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Abstract

This thesis describes investigations into diffeemnlbetween wavefield synthe-
sis (WFS), stereophony and natural sound sourcésregard to spatial per-
ception. One aim of the investigations was a comparand a better under-
standing of the potential of wavefield synthesid atereophony to reproduce
spatial sound fields. A second aim was to findtenale for observed percep-
tual differences by examining the general percepti;echanisms. The two
sound reproduction techniques were discussed andared with regard to at-
tributes of localisation, sound colour and distapegception at a fixed listen-
ing position. A natural source was considered ttheereference for all inves-
tigations.

Both for localisation and sound colour, significalifferences between the
systems were found. Spatial aliasing had a sulbstampact on the perceptual
performance of WFS, and its reduction or preventexhto significant im-
provements. Although stereophonic phantom sourege shown not to be lo-
calised as certainly as virtual sources in WFSsthend colour differences be-
tween adjacent phantom sources were found to béesmawas shown that
the wave front curvature does not provide cueslifgiance perception in WFS
for a static listener.

A combination of WFS and stereophony, which is@®SI method, was pro-
posed to improve the performance of WFS with regarsiound colour repro-
duction. The results showed that by this techniguéch incorporates stereo-
phony into WFS, the sound colour perception camfténised while the lo-

calisation properties do not change.

The investigation aimed at interpreting the obsgrperceptual differences
through a discussion of the applied perception meisim. It is hypothesised
that different mechanisms apply in the perceptibistereophonic and WFS
sources. The estimation of the subjective coloomagirades by numerical pre-
dictors supported this idea, because systems ioipg stereophony were
graded better than predicted. A full decolouratibaywever, as proposed by
the association model of Theile could not be proven
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1. Introduction

1.1 Starting point of the thesis

Wavefield synthesis (WFS) is a reproduction techeigapable of creating spatial sound
fields in an extended area by means of loudspeatkays. The properties of the resulting
virtual sound field can be close to those of a seaind field. Since the emergence of WFS in
the early 1990s, attempts have been made to utilisetechnique for various applications
including sound reinforcement, auralisation andiapaound reproduction. Practical demon-
strations have indeed shown that WFS offers anrethcapability of spatial sound repro-
duction, but a distinct nomination of its advanggad disadvantages and the consequent
classification of these in comparison to other taxgssound reproduction techniques have
been missed. However, it is of vital importancesxplore the advantages and disadvantages
of the available spatial reproduction techniquesriaer to judge their applicability in each
individual case. Whenever different techniques aifngl reproduction could be applied, a

choice based on distinct capabilities is then fbssi

The perceptual properties of WFS have still notnbiegestigated in the necessary depth and
completeness. Hence, a comparison of techniques lmasexisting research cannot be under-
taken reliably. This thesis is intended to be #hierr step in this direction and should contrib-
ute to enabling this comparison. Naturally, a catglcomparison of all attributes of spatial
perception cannot be aimed at with sufficient tligtmess. The investigation therefore con-
centrates on aspects about which the most relarahipossibly also the most controversial

guestions may exist.

A comparison of perceptual attributes is difficoitimpossible to achieve solely by theoreti-
cal predictions. Thus the investigation had to rpooate practical experiments. For this the-

sis, three main experiments in the above descfibkts were undertaken.

1.2 Aims of the research

One aim of this investigation is to explore thefatiénces in the potential of the techniques

WFS and sterédfor spatial sound reproduction. There are a nunalbexpplications which

! “stereo" is the commonly used abbreviation foregtophony*.
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can be realised by both techniques and thus a aisopaof perceptual properties has to pro-
vide clues about the specific strength and weakokeach technique. Moreover, it is impor-
tant to detect common properties of both technigbesause only then can the most adequate
and efficient system be chosen. In addition tortbeperimental comparison, a further knowl-
edge of and an improvement of the perceptual ptiggeof each technique, in particular of
WEFES, is targeted.

The second aim is to help identify the percepti@chanisms which apply for WFS and ste-
reo. For stereophonic perception, certain phenonoamamot be explained consistently by
existing theories. The existence of some kind nabral decolouration or a general difference
in the perception of WFS and stereo is hypothesi§kd basis is the ‘association model’ of
Theile (1980).

1.3 The sound reproduction principles

Pre-existing principles for spatial sound reprogturcinclude stereophony and binaural audio.
These and the principle of sound field reconstam;tas realised by the techniqgues WFS and
ambisonics, make up the three fundamental pringiplespatial sound reproduction. Theile et
al. (2002, 2003) hypothesise that only these thraeiples exist and that any other system
can be traced back to one of them or to a comlsinati them. The three principles thus were
fundamentally different from each other. In thepof this thesis, only the techniques WFS
and stereo are considered, being loudspeaker-ltaskdiques with potentially overlapping
applications. A fundamental difference in the pptiosan mechanisms applying to WFS and
stereo would imply important consequences for tleeliption of their perceptual quality. The

investigation discusses the validity of this pagadiwith reference to a series of experiments.

