Sound pressure levels of the sources for the initial sound perceived by one of the 
authors to be close to the original sound. 

Motor sound /dB Exhaust sound /dB Wheel sound /dB Wind sound /dB Loudness /sone 
80.7 76.5 70.9 73.6 14.3 

Figure 2.-Spatial positions for each sound source. 

Sound examples for a listening test were created by variation of the level of engine sound and 
exhaust sound in two levels, resulting in four different combinations of engine and exhaust 
sound levels. The overall loudness (ISO 532B) of the sound was kept constant by adjustment of 
the wheel noise level. The procedure was repeated for two different loudness levels. The level 
changes of the sources are presented in Table 2. 

Table 2.-Sound pressure level modifications in the eight sound examples created for the 
listening test, compared to the original sound presented in Table 1. 

Sound nr. Motor sound /dB Exhaust sound /dB Wheel sound /dB Wind sound /dB Overall loudness /sone 
1 -5 -5 +12 0 -4 
2 -5 -5 +12 0 +1 
3 -5 +5 +6 0 -4 
4 -5 +5 +6 0 +1 
5 +5 -5 0 0 -4 
6 +5 -5 0 0 +1 
7 +5 +5 -? -15 -4 
8 +5 +5 -? -15 +1 

To avoid the listening position to influence the results of the listening test, each sound was 
recorded with an artificial head (Head Acoustics HSU III with BEQ I front-end) placed at the 
listening position of the studio, see Figure 3. In the listening test the sounds were presented to 
the subjects through headphones (Head Acoustics PEQ IV equaliser, PVA IV.2 amplifier and 
HA II.1 head phones). ID equalisation was used. 

Figure 3.-Convertion of 5.1 surround sound to binaural signals. 
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Listening test 
18 subjects participated in the listening test, 9 men and 9 women, all with self-reported normal 
hearing. The average age was 36 years. The oldest subject was 54 years and the youngest 19 
years. The subjects were asked to judge the perceived loudness of the sounds. The judgements 
were made on 11-point scales ranging from 0=not at all loud to 10=extremely loud. The listening 
test was designed as a 3-factor factorial experiment. The dependent variable was the judged 
loudness and the factors were engine sound pressure level, exhaust sound pressure level and 
overall loudness (ISO 532B). Each factor was varied in two levels, see Table 2. Analysis of 
variance (ANOVA) was used to find factors significantly affecting perceived loudness. Second 
order interactions between the factors were included in the analysis. 

RESULTS

Sound source characteristics 
In figure 4, Fast Fourier Transforms (FFT) of the sound at each of the four microphone positions 
are presented. 

Figure 4.-Frequency characteristics at the four microphone positions. 

Transfer functions 
Transfer functions between the microphone positions and the typical listening position of a 
passenger in the front passenger seat are presented in Figure 5. Signals were coherent up to 5 
kHz for the wheel housing and exhaust pipe positions and up to 2 kHz for the engine 
compartment position. The wind noise measured inside the car close to the side window seal 
was not filtered before use, and hence no transfer function was measured for this microphone 
position. Simple idealised transfer functions were determined by visual inspection of the graphs 
and are presented as dashed lines in Figure 5. 
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Figure 5.-Transfer functions from three microphone positions to the listening position of a 
passenger in the front passenger seat. The dashed lines are the idealised transfer functions 

used in the auralisation. 

Blending of sound sources and auralisation 
In Figure 6 (a)-(c), the frequency characteristics of each source at the listening position of a 
passenger are presented. Figure 6 (d) presents the frequency characteristics of sound example 
nr. 1 after mixing and auralisation. 

(d) FFT of sound nr. 1
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Figure 6.- (a) - (c): Frequency characteristics of  sound sources after filtration through idealised 
frequency response functions. (d): Frequency characteristics of the auralised sound example nr. 

1.



19th INTERNATIONAL CONGRESS ON ACOUSTICS – ICA2007MADRID 

6

Listening test 
Variation of loudness measured according to ISO 532B affected the loudness judgements 
significantly (p<0.1). So did variation of sound pressure level of the engine sound. A significant 
interaction effect (p<0.1) was found between sound pressure level of engine sound and exhaust 
sound. When exhaust sound pressure level was high changes in sound pressure level of engine 
sound did not affect judgements. When exhaust sound pressure level was low, the sound 
pressure level of engine sound did affect judgments of loudness significantly. The results of the 
ANOVA are found in Table 3, and means and interaction plots are presented in Figure 7. 

Table 3.-ANOVA table 
Analysis of Variance for judged loudness - Type III Sums of Squares
-------------------------------------------------------------------------
Source                Sum of Squares     Df    Mean Square    F-Ratio
-------------------------------------------------------------------------
MAIN EFFECTS
 A:Motor                     8,02778      1        8,02778       3,38
 B:Exhaust                  0,694444      1       0,694444       0,29
 C:Overall                   476,694      1        476,694     200,72

INTERACTIONS
 AB                          8,02778      1        8,02778       3,38
 AC                             0,25      1           0,25       0,11
 BC                             0,25      1           0,25       0,11

RESIDUAL                     325,361    137         2,3749
-------------------------------------------------------------------------
TOTAL (CORRECTED)            819,306    143
-------------------------------------------------------------------------
All F-ratios are based on the residual mean square error.

Means and 90,0 Percent Bonferroni Intervals
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Figure 7.-Means and interaction plots for the factors affecting judgments of loudness 

CONCLUSIONS 
Changes in loudness (ISO 535B) were shown to be the dominating factor regarding variations in 
perceived loudness. This shows that loudness is an efficient metric for prediction of perceived 
loudness. However, the significant effect on judgments of loudness on loudness equalised test 
sounds due to changes in sound pressure level of one of the sources (the engine sound), 
shows that auditory stream segregation effects have to be considered in the product sound 
design process. Powerful tools for computational auditory scene analysis [7] would facilitate 
predictions of perception of compound sound, but such algorithms need to be developed further 
to be useful in product sound design. The experimental approach used in this paper may serve 
as a starting point for development of experimental methods for dealing with compound sound 
in product development, facilitating evaluation of sound sources individually in their correct 
sound context. 
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Abstract
Auralisation facilitates aural examination of contributions from different sound sources, 
individually and as parts of a context. Auralisations can be created by filtering sounds of the 
perceptually most salient sources through binaural transfer functions (BTFs) from source 
positions to a listening position. When psychoacoustic analysis is based on auralisations, the 
auralisations need to give the same impression as real sounds. The objective of this study was 
to determine the accuracy required for auralisations to be perceptually equivalent to 
recordings made with an artificial head. Auralisations of the contribution of engine sounds to 
interior sounds of a truck were examined. In listening tests auralisations based on simplified 
BTFs were compared to artificial head recordings. The BTFs were simplified by lowering 
the frequency resolution and by smoothing in the frequency domain. Auralisations made 
through BTFs with a resolution of 4 Hz or higher or smoothed with maximum 1/96 octave 
moving average filters were perceived as similar to artificial head recordings. 

Keywords: binaural, transfer function, auralisation, sound quality, psychoacoustics, vehicle 
acoustics

1 Introduction 
Product sound is commonly evaluated as a unity, either through listening tests or 
psychoacoustic analyses [1]. In many cases this is not sufficient since human hearing is able to 
separate sounds from different sources. These separation mechanisms are described as 
auditory stream segregation [2]. When there are multiple sources autonomous stream 
segregation effects and cognitive effects may influence the results. Someone may consciously 
or unconsciously listen to only some sources. This may effect even basic perceptions like 
loudness [3] and stresses the importance of presenting correct binaural signals to subjects in 
listening tests. Auralisation through binaural transfer path analysis and synthesis is a useful tool 
for analysis of how contributions from different sources affect the perception of sound [4]. 
Few studies addressing the precision required in auralisations have been published. Some 
studies concerning audibility of irregularities in electro-acoustical transfer functions show a 
human sensitivity to defects in transfer functions used for sound reproduction [5, 6, 7, 8]. 
However, common electro-acoustical transfer functions are smooth when compared to 
transfer functions typically found in mechanical structures of, for example, vehicles. The 
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precision of measurements of transfer functions has been discussed in several papers [4, 9, 10, 
11, 12]. The results are commonly presented as graphs. However, it is difficult to draw 
conclusions on the audibility of differences in transfer functions from such graphs. Since the 
results of transfer function measurements usually have to be interpreted as effects on sound, 
the understanding of the audibility of alteration of transfer functions is essential. The 
objective of this paper was to determine the resolution of binaural transfer functions required 
to make auralisations of engine sounds perceptually equivalent to recordings made using an 
artificial head. The experiment described here was based on directly measured binaural 
transfer functions. The transfer functions were simplified by lowering the frequency 
resolution and by smoothing with moving average filters with absolute and relative 
bandwidths. The audible deterioration caused by the simplifications was examined in a 
listening test. Subjects rated the perceived difference between the auralisations and artificial 
head recordings. This way, the maximum level of simplification allowable without causing 
an increase in difference ratings was determined.

2 Method 

2.1 Evaluation Methodology 
The objective of the experiment was to find the just noticeable differences for various 
simplifications of auralisations when compared to artificial head recordings. A common way 
to detect small differences in reproduced sound is through the use of ABX-comparisons [13]. 
This is a double-blind procedure where two stimuli under comparison are randomly 
presented to the subject as stimuli A and B. One of the stimuli is randomly selected to be 
presented a second time as X. The task for a subject is to decide whether stimulus X is 
identical to A or B. The method is powerful for detection of small differences, but sensitive 
to any artefacts occurring in the signals. When comparing artificial head recordings with 
auralisations, the different techniques of reproducing the sound likely induces small but 
audible artefacts, e.g. different levels and characters of background noise. Trained subjects 
will easily identify the stimuli based on such cues. These kinds of differences are easy to 
disregard when auralisations and artificial head recordings are used for evaluation of product 
sound. To get information about the magnitude of perceived differences where these 
methodological cues are present, a test method developed by the International 
Telecommunication Union called “double-blind triple-stimulus with hidden reference” [14] 
was used. This method has been found to be sensitive, stable and accurate in detection and 
magnitude estimation of small impairments. One subject at a time is is presented with three 
stimuli (“A”, “B”, “REF”). A known reference (from now on called reference stimulus) is 
always stimulus “REF”. A hidden reference identical to the reference stimulus and an object 
stimulus are simultaneously available but are randomly assigned to “A” and “B”. The subject 
is asked to assess the impairments on “A” compared to “REF”, and “B” compared to 
“REF”. The subject may switch between stimuli at will. The subject is forced to judge one 
of the sounds (“A” or “B”) as equal and the other different from the reference (“REF”). The 
method was slightly modified. Instead of judging impairment, subjects were asked to judge 
the difference between the stimuli as differences induced by changes in binaural transfer 
functions may not necessarily be perceived as impairments. The difference was judged on a 
scale ranging from 0 to 100 where 0 = very pronounced and 100 = not audible. The 
listening test was controlled by the subject through a computer interface as shown in Figure
1. The subject was free to switch between sounds in any order and as many times as they 
desired. On switching, the first sound was ramped down over a 20 ms period followed by a 
30±10 ms pause before the new sound was ramped up over 20 ms. The procedure is a 
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combination of ABX comparisons and magnitude estimations of differences. Sound pairs 
with no audible differences may be identified by analysis of the proportion of correct 
identifications while difference ratings may be analysed for correctly identified sound pairs. 

The subjects were given the following written instructions before the training session: 

This is a test where you will listen to auralisations of interior sounds in a truck cabin. The sounds 
are idling at two engine speeds, 500 rpm and 1400 rpm. Your task will be to judge how much the 
sounds differ from a given reference sound. The listening test will be preceded by a training 
session. The purpose of the training session is to make you familiar with possible defects and 
artefacts in the auralisations. After the training, you should know what to listen for and how 
different you can expect the sounds to be. The sound examples used in the training session will also 
be part of the listening test. You will also have the opportunity to become familiar with the user 
interface which will be used for rating the sounds, see the figure below. 

Figure 1: User interface used in listening test. 