1.4 Incorporation of a new technique: OPSI

On the basis of the results obtained from the ityason on perceptual differences between
WFS and stereo and their rationales, general clsaingthe WFS reproduction were consid-
ered. A technique was created which aimed to erhéme perceptual properties of WFS
based on the assumption of different perceptionhamgisms. This reproduction technique,
named '‘OPSI’ (Optimised phantom source imaging avefield synthesis), is a combination

of WFS and stereophonic reproduction. It is inctlidle the experimental investigations and
also acts as a tool to validate the mentioned gémssumptions. Its applicability for WFS

reproduction is discussed.
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1.5 Focus of this thesis

In this thesis, a focus is put on the attributeoélisation, sound colour and distance percep-

tion.

More precisely, the directional accuracy and tleatedness of the sources synthesised by the
different systems, including the OPSI system, avestigated. Furthermore, the sound colour
reproduction is compared and a link between pevegjpind physical parameters is attempted.
In addition, the advantages of WFS for distancegyaron are discussed by an investigation

into the role of the wave front curvature.

The scope of the investigation is narrowed dowthéoperceived properties on a fixed listen-

ing position.

Apart from the detection and discussion of perca@pdifferences, the general mechanisms of

source localisation are discussed in order todimdtionale for the experimental results.

1.6 Movements of the listener in the sound field, |  istening area

Possibly the most important perceptual differenegvben WFS and stereo is the variation of
the perceived sound field with movements of thiefisr. As WFS reproduces virtual sources
in similar geometry to that of a real source, thetlsesised sound field enables movements
and a corresponding change of the ‘view angle!,areother perspective to the sound field.
This is not intended and not possible in stereotheumore, WFS offers other advantages for

a group of listeners regarding the size of thetistg area.

As a consequence of these fundamental differeNZE§ and stereo are suited for partly dif-
ferent applications. Hence, the application mag tbk choice of the system and this does not
necessarily demand a preceding comparison of peiaegitributes. This comparison is more
interesting when the same application can be eshliyy both reproduction techniques be-
cause only then do the techniques ‘compete’ witthezther. Generally, this is the case for
applications in which the listener is located dixad listening position. Of course, this pre-
condition clearly constricts the number of applimas discussed in this thesis. However, for
all other applications, the choice of the systeralisady obvious without a discussion. Fur-
thermore, one should determine whether the appitaeally demands a sound reproduction
system capable of recreating geometrical similaity real sound field. Often, the desired
high fidelity of a reproduction system is meant muwore in terms of perceptual than geo-

metrical properties as described below.
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1.7 Physical or perceptual agreement?

An important assumption for the comparison of sowgproduction techniques has to be
made about the relevance of the physical similaritgynthesised and original sound field. It
is often argued that due to the high similarityien the sound fields produced by WFS and
natural sources, a high quality of spatial percepis likely to be achieved. This is partly true
for some attributes as the investigations in thesis have also shown. However, it cannot be
argued that in general a higher similarity resuit® better spatial quality. The aim should
rather be to achieve a high accordance of perciptretevant attributes between original and
virtual sound fields. This can be fundamentallyfet#nt from a high accordance of physical
parameters. There may, for instance, be physidédrences between original and virtual
sound fields that do not have any perceptual careseps. As an example, the geometrical
similarity of original and virtual sound fields igelevant for a listener at a fixed listening
position. Vice versa, even small deficiencies irtaia physical parameters might impair per-

ception significantly. An important example is gpatial aliasing in WFS.

In general, the physical properties of the repreduspace do not necessarily have to be real-
istic or existent in any real situation. This asption might change the view of WFS because

it was often claimed to be superior due to itselpbysical accordance with real sound fields.

1.8 Structure of the thesis

After this introduction, the perceptual attributesinterest and techniques of their measure-

ment are introduced (chapter 2).

The two sound reproduction techniques stereo (en&)tand WFS (chapter 4) are discussed
in respect of their physical and psycho-acoustgraperties. The hybrid approach OPSI is

introduced and discussed in chapter 5.

Setting the scene for the experiments, the diflsgsmetween WFS and stereo with regard to
this investigation are summarised in chapter 6s Thimparison establishes the research ques-

tions that will be discussed in the experiments.

The three main experiments described in this thasisr the properties of the different sound

reproduction techniques regarding the percepttidhates of:
- localisation (chapter 7)

- sound colour perception (chapter 8)
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- distance perception (chapter 9)

The investigations are tailored to unveil the mperceptual differences between the tech-

niques.

A summary and conclusions are given in chapter 10.

1.9 Original contributions

This thesis describes differences in the percegumderties between WFS and stereo. Based
on the general discussion of existing knowledge rémaining open questions are thoroughly
discussed and considered by experiments. The ttlesisconsiders questions on perceptual
properties that have not been discussed in a miffigvay so far. Furthermore, the proposal
of a new WFS reproduction technique, namely theSDkethod, and its utilisation for an
investigation of perception principles, are uniguehe current research. Finally, the uncon-
ventional way of interpreting stereophonic peraaptileparts from usual paths by taking up

Theile’s association model from 1980.

In addition, the thesis deals with the followingeopquestions about WFS and stereo percep-

tion. Answers are provided in the respective clragad are only generally introduced here:

- How does the localisation performance of WFS compar real sources and which
aliasing frequency is required for a localisatioerfprmance similar to that of real

sources?

The results of experiments on localisation and datoiour suggest that a higher alias-

ing frequency improves significantly the reprodaontconcerning both attributes.
- How does the localisation performance of WFS compaphantom sources?

The performance of stereo in general seems to berestimated. Nevertheless, it is
shown that WFS virtual sources can potentiallydmalised much better, depending on

the spatial aliasing frequency.

- How does the OPSI system compare to the otherrmsgstegarding localisation and

sound colour perception and which consequencebeaerived from that?

The new system proposal OPSI is shown to offerliketion properties not worse than
those of a comparable WFS system while signifigaimiproving sound colour repro-

duction.



1. Introduction 6

- Is WFS superior to stereo with regard to soundwgb@rception?

Again, stereo seems to be underestimated by cueseaarch. Results show that indeed

stereo is better than WFS regarding the colourdigiween adjacent sources.
- Which factors are relevant for the sound colouception of the different sources?

The influence of aliasing and spectral alteratioas be found in the results of the ex-
periments. However, the stereophonic sources wereejved less coloured than pre-
dicted. They are hypothesised to gain from decaliam as long as they are success-

fully localised.

- Can the hypothesised general difference between WidSstereo perception be veri-
fied?

From the sound colour performance, consequencdabegeneral perception mecha-
nism were derived. The stereophonic sources wereeped less coloured than pre-
dicted. However, the experimental results also sti@w a full decolouration cannot be

achieved and a dependence on the ear signal spetits.

- Is WFS superior to stereo regarding distance pgmepDoes the wave front curvature

form a distance perception cue?

Experiments and theoretical investigations showitideed no cue can be derived from

the wave front curvature for a static listener iF8V

1.10 The employment of signal processing for this t hesis

In this thesis, a series of experiments is desdnileich required the use of signal processing
for the reproduction of the different systems. Taproduction was realised by a real-time
convolution of the source signal with the relevemansfer functions of the system. These
transfer functions can be derived from the relevheory described in sections 3.5.1 (stereo)
and 4.2.1 (WFS). The real-time convolution wasisedl by an employment of the software
convolution engine BruteFIR (Torger, 2007). Thensfar functions were calculated and proc-
essed using the MATLAB® software package including MATLAB® Signal Processing
Toolbox (The Mathworks, 2007). The measurementooinT impulse responses was per-
formed using MATLAB® scripts programmed by this faart and by Hulsebos (Hulsebos,

2004). All essential and most of the other worlkareiing signal processing was performed by
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this author. The preparation of the binaural roompulse responses for the virtual acoustic

system is described in section 8.2.3.
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2. Introduction to the perceptual attributes examin ed

in this thesis

2.1 Introduction

This chapter defines and describes the perceptiidiuges on which this thesis will be focus-
sed. It thus prepares for the discussion in thevahg chapters. The selection of the chosen
attributes is justified in section 2.2, before eatthibute is introduced in a dedicated section.
The discussion of the localisation attributes (sec?.3) is followed by an introduction to the
attributes sound colour (section 2.4) and sours&adce (section 2.5). The chapter is summa-

rised in section 2.6.

2.2 Classification and selection of attributes

This investigation puts an emphasis on the pere¢ptoperties of WFS and in particular on
the difference between the perceptual propertiad/ieg and stereo. Of course, the investiga-
tion cannot aim at a complete coverage of all petEd properties, but rather attempts to
detect and consider the few most apparent diff@gndoreover, the selection of the specific
attributes describing these differences is basethersecond aim of this investigation. This
aim is to explore the properties of WFS and stegainst the background of their basic per-
ception mechanisms. Therefore, attributes thatgibam crucial hints on the basic processing
are selected for thorough investigation. As willdescribed in chapter 3.6.2, Theile’s asso-
ciation model (1980) is one main basis for a disicus of source perception in this thesis.
Hence, an experimental investigation tailored sxdss the hypotheses of this model makes
sense. Accordingly, the main focus is put on aiteb related to the perception of source
location and ‘gestaft’(see discussion below). The resulting two attebmtoups correspond

to the separation in two basic processing stagbg@agthesised by Theile.

ZGestalt’ is a term used in psychology. A gestatiliy is achieved when “... many groups of
stimuli acquire a pattern quality which is over aalove the sum of their parts; for example,
a square is more than a simple assembly of linéshas ‘squareness’.” (Ehrenfeld, 1890
cited in Gross, 1992) The gestalt psychology wamlgnantroduced by the group around
Wertheimer (1880-1943). Possible translations aoceganised wholes’, ‘configurations’ or
‘patterns’ (Gross, 1992).
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The attributes of source localisation are thosateel to the location and the geometry of the
source, together with those characterising theitgueld which a source is localised. This
group could perhaps also be called ‘spatial atteisiu However, this might lead to disagree-
ments regarding the inclusion of attributes relatedound colour. Furthermore, the term
‘spatial attributes’ does not represent the hypsitieel separation in the perception process,
and therefore lacks an apparent definition. Thecsetl localisation attributes are introduced

in section 2.3.