Your task is to compare two sounds with a given reference sound. One of the two sounds is identical 
to the reference and the other differs variously from the reference. The reference sound is marked 
“Sound REF” in the figure and the two sounds are marked “Sound A” and “Sound B”. You are 
free to switch between the sounds as many times you wish, and in any order you wish. You will rate 
the difference on a scale ranging from 0 = very pronounced to 100 = not audible. Since one of the 
sounds is identical to the reference you should be able to give one sound, but only one, a rating of 
100. If you want to switch between sounds without watching the screen, you can use the select 
button to mark two sounds with the mouse. After that, the space bar may be used for switching 
between those two sounds. The training session consists of 10 pairs of sounds. The actual listening 
test consists of 24 pairs of sounds. 

All information is confidential. No names will be mentioned in publications. 

2.2 Subjects 
A total of 21 subjects participated, 6 women and 15 men. Of these, 11 were employed by 
Scania and were working on the development of trucks or buses. The remaining 10 were 
employees at Luleå University of Technology. All were volunteers. The mean age was 36 
years (SD 10 years). 
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2.3 Sound Stimuli 

2.3.1 Measurement Set-up 
To create auralisations perceptually equivalent to artificial head recordings, a measurement 
set-up was designed where the same loudspeaker, microphone and artificial head were used 
both for measurements of binaural transfer functions and as a sound source which could be 
recorded and auralised binaurally. The loudspeaker was placed in front of a truck cabin, a 
microphone was placed close to the loudspeaker and an artificial head (Head Acoustics HMS 
III) was placed in the driver’s position inside the truck cabin (Figure 2). Binaural transfer 
functions from the microphone position to the artificial head were measured using white 
noise reproduced through the loudspeaker. Sound stimuli were created using the same setup. 
Near field recorded sound from a 13 litre 6 cylinder diesel engine was reproduced through 
the loudspeaker. This sound was simultaneously recorded with the microphone and the 
artificial head. Auralisations were made by filtering the microphone signal through the 
binaural transfer functions measured from the microphone to the artificial head. This 
approach resulted in auralisations synchronised with artificial head recordings. 

Figure 2: Experimental setup for measurement (measures in cm). 

To be able to use the set-up with recorded truck engine sounds, a loudspeaker capable of 
playing high levels in a wide frequency range was necessary. A loudspeaker with a compact 
design and nearly half-spherical directivity was used, see Figure 3. It was based on a coaxial 
mid-range and treble element (SEAS T18RE) on the front and a woofer unit (Peerless 
269SWR) on the back. The frequency response function for the loudspeaker is shown in 
Figure 4. All measurements were made in a semi-anechoic environment. Data acquisition 
was made with a Head Acoustics SQlab II system. 

a) b)
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Figure 3: Loudspeaker used for direct measurements of binaural transfer functions and for reproduction of 
the sound of a 13 litre 6 cylinder diesel engine. The size of the loudspeaker cabinet was 400x400x420 

mm. a) woofer unit on back side. b) perspective view. c) coaxial unit on front side. 

Figure 4: Amplitude and phase of the frequency response function of the loudspeaker used for direct 
measurements of binaural transfer functions and for reproduction of the sound of a 13 litre 6 cylinder 

diesel engine. 

2.3.2 Measurement of Binaural Transfer Functions 
Transfer functions are commonly used for analysis and prediction of the contribution of 
different sources to the sound in the compartment of vehicles [4, 9, 10, 12]. They are often 
measured reciprocally, since it is usually simpler, faster and cheaper than direct measurements 
[9]. Another important advantage with reciprocal measurements is that the sensor 
(microphone) can be placed closer to sound radiating surfaces and in smaller spaces than a 
sound source (loudspeaker) [11]. As described in the previous section, this experiment 
measured binaural transfer functions directly to allow the use of the same setup for 
measurements of binaural transfer functions, for binaural recording and auralisation. Transfer 
functions from the microphone position to each ear of the artificial head were measured 
using white noise - 1 Hz frequency resolution was used. A Hanning window was applied to 
signal sections with a 50 % overlap. The frequency response H was estimated as: 
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where Pxy is the cross power spectral density of the input x and the output y. Pxx is the power 
spectral density of the input x. The measured binaural transfer functions are presented in 
Figure 5.  Sufficient coherence was measured in the range between 30 Hz and 12800 Hz 
(Figure 6) and the transfer functions were considered reliable in this frequency range. 
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Figure 5: Magnitude and phase of binaural transfer functions from source locations to driver’s position 
inside the cabin. 
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Figure 6: Coherence of source signal and left and right channels of the artificial head. 

2.3.3 Creation of Reference Stimuli 
To create a reference sound, a near field recorded engine sound was reproduced through the 
loudspeaker placed in front of the truck cabin (Figure 2a) and recorded with the artificial 
head placed in the driver’s seat (Figure 2b). The near field recording was made close to the 
timing transmission cover where the sound was considered to be an acceptable mix of 
different sources from the engine. Recordings were made at two engine speeds, 500 rpm and 
1400 rpm, with the engine unloaded. FFT plots of the near field recorded sounds may be 
found in Figure 7. The artificial head recordings were used as reference sounds in the 
listening test.
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Figure 7: FFT plot of source sounds used for auralisation. 

2.3.4 Creation of Object Stimuli 
The sound close to the loudspeaker was recorded by a microphone at the same time as the 
artificial head recordings which were used for creation of the reference stimuli. These 
recordings were used as source signals for the auralisations. Auralisations were made by a 
circular convolution of the recorded time signals with binaural impulse responses calculated 
from the measured transfer functions according to: 

)),()(( IRsourceonauralisati xffttfftifftt (2)

where tsource is the time signal of the source, xIR is the impulse response from source to 
listening position and tauralisation is the auralised time signal. The recordings were made at 48 
kHz sampling frequency. Since binaural transfer functions were measured up to 12.8 kHz, 
the time signals were down sampled to 25.6 kHz before the auralisation. 

To determine the perceptual impairment in auralisations caused by simplifications of 
binaural transfer functions, the transfer functions were simplified in three ways: 1) lowering 
the frequency resolution, 2) smoothing with a moving average filter with absolute bandwidth 
and 3) smoothing with a moving average filter with relative bandwidth. Object stimuli were 
created by auralisation of engine sounds at 500 rpm and 1400 rpm through the simplified 
transfer functions. Examples of smoothed frequency response functions are plotted in Figure 
8. Since the SPL inside the truck cabin is much lower than the SPL close to the source, the 
signal recorded by the artificial head contains more noise than the signal recorded close to 
the source. This resulted in higher noise levels in the artificial head recordings than in the 
auralisations. To enable comparison of auralisations with the recording, without 
identification of the obvious difference in noise level, “silence” recorded with the artificial 
head was added to the auralisations. 
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Figure 8: Simplified frequency response functions (Left channel. The reference is unsmoothed with 1 Hz 
resolution).

2.4 Listening Test 
The listening test compared pairs of reference stimuli and object stimuli. The judged pairs are 
listed in Table 1. The order of tests was randomised for each subject. Along with comparing 
different auralisations to recordings at a 25.6 kHz sampling frequency, recordings at a 25.6 
kHz sampling frequency were compared to recordings at a 48 kHz sampling frequency. This 
assessed whether the lower sampling frequency was audible. The test was preceded by a 
training session which consisted of 10 pairs of sounds. The sounds used in the training session 
were a selection of sounds taken from the listening test which were considered to represent 
the spread in dissimilarity with both very similar and very dissimilar sound pairs. Sounds used 
in the training session are marked with an asterisk in Table 1. The sounds were reproduced 
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through equalised headphones, Head Acoustics HPS IV. The amplification of the sounds was 
adjusted to achieve loudness levels in the same ranges as were measured in the cabins of five 
reference trucks (7 sones(GF) at 500 rpm and 14 sones(GF) at 1400 rpm). 

Table 1: Pairs of sounds judged in the listening test 
Object    Motor 

speed 
Reference 

 Resolution of 
FRF

Smoothing of 
FRF

Recording fs=48 kHz Recording fs=25.6 kHz - - * 
1 Hz No * 
2 Hz No  
4 Hz No  
8 Hz No  
16 Hz No * 
1 Hz 3 Hz  
1 Hz 9 Hz  
1 Hz 21 Hz * 
1 Hz 1/192 oct  
1 Hz 1/96 oct  

500 rpm 
Recording fs=25.6 kHz Auralisation 

1 Hz 1/48 oct * 
Recording fs=48 kHz Recording fs=25.6 kHz - - * 

1 Hz No * 
2 Hz No  
4 Hz No  
8 Hz No  
16 Hz No * 
1 Hz 3 Hz  
1 Hz 9 Hz  
1 Hz 21 Hz * 
1 Hz 1/192 oct  
1 Hz 1/96 oct  

1400 rpm 
Recording fs=25.6 kHz Auralisation 

1 Hz 1/48 oct * 

2.5 Analysis of the Listening Test 
The analysis of the results was divided into two parts. First, sound pairs where the object 
stimulus could not be separated from reference stimulus were identified. This was made by 
comparing the number of subjects who correctly identified the object stimulus with the total 
number of subjects. The hypothesis was that the difference between the object stimulus and 
the reference stimulus could be heard. The null hypothesis was that the object stimulus 
sounded the same as the reference stimulus. For a binomial distribution, 15 out of 21 subjects 
needed to be correct to reject the null hypothesis at 95 % confidence level. This way, sound 
pairs too similar for correct discrimination between object stimulus and reference stimulus 
could be identified. For the pairs where the object was correctly identified by the group, the 
difference between ratings of the hidden reference stimulus and the object stimulus was 
analysed. Before analysis, the test results were normalised with respect to the mean for the 
individual subject and for the group, according to: 
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where xij = score difference for subject i and sound pair j, Zij = normalised difference for 
subject i and sound pair j, ix = mean of absolute difference score for subject i (sound pairs 
where the object was not successfully identified by the group were excluded), groupx = mean 
of absolute score difference for all subjects (sound pairs where the object was not successfully 
identified by the group were excluded), m = number of subjects and n = number of sound 
pairs (excluding pairs where the object was not successfully identified by the group).

3 Results and discussion 
In Tables 2 and 3 the numbers of correct identifications for each sound pair are reported for 
the 500 rpm and 1400 rpm cases. In the 1400 rpm case, the number of correct judgements 
was higher than the 500 rpm case. At both engine speeds, all auralisations were correctly 
identified by the group at the 95 % confidence level. The group was not able to detect the 
difference between recordings at 48 kHz and 25.6 kHz sampling frequencies. This confirms 
the sufficiency in using the 25.6 kHz sampling frequency in the evaluation of the quality of 
auralisations for the sound examples used. The results clearly showed there were audible 
differences between recordings and auralisations no matter the degree of simplification. The 
fact that some subjects still failed to correctly identify differences indicates that the evaluated 
auralisations were similar to artificial head recordings. It was not possible to determine 
whether the differences arose from artefacts of the auralisation or if subjects heard differences 
in, for example, background noise.  

Table 2: Sound pairs correctly identified by the group of subjects for 500 rpm sounds. 
Index Object Reference No. of correct 

judgements (of 21) 
Audible difference 
(p=0.05) 

 Recording 25.6 kHz Recording 48 kHz 14 No 
R1Hz Auralisation 1 Hz res. Recording 25.6 kHz 17 Yes 
 Lower resolution 
R2Hz Auralisation 2 Hz res. Recording 25.6 kHz 17 Yes 
R4Hz Auralisation 4 Hz res. Recording 25.6 kHz 18 Yes 
R8Hz Auralisation 8 Hz res. Recording 25.6 kHz 18 Yes 
R16Hz Auralisation 16 Hz res. Recording 25.6 kHz 19 Yes 
 Moving average filter with fixed bandwidth 
S3Hz Auralisation 3 Hz window Recording 25.6 kHz 15 Yes 
S9Hz Auralisation 9 Hz window Recording 25.6 kHz 16 Yes 
S21Hz Auralisation 21 Hz window Recording 25.6 kHz 19 Yes 
 Moving average filter with bandwidth proportional to frequency 
S192oct Auralisation 1/192 oct. window Recording 25.6 kHz 15 Yes 
S96oct Auralisation 1/96 oct. window Recording 25.6 kHz 16 Yes 
S48oct Auralisation 1/48 oct. window Recording 25.6 kHz 17 Yes 
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Table 3: Sound pairs correctly identified by the group of subjects for 1400 rpm sounds. 
Index Object Reference No. of correct 

judgements (of 21) 
Audible difference 
(p=0.05) 