The ‘gestalt’ of the source comprises the acoustoatent of the perceived source. After
Theile (1980; see chapter 3.6.2), the gestalt pémeis independent of the perception of the
source location. This means the auditory systeabis to analyse the source content inde-
pendently of the signal characteristics relatetthéolocation perception. In other words, signal
characteristics could be removed for perception @na not part of the acoustical content of
the source, but added by the room and the head@mhdof the listener. This would be called
an ‘inverse filtering’ process. Theile denominathe remaining acoustical content of the
source the ‘gestalt’ of the source. By this denatiom, the character of the signal is de-
scribed, being a construct of different sub-chamdatics. These add up to a pattern that is
detected by the auditory system as a whole, by aosgn with known patterns. The term
‘gestalt’ implies that the content of the sourcgésceived by a logical assembly of the avail-
able cues (with the assistance of other cues stiefisaal cues, the source location, the con-
textual relationship of the source in the sceng atd that the created percept can be consid-
ered more than just the sum of its parts. In thetexd of acoustical source perception, an
example of a certain source gestalt is the voice®fmother, comprising sub-attributes such
as female voice, formants, tune, voice melody, Uaigg/dialect etc, together with the visual

sensation of the mother. These sub-attributes aenmgful only in their common existence.

The relevant meaning of the perception of the sogestalt is based on the functional princi-
ple of Theile’s association model. Through the hiipeised ‘inverse filtering’ of the transfer

function between source and inner ears, the gestalld be completely reconstructed in the

case of successful spatial decoding. In other wadwn-successful spatial decoding would
create an impaired gestalt of the source, as therse filtering process cannot operate. After
Theile, the result would be a colouration of tharse. This colouration can be measured and
thus the success of the gestalt perception camplitly estimated. Hence, a measurement
of the colouration enables conclusions to be drawithe localisation process. The attributes

sound colour and colouration are introduced inise@.4.

In addition to the two mentioned groups of attrésutelated to the perception mechanism, a

further attribute was considered within this inigetion, due to its high relevance for a com-
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parison of perceptual properties. The perceivethdi® of the source depends on a number of
different physical parameters of the sound fielde Existence of these parameters in the re-
produced sound field and their evaluation decidiesther the distance perception is success-
ful. As will be described, during the comparisonwedvefield synthesis and stereo, the pa-
rameter wave front curvature was discovered asia owg that could make a significant dif-

ference regarding the attribute source distances. dttribute will be introduced in section 2.5.

2.3 Localisation

2.3.1 Collection of attributes found in literature

A sound reproduction system has to be capablepobdeicing sources in certain directions at
a sufficient quality (as the term ‘(localisation)adity’ is vague and comprises a number of
attributes, alternatives will be introduced belo®dth the direction and localisation ‘quality’

of the perceived source can be measured by expaiain@eans. Hence, an investigation is
possible which - potentially rather precisely -adt$ differences between different sound
reproduction systems. The detected differencesatsygive rise to conclusions about basic

differences in the reproduction of the systemsergerception of the source.

This section lists attributes of localisation tlaaé used in the context of the evaluation of
sound reproduction techniques. It also lists tlefiinition and determines their use for this
investigation. In the past, attributes of localizathave often been defined individually for
certain investigations, and sometimes they remaatear in their meaning. The consequence
is a lack of consistency between the differentrdtidins (or applied meanings) and a signifi-
cant difficulty in comparing different results. Serterms, as they are used in the literature,
can have different meanings. These ambiguities stlsm from the different purposes of in-
vestigations, many of them not concentrating oretraduation of sound reproduction systems

as in this case.

The relevant terms found in the literature areetisn Table 2-1 below, together with defini-
tions by this author unless otherwise noted. Atitels written iritalics are not used further on

in this thesis.
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Localisation

General mapping law between the locadf an auditory event
and a certain attribute of the sound source. (finaccord-
ing to Blauert, 1997)

Mechanism/Process that maps the location of anreatised
auditory event to certain characteristics of onenore sound

events. (Definition according to Theile, 1980)

Direction

The direction in which the source is méved

Distance

Perceived range between listener anddepea source
(Definition according to Rumsey’s (2002) ‘individusource

distance’)

Depth

Sense of perspective in the reproduced sceaevhole

(Definition according to Rumsey’s (2002) ‘environmeéepth’)

Stability

The degree to which the perceived logattba source changes

with time.

Robustness

The degree to which the perceived @rcafia source changes

with movement of the listener.

Accuracy

The degree to which the intended and ¢heally perceived
source agree with each other. This ‘agreementeasdiefined
differently, involves all attributes of the sour€aften, the term
accuracy is used only for the ‘directional accutasfich
means the agreement concerning the source diredti@nrele-
vant measure for this attribute is the ‘directioaabr’ of a

source/system.

Resolution

The achievable precision of the synsieessound field in terms

of direction and/or distance.

Individual source width
ISW, Apparent source
width ASW

Perceived width of the source

(Definition according to Rumsey, 2002).

(Image) focus

The degree to which the energy optreeived source is fo-

cussed in one point.

Definition of the image

Similar to image focus
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Diffuseness

Inverse of image focus

Blur

Inverse of image focus

Locatedness

Spatial distinction of a source.
(Definition according to Blauert, 1997)
The degree to which an auditory event can be sdié tclearly

perceived in a particular location.