 Recording 25.6 kHz Recording 48 kHz 11 No 
R1Hz Auralisation 1 Hz res. Recording 25.6 kHz 20 Yes 
 Lower resolution 
R2Hz Auralisation 2 Hz res. Recording 25.6 kHz 19 Yes 
R4Hz Auralisation 4 Hz res. Recording 25.6 kHz 17 Yes 
R8Hz Auralisation 8 Hz res. Recording 25.6 kHz 21 Yes 
R16Hz Auralisation 16 Hz res. Recording 25.6 kHz 20 Yes 
 Moving average filter with fixed bandwidth 
S3Hz Auralisation 3 Hz window Recording 25.6 kHz 21 Yes 
S9Hz Auralisation 9 Hz window Recording 25.6 kHz 20 Yes 
S21Hz Auralisation 21 Hz window Recording 25.6 kHz 21 Yes 
 Moving average filter with bandwidth proportional to frequency 
S192oct Auralisation 1/192 oct. window Recording 25.6 kHz 21 Yes 
S96oct Auralisation 1/96 oct. window Recording 25.6 kHz 19 Yes 
S48oct Auralisation 1/48 oct. window Recording 25.6 kHz 21 Yes 

In Figures 9, 10 and 11 means and 95 % confidence intervals for the normalised difference 
ratings between the reference and the object are reported as a function of the extent of 
simplification. At 500 rpm no significant differences in means could be shown due to the 
extent of simplification. The errors and artefacts introduced by the simplifications evaluated 
in this study do not seem to stand out for low engine speed sounds. At 1400 rpm, the 
difference ratings for coarser simplifications were significantly higher than for the auralisation 
based on the original transfer functions (1 Hz resolution, no smoothing). The two smoothing 
cases fulfilled the assumptions underlying ANOVA and significant differences between means 
were detected at a 95 % confidence level. Multiple range tests (Tukey HSD) showed that 
smoothing with 9 Hz and 21 Hz absolute bandwidth resulted in significantly (p  0.05) 
higher difference ratings compared to the unsmoothed stimulus and the stimulus smoothed 
with 3 Hz absolute bandwidth. 1/48 octave smoothing resulted in significantly (p  0.05) 
higher difference ratings compared to the unsmoothed stimulus and the stimuli smoothed 
with 1/96 octave and 1/192 octave bandwidths. For the frequency resolution case the 
variances differed between the different smoothing cases. This invalidates ANOVA. A two-
sample comparison of means between the reference (R1Hz) and 8 Hz resolution (R8Hz) not 
assuming equal variances shows a significant (p  0.05) difference. 
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Figure 9: Means and 95 % confidence intervals (individual s) for lower frequency resolutions. 
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Figure 10: Means and 95 % confidence intervals (individual s) for smoothing with a moving average 
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4 Conclusions 
The experiment supplied information on required precision in transfer functions to be used 
for auralisations when the result needs to be perceptually equivalent to artificial head 
recordings.  Methods to evaluate differences in transfer functions through listening tests were 
studied. Transfer functions are not sounds, rather they act on sounds passed through them. 
Hence, the results depend on the source sounds passing through them. This limits 
generalisations of results. As typical automotive sounds have been used, the results do give 
some guidance as to the degree of precision necessary in analysis and auralisation of transfer 
functions in vehicles. Plain simplifications of transfer functions like smoothing in the 
frequency domain and lowering of frequency resolution were used to allow future 
generalisations and comparisons for other applications. It was found that noticeable 
differences between auralisations and artificial head recordings were unavoidable as two 
different and complicated chains of equipment and procedures were used. The different 
reproduction techniques resulted in identifiable differences in background noise level and 
character. Such cues are easy to detect even if the character of the source sound is retained. 
Magnitude estimations of differences were found to be a convenient tool for quantification of 
the divergences from reference sounds, in this case artificial head recordings. This identifies 
the limit of simplification allowable without causing additional deterioration or artefacts. For 
this result to be useful, the quality of this best case had to be shown to be adequate. The fact 
that some subjects still failed to correctly identify the best auralisations (1 Hz resolution, no 
smoothing) in paired comparisons with an artificial head recording indicated that the 
auralisations were very similar to the recording. To avoid audible differences in auralisations 
of engine sound, the resolution of binaural transfer functions should be 4 Hz or better. The 
transfer functions should not be smoothed more than equivalent to 3 Hz moving average 
with absolute bandwidth or 1/96 octave moving average with relative bandwidth. These 
figures may serve as guidelines for decisions on desired quality of transfer functions used for 
auralisation.
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Abstract
Auralisation facilitates auditory examination of contributions from different sound sources, 
individually and as parts of a context. The objective of this study was to determine how 
much auralisations could be simplified before preference ratings became inaccurate. 
Auralisations of engine sounds at two engine speeds (500 rpm and 1400 rpm) were created 
by filtering sounds from two sources through binaural transfer functions (BTFs). The BTFs 
were measured from source positions to a driver’s position inside a truck cabin. They were 
simplified by lowering the frequency resolution and by smoothing in the frequency domain. 
Simplified auralisation preference ratings were compared using listening tests. The results 
showed that the simplifications increased the level of inconsistency in judgements. To have 
reliable preference ratings for 500 rpm engine sounds, transfer functions with at least 32 Hz 
resolution or smoothing with maximum 1/24 octave moving average filters were required. 
At 1400 rpm, none of the evaluated auralisations gave reliable preference ratings. 

Keywords: binaural transfer function, auralisation, sound quality, psychoacoustics, vehicle 
acoustics

1 Introduction 
Auralisation is a useful tool for support of communication in the early stages of any product 
sound design process. Auralisations can be created by filtering the most perceptually salient 
source sounds through binaural transfer functions from sources to a listening position. 
Breaking down product sounds into sources and transfer paths allows analysis of sources and 
transfer paths individually and as parts of a context. Product sounds are commonly evaluated 
as a unity; either through listening tests or psychoacoustic analyses [1]. In many cases this is 
not sufficient since human hearing is able to separate out sounds from different sources. 
These separation mechanisms are described as auditory stream segregation [2]. When there 
are multiple sources, autonomous stream segregation effects and cognitive effects may 
influence the results. Someone may consciously or unconsciously listen to only some sources. 
This may effect even basic perceptions like loudness [3] and it stresses the importance of 
presenting correct binaural signals to subjects in listening tests. Auralisation through binaural 
transfer path analysis and synthesis can be used for examination of how contributions from 
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different sources affect perception [4]. The auralisations may serve as input to psychoacoustic 
analysis or as sound sketches used as target sounds in a design process. The precision of 
measurements of transfer functions has been discussed in several papers [5, 6, 7, 8, 9, 10]. 
The results are commonly presented as graphs. However, it is difficult to draw conclusions 
on the audibility of differences in transfer functions from such graphs. Since the results of 
transfer function measurements usually have to be interpreted as effects on sound, the 
understanding of the audibility of alteration of transfer functions is essential. In an earlier 
experiment the resolution of binaural transfer functions required to make auralisations of 
engine sound perceptually equivalent to artificial head recordings was assessed [11]. When 
auralisations are used as tools for making sound sketches, audible errors and artefacts may be 
acceptable as long as the main character of a sound is realistic. What is considered important 
for preservation of a sound’s main character may be application specific, but a basic 
requirement should be that listener preference ratings are not altered. The objective of this 
paper was to develop a procedure for evaluation of the quality of auralisations with respect to 
their ability to preserve correct preference ratings. The procedure was used for assessment of 
the precision required in binaural transfer functions being used for auralisation of engine and 
exhaust sounds in idling trucks. The experiment was based on direct measurement of 
binaural transfer functions. The transfer functions were simplified in three ways: 1) lowering 
the frequency resolution, 2) smoothing with a moving average filter with absolute bandwidth 
and 3) smoothing with a moving average filter with relative bandwidth. This way, the limit 
where transfer functions deviated too much from reality to maintain realistic preference 
ratings were identified. 

2 Method 

2.1 Evaluation Methodology 
The objective of the experiment was to study the extent to which simplifications of 
auralisations affect preference ratings. Since the studied auralisations were considerably 
simplified, a test method suitable for comparison of sounds with clearly audible differences 
was needed. The International Telecommunication Union has developed a method named 
Multi Stimulus Test with Hidden Reference and Anchor (MUSHRA) for evaluation of 
telecommunication systems where lower quality audio is acceptable or unavoidable [12]. In 
audio reproduction, an unprocessed signal with full bandwidth may be used as reference 
when the quality of processed or transmitted signals is evaluated. In MUSHRA, this signal is 
used both as a known and hidden reference. This is not applicable if no reference known to 
be most preferred exists. In the evaluation of preference for auralisations, it is not evident that 
all changes in transfer functions will lead to lower judgements of preference. Therefore, the 
method was modified. No known or hidden references were used - meaning that it was a 
“multi stimulus test with hidden anchors” (this, in effect, made it a modified MUSHRA as 
the hidden reference element of the test was not used). Four anchor stimuli were created by 
filtering 4 different source sounds through binaural transfer functions with 1 Hz frequency 
resolution. This resolution has been shown to result in sounds perceptually equivalent to 
binaural recordings [11]. Object stimuli were created by filtering the same 4 source sounds 
through simplified binaural transfer functions. In total, 12 subsets were created, each 
containing the 4 anchor stimuli and 4 object stimuli. In one subset the same simplification 
was applied to the transfer functions used to create the object stimuli. One subset a time was 
presented to a subject who was asked to judge the preference for each of the 8 stimuli using a 
bipolar scale ranging from 0 = extremely bad to 100 = extremely good. A high preference 
was explained to the subjects as being attractive/desirable/suitable in the imagined 
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environment, i.e. a truck cabin. The subjects were able to switch between the 8 stimuli in a 
subset at will in any order and as many times desired. The test was controlled by the subject 
using a computer interface as can be seen in Figure 1. On switching, the first sound was 
ramped down over a 20 ms period followed by a 30±10 ms pause before the new sound was 
ramped up over 20 ms. The subjects were given the following written instructions before the 
training session: 

This is a test where you will listen to auralisations of interior sounds in a truck cabin. The sounds 
represent idling at two engine speeds, 500 rpm and 1400 rpm. Your task will be to judge your 
preference for the sounds, i.e. how attractive/desirable/suitable you find the sound when you 
imagine yourself to be in a truck cabin.  The listening test will be preceded by a training session. 
The purpose of the training session is to make you familiar with the sounds. After the training, you 
should know what to listen for and how different you can expect the sounds to be. The sound 
examples used in the training session will also be part of the listening test. You will also have the 
opportunity to become familiar with the user interface which will be used for rating the sounds, see 
the figure below. 

Figure 1: User interface used in the listening test. 

Your task is to judge your preference for 8 sounds. You should judge how 
attractive/desirable/suitable the sounds are on a scale ranging from 0 = extremely bad to 100 = 
extremely good. You are free to switch between the sounds as many times you wish and in any order 
you wish. If you want to switch between sounds without watching the screen, you can use the select 
button to mark two sounds with the mouse. After that, the space bar may be used for switching 
between those two sounds. The training session consists of 1 subset containing 8 sounds. The actual 
listening test consists of 12 subsets containing 8 sounds each. 

All information is confidential. No names will be mentioned in publications. 

2.2 Subjects 
A total of 24 subjects participated, 11 women and 13 men. Of these, 22 were employed by 
Scania and were working on the development of trucks or buses. The remaining 2 were 
employees at Luleå University of Technology and were working with vehicle acoustics. All 
were volunteers. The mean age was 36 years (SD 10 years). 
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The initial experimental design called for all 24 subjects to follow the same testing 
process. Early on it became apparent that this approach was overly ambitious as the time 
needed to run all subjects through every test would have greatly exceeded the time and 
resources allocated. Because data collection had not yet started it was possible to modify the 
original design by dividing the subjects into two groups of 12 subjects each. One group was 
tested in the 500 rpm condition and the remaining with the 1400 rpm condition. Felt was 
that although fewer subjects were being tested for each condition, the quality of the data 
would not be compromised. Subject and group assignments were random. 