Certainty of source

localisation

Similar to ‘locatedness’, used by Lund (2000)

Localisation quality,
Localisation

performance

These terms describe a mix of attributes. Theyrdesthe
overall performance of localisation. They shoulddeéned
individually, because they can have ambiguous ngani
(‘quality’ of the directional accuracy, sound calpfocus, lo-

catedness or an ‘average’ quality?).

Externalisation

The degree to which the auditorgravs outside the head

Spaciousness

Often used in the same meaning aar@aysource width’
ASW, but also used to describe the perceived bibe @nvi-

ronment.

Presence

Sense of being inside an (enclosed) spacene.
(Definition according to Rumsey, 2002).

Often also used as an attribute of sound colour.

Table 2-1: Summary of potential localisation attributes found in the literature

2.3.2 Measurement methods for directional accuracy, image focus and locatedness

Measurement methods for certain attributes of lsaibn are reviewed and discussed in this
section. Based on and derived from these, suitgippeoaches for the tasks of this investiga-
tion can then be chosen. Often, the meaning ofai&ation attribute becomes apparent when
taking a closer look at the method with which itswaeasured. The discussion of measure-

ment methods for the attributes directional acoyranage focus and locatedness will show

which approach fits the aims of this investigati@st.
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Directional accuracy

Experiments of Vogel (1993), Start (1997) and Vgeme(1998) explored the localisation
properties of WFS virtual sources. The mean rundsted deviatioh<S > of the perceived
auditory event directions serves as a measuréétotverall localisation quality’ of the sys-
tems. This procedure may be regarded as validsfundertaken with respect to a reference,
such as a single small loudspeaker, having smafcsowidth, sharp focus and good located-
ness by definition. One or more of these threebattes are expected to change when the
standard deviation increases, and a change in ongore of these attributes can be inter-
preted as a decrease of the overall quality oldbalisation. However, there are two impor-
tant objections to this method:

1. It cannot be judged which of those attributes clednghen a certain standard devia-
tion is measured. It is believed (e.g. Corey ands¥myk, 2002; Rumsey, 2002) that
there can in fact be a difference between the ptmreof source width, focus and lo-

catedness. This applies particularly for WFS, die¥ed by this author.

2. It may be possible to judge a change in the ovélathlisation quality’ from a
change in the standard deviation, but the revargeti proven: a change of one of the
attributes comprised in the term ‘localisation dyaldoes not necessarily lead to a
change of the measured standard deviation. Thideambserved in the experiment
described in chapter 7. Vogel, Start and Verhelijenyever, deduced the localisation
quality from the measured standard deviations aland therefore arrived at differ-
ent results to the ones described in this thesis. SAme problem may also occur for
measurements of the minimal audible angle (MAA)ahkhido not necessarily reveal
differences in the localisation quality. Start (I99neasured the MAA of virtual

sources in WFS.

By mathematical analysis, two other figures carexteacted (see Hartmann, 1983) from the
data obtained from a measurement of the perceiudidoay event directions. In the case of
the existence of a predefined reference directog. the desired direction of a virtual source
or the actual position of a single loudspeakeg, RMS erroD is the RMS of the deviation

of the perceived directions from the referencedtiioa. It is quite similar to the standard de-

viation s, except for the reference from which the deviatoomeasured. The RMS errDris

® The standard deviatios here is defined as the RMS error of all assesssmanine person
and one stimulus. By averaging the standard dennatifrom all test items the run standard
deviation S is calculated. Averaging all test subjects’ ruaratard deviationsS results in
the mean run standard deviatiore<> (see Hartmann, 1983)
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related to a predefined directianin contrast to the standard deviat®rwhich is related to

the mean value.., Of all perceived directions. The relation betwdlea two isD? = & +

(Xmean— >@)2. Hartmann takes the mean run RMS err@ x as the most suitable parameter to
describe the ‘localisation performance’. Start dddpis definition in his analyses. The men-
tioned problem of the standard deviat®applies to the RMS errd even more: the reason
for an increasing RMS error may be found in a cledngcus, width, locatedness or direction
of the perceived source. Thus, this parameter eanribe only the ‘overall localisation per-
formance’ of a system that has to be accurate inadirection, shape and quality of the (vir-
tual) source. A system with a directional bias ifie the system or the measurement proce-
dure) cannot be assessed by this measure. A sygh@h synthesises the desired directions
with a directional error ofixmean— %| = +5°, but is capable of presenting the sources with a
optimal focus, will result in a small standard dgions. The RMS erroD of this measure-

ment, however, would not be less than 5° in sfithat.

The second available measure is the signed EBrromx,.an— % , Which is a measure for the
average deviation of the perceived directipg., from the predefined directiox, in which
the sign of the deviation is taken into accounisTfia measure for the ‘directional accuracy’

of a system.

Image focus and locatedness

Apart from the above-mentioned implicit method oéamuring the standard deviation and
concluding on the attributes image width, focus lwhtedness, there are other methods of
directly measuring these attributes. Various awgttumscribe measurements of the image fo-
cus in the context of the evaluation of sound rdpation systems. Martin et al. (1999b) pre-
sented pairs of stimuli, requiring the test sulgdot indicate the more focussed of the two
stimuli. In his definition, the focus of a (phantpsource is dependent on thepectedmage
size (in this case the human voice). Martin sté¥&$tien a phantom image is larger or wider
than the anticipated size of the actual sound seurcthe image is perceived as being unfo-
cussed.”This definition emphasises that the focus of as®does have a clear relationship
to its width, but not in a direct sense. That metdias large sources can exist which are not
perceived as being unfocussed and vice versa. éWartsults showed clear distinctions be-
tween the five different systems under investigatio terms of the assessed focus of the
sources. He also performed measurements of the I(v@@€aural Cross Correlation) coeffi-

cient of the same stimuli using a dummy head, whidmot reveal these distinctions.