2.3 Sound Stimuli 

2.3.1 Measurements of Binaural Transfer Functions 
Binaural transfer functions from two source positions to the driver’s position of a truck cabin 
were measured directly. One source position was in front of the cabin and one was close to 
the exhaust pipe orifice. Since the insertion loss of the truck cabin was high, a source capable 
of playing at high levels was required. A loudspeaker with a compact design and nearly half-
spherical directivity was used. It was based on a coaxial mid-range and treble element (SEAS 
T18RE) on the front and a woofer unit (Peerless 269SWR) on the back. A microphone was 
placed close to the loudspeaker and an artificial head (Head Acoustics HMS III) was placed in 
the driver’s seat in the truck. Data acquisition was made with a Head Acoustics SQlab II 
system. The experimental set-up is shown in Figure 2. All measurements were made in a 
semi-anechoic environment. Measurements were made using white noise.  

Figure 2: Experimental set-up for measuring binaural transfer functions (measures in cm). 
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A frequency resolution of 1 Hz was used. A Hanning window was applied to signal sections 
with a 50 % overlap. The frequency response H was estimated as: 

)(
)(

)(1 fP
fP

fH
xx

xy
,   (1)

where Pxy is the cross power spectral density of the input x and the output y. Pxx is the power 
spectral density of the input x. The measured binaural transfer functions are presented in 
Figure 3.  Sufficient coherence was measured in the range between 30 Hz and 12800 Hz 
(Figure 4) and the transfer functions were considered reliable in this frequency range. To 
validate the transfer functions, engine sounds reproduced by the loudspeaker were recorded 
with an artificial head at the driver’s position inside the cabin. The same sound, recorded 
with a microphone placed close to the loudspeaker, was filtered through the measured 
binaural transfer functions. In an earlier listening test, the auralisations were shown to be 
perceptually equivalent to artificial head recordings [11]. 
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Figure 3: Magnitude and phase of binaural transfer functions from source locations to the driver’s 
position inside the cabin. 
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Figure 4: Coherence between source signal and left and right channels of the artificial head. 

2.3.2 Creation of Anchor Stimuli 
Four anchor stimuli were created by filtering source sounds through the binaural transfer 
functions. The source sounds were created by near field recordings of a 13 litre 6 cylinder 
diesel engine. Two different microphone positions were used to record engine sounds. This 
arrangement was used so there would be clearly audible differences in sound character. One 
microphone was placed close to the intake and the other close to the timing transmission 
cover. One sample of exhaust sound was created by recording close to the exhaust pipe 
orifice. Another sample of exhaust sound was created by filtering the recording through a 
filter corresponding to a resonance at 50 Hz with odd partials, see Figure 5. All three 
microphone positions were recorded simultaneously to allow auralisation of simultaneous 
sources with correct time relations. The recordings were made at a 25.6 kHz sampling 
frequency at two engine speeds, 500 rpm and 1400 rpm, with the engine unloaded. FFT 
plots of the source sounds are found in Figure 6. 

Figure 5: Magnitude and phase characteristics of the filter used to create a second sample of exhaust 
sound.
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Figure 6: FFT plots of source sounds used for auralisation. 

The transfer functions were measured from a microphone position in front of the 
loudspeaker to the artificial head inside the cabin. Therefore, the source signals were pre-
processed by filtering through transfer functions from the electrical signal fed to the amplifier 
driving the loudspeaker to sound at the microphone position. Auralisations were made by a 
circular convolution of the recorded source signals with binaural impulse responses according 
to:

))()(( IRsourceonauralisati xffttfftifftt (2)
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where tsource is the time signal of the source, xIR is the impulse response from source to 
listening position and tauralisation is the auralised time signal. The four anchor stimuli were 
created using the combinations of source sounds listed in Table 1. The sound pressure level 
of the exhaust sounds was raised 6 dB in order to achieve a representative mix of engine and 
exhaust sounds. 

Table 1: Source sounds used for creation of stimuli 
Index Engine sound Exhaust sound 
Sounds 1 Intake manifold Unmodified 
Sounds 2 Intake manifold Filtered 
Sounds 3 Transmission cover Unmodified 
Sounds 4 Transmission cover Filtered 

2.3.3 Creation of Object Stimuli 
To determine the perceptual impairment in auralisations caused by simplifications of binaural 
transfer functions, the transfer functions were simplified in three ways: 1) lowering the 
frequency resolution, 2) smoothing with a moving average filter with absolute bandwidth 
and 3) smoothing with a moving average filter with relative bandwidth. Four levels of 
simplification were used for each type of simplification which resulted in 12 different 
simplified transfer functions as shown in Table 2. Four object stimuli were created for each 
type of simplification of transfer functions by filtering the same source sounds as was used for 
creation of anchor stimuli (Table 1) through the simplified transfer functions using the same 
procedure as was used for the creation of anchor stimuli (Section 2.3.2). 

Table 2: Binaural transfer functions used for creation of object stimuli. 
Index Type of simplification Degree of simplification 
R16Hz 16 Hz resolution 
R32Hz 32 Hz resolution 
R64Hz 64 Hz resolution 
R128Hz

Lowered frequency resolution 

128 Hz resolution 
S15Hz 15 Hz bandwidth 
S31Hz 31 Hz bandwidth 
S63Hz 63 Hz bandwidth 
S127Hz

Smoothing with moving average filter 
with absolute bandwidth 

127 Hz bandwidth 
S1/24oct 1/24 octave bandwidth 
S1/12oct 1/12 octave bandwidth 
S1/6oct 1/6 octave bandwidth 
S1/3oct

Smoothing with moving average filter 
with relative bandwidth 

1/3 octave bandwidth 
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2.4 Listening Test 
The listening test followed the procedure described in Section 2.1. The test contained 12 
subsets. In each subset 8 sounds were judged. These were 4 anchor sounds and 4 object 
sounds. One type of simplification (Table 2) was evaluated in each subset. The subjects were 
split into two groups. One group judged sounds with 500 rpm engine speed and the other 
1400 rpm. Both the order of the subsets and the order of stimuli in each subset were 
randomised for each subject. The sounds were reproduced for the subjects using equalised 
headphones (Head Acoustics HPS IV). The amplification of the sounds was adjusted to 
achieve loudness levels in the same ranges as were measured in the cabins of five reference 
trucks (8 sones(GF) at 500 rpm and 15 sones(GF) at 1400 rpm). 