In (Wittek et al., 2001b) stimuli (phantom source®re presented in comparison to a refer-
ence, this being a single loudspeaker. The subjeets asked to assess the difference in the

image focus using a five-grade scale. The reshltsved clear differences in the perceived
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focus which could not have been concluded fromdéngations of the perceived directions.
The focus data showed a clear trend whereas theumhstandard deviations of the per-
ceived directions showed no significant differenddse definition of focus used in this study

was similar to Martin’'s and in both studies a humaite was used as the stimulus.

Lund (2000) introduced a ‘consistency scale’ cdaimgisof five grades and being described by
three attributes at once: ‘certainty of angle’,bustness’ and ‘diffusion’. According to his
scale, the best grade on this consistency scal&vieugiven to a source that is localised with
no doubt, is very robust and whose image is ndusif Corey et al. (2002) made use of
Lund’s scale and measured the ‘certainty of theclocation’ on a five-grade scale. They
additionally measured the incidence direction & $timulus (phantom source) and the time
in which the response was given. By this procedinese different parameters could be com-
pared to each other. It was found that there wdsdd a negative correlation between re-
sponse time and the certainty of source locatiamwever, regarding the spread and the bias
of the directional data that Corey et al. call @ecy’, they state'ln comparing the localiza-
tion accuracy with certainty, it was found thathevas not a significant correlation between
the variables. From this we can conclude that awrite in source location does not always

translate into accurate or consistent localizatilility” .

Chapter 7describes an experiment on the localisation praggefocussing on the attributes

directional accuracy, image focus and locatedness.

2.4 Sound colour and colouration

The sound colour is one of the important attributescribing a sound or, as in our case, a
sound reproduction technique. In this investigatibe term ‘timbre’ is supposed to have the

same meaning as the term ‘sound colour’.

The capability of reproducing the correct (or atskea plausible, see chapter 1.7) sound colour
of a virtual source is a vital property of a sourgroduction technique. Listeners would
rather accept a compromise in the spatial fideitythe reproduced sound field than a de-
graded sound colour (Rumsey et al., 2005). Itahalenge for systems providing a spatially
enhanced performance, like WFS, not to achievedhigancement at the cost of a reduced

sound colour reproduction quality.

The definition of the attribute sound colour or i is difficult. The well-known definition
from the American Standards Association (ASA, 1960)
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"Timbre is that attribute of auditory sensationt@rms of which a listener can judge that two

sounds similarly presented and having the samenlessiand pitch are dissimilar.”

However, this definition takes into account neitteanporal nor spatial differences, neither of
which can be understood as attributes of timbrevédedescriptions consider the timbre as a
multidimensional construct of a number of differeab-attributes which describe the specific
sound colour properties of the source (Bloothonft Rlomp, 1988; Zwicker and Fastl, 1990;
Bregman, 1994).

Subjective measurements of the sound colour hase emewhat elaborate. An overview of
the literature can be found in (Briiggen, 2001a) @ubak and Johansen, 2003). Reasons for
the difficulty in the measurement of the sound oolmclude a lack of meaningful objective
measures that describe the subjective perceptigthdfmore, the sound colour always refers
to a reference that is used for comparison, bettié memory of the listener, or a direct com-
parison (Bruggen, 2001b). The latter possibilityeils very fine differences: the auditory
system is particularly sensitive to changes indbend colour between two sounds (Bloot-
hooft and Plomp, 1988; Blicklein, 1981). In contrést auditory system is able to adapt to a
static frequency response which is then regardetbaisoloured (Zwicker and Fastl, 1990).
When the difference is more interesting than theohkite sound colour, the attribute ‘sound
colour difference’ can be used. It is easier to suea the sound colour difference than an
absolute measure related with sound colour. Exasriplethe latter could, for instance, be the

naturalness or the degree of distortion of a signal

The sound colour difference is also called ‘coltiora (or coloration, AE). Salomons (1995)

proposed the following definition for this term:

"The coloration of a signal is the audible distami which alters the (natural) color of the

sound”.

Chapter 8 presents a method of measuring the @loorusing a multiple stimulus graphical

user interface employing a five-grade colouraticaies.
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2.5 Distance

This section introduces the general auditory coeshie perception of the source distance. It
discusses the specific cues available in the dgeghd of a source signal, thus preparing for
the discussion in the following chapters. Furtheena differentiation between the attributes

distance and depth in the context of sound repitaatucs performed.

The discussion of the sound reproduction technigquebapters 3 and 4 and their comparison
in chapter 6 as well as the experiment describezhapter 9 consider the specific properties

of WFS and stereo regarding distance perception.