2.5 Data Analysis 
The differences between individual subject ratings of the object stimuli and their 
corresponding anchor stimuli were used to assess whether a simplification affected a rating. A 
difference which diverged from zero meant that a subject judged an object stimulus different 
from an anchor stimulus. If the group of subjects did not find the object stimulus different 
from the anchor stimulus, the average of all subjects’ differences in ratings for a stimuli pair 
would be at or close to zero. Confidence intervals (95 %) were calculated for the differences 
between subject ratings of the anchor stimuli and corresponding object stimuli. For stimuli 
pairs for which the confidence interval did not include zero, it was concluded that the 
simplification had affected the preference ratings. 

3 Results and discussion 

3.1 Means and Tukey HSD Intervals of Judgements 
As noted earlier, 12  of the 24 subjects judged 500 rpm auralisations and the remaining 12 
judged 1400 rpm auralisations. Analysis was done separately for the two engine speeds. In 
Figures 7 and 8 means and associated 95 % Tukey HSD intervals of preference ratings are 
presented. Bartlett’s test and Levene’s test did not show significant differences in standard 
deviations (p 0.05).
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Figure 7: Means and associated 95 % Tukey HSD intervals for subsets with 500 rpm auralisations.
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Figure 8: Means and associated 95 % Tukey HSD intervals for subsets with 1400 rpm auralisations. 
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3.2 Preference for Anchor Stimuli 
Since the anchor stimuli occurred in all subsets, more data was available for analysis. Means 
and associated 95 % Tukey HSD intervals of preference ratings for the anchor stimuli are 
presented in Figure 9. Bartlett’s test and Levene’s test did not show significant differences in 
standard deviations (p 0.05). An interesting detail is that the two engine sounds (Sounds 1 
and 2 recorded close to the intake and Sounds 3 and 4 recorded close to the transmission 
cover) show different patterns at 500 rpm and 1400 rpm. At 500 rpm the sounds recorded 
close to the transmission cover are preferred while the sounds recoded close to the intake are 
preferred at 1400 rpm (see Figure 9). This illustrates some potential difficulties in product 
sound design where the preference for a solution may change with conditions. For example, 
in this instance it was engine speed. 
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Figure 9: Means and associated 95 % Tukey HSD intervals for the anchor stimuli evaluated over all 
subsets.

3.3 Differences in Ratings between Object and Anchor Stimuli 
Figures 7 and 8 show that sounds presented together affect each other’s preference ratings. 
The pattern of preference ratings of the anchor stimuli was influenced by which object 
stimuli were presented in the same subset. This is referred to as differential context effects in 
the literature [13]. To compensate for this, simplified object stimuli were compared to their 
corresponding anchor stimuli. By analysis of the differences between object stimuli and 
anchor stimuli the uncertainty created by the contextual influence of other stimuli presented 
in the same subset could be reduced. Means and associated 95 % confidence intervals 
(individual s) of the differences between object stimuli and corresponding anchor stimuli are 
presented in Figure 10 (500 rpm) and Figure 11 (1400 rpm). In the plots, different patterns 
can be seen for different stimuli pairs. At 500 rpm the object stimuli are judged lower as the 
transfer functions are more simplified when stimuli based on Sounds 1 and 2 are considered. 
Sounds 1 and 2 are both based on the same engine sound recording made close to the intake. 
For this case, the limits when simplification of the auralisations affected preference 
judgements significantly were found to be above 1/24 octave for smoothing with relative 
bandwidth and above 63 Hz for smoothing with absolute bandwidth. The lowest acceptable 
frequency resolution was 64 Hz. For Sounds 3 and 4 no correlation between preference 
ratings and level of simplification was found. However, the spread in judgements increased as 
the level of simplification increased. In Figures 12, 13 and 14 the widths of 95 % confidence 
intervals are plotted as function of level of simplification. In these plots it is easy to get a 
quick overview of how the spread of preference judgments increased with increased levels of 
simplification. For cases where no significant effect on mean preference was found the 
acceptable level of simplification was determined by examination of the widths of the 
confidence intervals (Figures 12, 13 and 14). If a sudden increase in width was found at some 
level of simplification, the limit for simplification allowed was set below this level. By 
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inspection of the graphs, limits at 500 rpm were set to 1/24 octave for smoothing with 
relative bandwidth (Figure 12), 63 Hz for smoothing with absolute bandwidth (Figure 13) 
and 32 Hz for the lowered frequency resolution (Figure 14). At 1400 rpm no simplifications 
evaluated in this study were considered to have reliable preference ratings. Better precision in 
frequency resolution is needed to avoid affecting preference ratings at the higher engine 
speed.
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Figure 10: Means and associated 95 % confidence intervals (individual s) of differences in preference 
ratings between object and anchor stimuli for the 500 rpm test. 
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Figure 11: Means and associated 95 % confidence intervals (individual s) of differences in preference 
ratings between object and anchor stimuli for the 1400 rpm test. 
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Figure 12: Width of 95 % confidence intervals as functions of bandwidth for subsets based on smoothing 
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with moving average filters with absolute bandwidth. 
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4 Conclusions 
The described method allows aural evaluation of differences in transfer functions when used 
for auralisations. Since transfer functions are in themselves not sounds, the results depend on 
the source sounds. Sounds typically occurring in automotive applications were used in order 
to get indications on required precision in the auralisation of vehicle sounds. To give reliable 
preference ratings for 500 rpm engine sounds, transfer functions with at least 32 Hz 
resolution or smoothed with a maximum 1/24 octave or 63 Hz wide moving average filters 
were required. At 1400 rpm none of the evaluated auralisations gave reliable preference 
ratings - better precision is needed to avoid affecting preference judgements. This mean that 
with higher engine speeds (which have sound with a higher frequency content and more 
distinct tone components in source signals) require higher spectral precision in auralisations. 
The observation of increased spread in preference ratings with increased simplification of 
auralisations is important. A careful analysis of spread should be done in addition to analysis 
of means of preference ratings. To conclude, for making transfer path analysis a powerful tool 
in the sound quality analysis of products it should be complemented with analysis of 
perceptual effects of variations in transfer functions. This method is a tool which can facilitate 
this kind of analysis through the use of listening tests. 
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