2.5.1 Distance cues

The literature (e.g. Nielsen, 1991; Zahorik, 208Bjnn-Cunningham, 2000; Blauert, 1997)

describes various crucial parameters for audit@stadce perception. These include:

a) Level (sound pressure)

b) Direct-to-reverberant energy ratio

c) Reflection pattern (timing, level and directionseatfly reflections)

d) Frequency spectrum (for very near and for far sesjrc

e) Binaural differences: acoustic parallax as welhésnsity/phase differences
f)  Motion parallax (changes of perspective with sollistener movements)

g) Interaction with source familiarity and non-acocaticues such as visual

cues

Cues a, b, d, e, g can also be found in above-oresdi literature. Cue c is mentioned by
Pellegrini (2001). Cue fis added by this author.

In this investigation, most of these cues are metu$sed in detail. A general discussion of
distance cues is not intended, but rather a cosyanf potentially available cues in the two
sound reproduction techniques WFS and stereo. Aiirthis comparison, cues will be iden-
tified that only one of these techniques can repeedor at least can reproduce much better
than the other. The differences between the twanigaes require a focus on specific aspects
of distance perception cues such as the role ®hks movements, the role of an accurate
reproduction of the reflection pattern and the fi¢he wave front curvature. This differen-

tiation is introduced here whereas the comparisgeiformed in chapter 6.
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Cues available for a moving source or listener

The cues mentioned above differ with respect ta ttebevance for certain listening condi-
tions. There are cues that are available on a fiséehing position and others that are avail-
able only with listener or source motions. Thedlatiues are also called ‘idiothetic’ cues, i.e.
cues which are created by the self-motion of thietier and an analysis of resulting changes
in the perceived sound field. These cues enablinplicit analysis of the scene geometry

(and consequently distance) through moving withalistening area.

The group of cues for static listeners include auds, c, d, e, g. The group of cues for mov-
ing listeners in principle only includes cue f. Hower for cues a, c, e, g listener or source
motions are hypothesised to support their percepte it is known for perception in general
that a difference in cues corresponding to knowstetier or source changes is easier to detect
than static cues. Furthermore, certain cues arigabl@only in a relative comparison, be it
with other sources or source conditions, or wittaxed pattern in the memory of the listener.
We can assume that for nearby sources at leasteadr or source movement and the corre-
sponding change of the cues level, direct-to-rex@nt energy ratio, reflection pattern and
binaural differences provides additional informati&bout the source distance. In particular,
the natural change of the reflection pattern isartgmt information. The cue ‘reflection pat-
tern’ is added to the usual list of distance peticepcues because it is decisive for the percep-
tion of source distance (Pellegrini, 2001) and, eooer, it can be reproduced better in WFS
than in stereo. Changes in the reflection pattlean torrespond to changes in the source or
listener movements theoretically contain unambiguiofiormation about the source location

and thus potentially give rise to an evaluatiorth®yauditory system.

Cues available for nearby sources

An indirect distance perception due to listenes@urce movement can only occur for rela-
tively close sources, as only for these sourcestlaedifferences in the cues significant.

However, for static listeners or sources, therease cues that exist only for such close
sources. These are the cues based on binaurakditgs, i.e. cue e of the above list. In the
near-field, the so-called ‘acoustic parallax’ seres an additional auditory cue. The acoustic
parallax describes the phenomenon that for neasbycss, the incidence directions are dif-
ferent at the ears. The diffraction at head and efthe listener also differs due to the curved
wave front. Moreover, the binaural differences arstjude the distortion of binaural level

and phase differences for nearby sources.

An estimation of the magnitude of the near-fielpeledence of the HRTF (head related trans-

fer function) can be made using Figure 2-1. Furtheasurements are presented in chapter 9.
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Figure 2-1: from Brungart and Rabinowitz (1999a): The HRTFs for sources in the horizontal
plane from 0.125 m to 10 m distance. The head is modelled as a rigid sphere 18 cm in di-
ameter. The HRTFs are calculated by dividing the pressure at the left ear by the free-field

pressure at the centre of the head. Results are shown for source locations at 30 degree
intervals in azimuth in the front hemisphere.

For Blauert (1997), the distance of sources cltdsan 3 m can be perceived due to these cues.
The results of Nielsen suggest an upper limit ah.lUnder anechoic conditions, only the
cues level and binaural differences remain fordiXistening positions. Brungart and Rabi-
nowitz (1999c), who studied distance perceptionsimurces closer than 1 m, identified the
interaural level differences (ILD) at low frequeesi(< 3500 Hz) as crucial for distance
judgments of these sources in anechoic environmétitsough Shinn-Cunningham (2000)
notes that by adding reflections, the distanceqmian of nearby sources improves signifi-
cantly, the binaural differences are apparentlgrgirenough to override the level cue. Brun-
gart et al. (1999b) showed that proximal-regiortasise perception with a broadband, ran-
dom-amplitude source is significantly more accufatelateral sources than those near the
median plane. Their results from distance percapxperiments (Brungart and Rabinowitz,
1999c) with anechoic, nearby sources positionedgaibe interaural axis are shown in Figure
2-2. It can be seen that the low pass and the bawaticonditions performed better than the

monaural or high pass conditions. They showedithtte near field a strong correlation (as
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high as 0.85) can be found between the logaritHiyiearanged actual and perceived dis-
tances.

g

Broadband

8

Monaural

Response Distance Response Distance Response Distance Response Distance Response Distance

o

g

3 kHz HP
s

10

g

3kHz LP
8

No Sound
g 3

—h
=]

10 a0 100 10 30 100 10 30 100 10 30 ) 100
Stimulus Distance Stimulus Distance Stimulus Distance Stimulus Distance

Figure 2-2: from Brungart and Rabinowitz (1999c): Results from the distance perception
experiment of nearby dry sources. The sources are positioned along the interaural axis. The
dashed lines represent ‘correct’ responses, while the solid line is the best linear fit of the
stimulus data to the response data. The number at the top left of each panel is the linear
correlation coefficient. Five different conditions are shown in the rows whereas the col-

umns correspond to single subjects.

In a study by Martens (2003) regarding near-figktashce perception, the HRTFs were ma-
nipulated so that the gain (in the entire frequelnagd) at the ipsilateral side was increased
compared to the reference HRTF, whilst the gaithatcontralateral side was decreased. By
this procedure, both the ILD was increased in diffi¢ steps, and the gain relative to the ref-
erence source was varied. The subjects were pegbaiith headphone reproduction of whis-
pered syllables, which were recorded dry and camblwith the manipulated HRTF. The

subjects were asked to assess the relative raigjanck) of the test items in comparison to a



2. Introduction to the perceptual attributes 21

reference (0 dB increase/decrease) on a 10 paid-sO©n this scale, the rating 10 corre-
sponded to no noticeable difference in the rangevdmn the test item and the reference, 9
was to be given when the test item was just ndtigecloser, the rating 1 corresponded to a
very closely perceived auditory event and O to aditary event inside the head. In other
words, the subjects were asked to compare thendistaf the reference and the test item, the

ILD of which was artificially increased.

The results are shown in Figure 2-3. They showettpected perception of closer ranges with
increasing ILD. Furthermore, it was discovered tatincrease of the ipsilateral gain rather
than a decrease of the contralateral gain leattetperception of a closer range. This investi-
gation once more proved the ability of high ILDdwaoke the percept of a close source dis-

tance.
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Figure 2-3: Experimental results from Martens (2003): The mean range ratings (y-axis)
show whether the auditory event was perceived in the same range (10) as the reference
source, closer (<10), extremely close to the listener’s ear (1) or inside the head (0). The x-
axis shows the contralateral attenuation and the labelled parameters show the ipsilateral
gain from O (red) to 9 (black). The resulting ILD is the sum of contralateral attenuation and

ipsilateral gain.

Distance perception under anechoic conditions

As shown in the literature, the perception of tisashce of non-nearby sources is nearly im-
possible without the presence of room reflectidmgestigations by Nielsen (1991) show that

in an anechoic chamber, the actual source dista®o influence on the perceived distance,
as long as the level at the listening positiondregr level) is kept constant (see Figure 2-4).
Level is the most important cue when room acoustiesabsent, as shown by Gardner (1969,
cited in Blauert, 1997).
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Figure 2-4: Experimental results from Nielsen (1991): There is no correlation between the
actual source distance (x-axis) in the anechoic chamber and the perceived distance (y-
axis). But: the louder the stimulus the closer it is perceived (the three figures correspond to
a different receiver loudness, which is 58, 68 and 78 phon). The solid lines in the diagrams
indicate the relation y=x.

2.5.2 Distance and depth

A sound image without depth is unnatural. In anyra sound field a sense of depth is per-
ceivable, beindthe sense of perspective in the reproduced acoustene; as defined by
Rumsey (2002). A sense of depth in a natural environniggtven through the perception of
sources at different distances together with ayaisaof the room reflections, which contain
an unambiguous description of the room dimensi@®pth is a scene-related percept that
takes into account relationships between multipiditary events. The listener's successful

perception of depth is the benchmark of a spatidicareproduction system.

Contrary to depth, distance is an attribute ofralsi source. Although depth supports the

perception of the source distance, the latter ¢am lae judged in acoustic scenes without

* Rumsey (2002) defines the attribute depth atrdiftelevels. He introduces the individual
source depth, the ensemble depth, the environnegrih énd the scene depth, each being the
depth defined for the particular level. This inwgations will use the attribute depth similar
to Rumsey’s scene depth.
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depth (e.g. a mono loudspeaker). In this casepéhecived distance may be called ‘pseudo’
distance. It is assumed to be perceived conscigatiher than intuitively, as a result of a ra-
tional analysis of certain perceived distance g as level, direct-to-reverberant energy
ratio or frequency spectrum. In those scenes, eug® depth can also exist, this being the

relative perspective of the sources perceived diwgto a ‘pseudo’ distance.

Examples of ‘pseudo’ distance or depth also eristisual perception. An interesting parallel
can be drawn between the acoustic and the visue¢pion of depth and distance. By look-
ing at the more apparent visual cues, the acoosés can also be illustrated. The visual cues
are depicted in (Smith et al., 2003) or (BeckertSaR004). The analogy is hypothesised by
this authorFigure 2-5shows several monocular visual cues to analyseabpkspth. These
include the linear perspective, overlay (or intsfpon, one object is covered by the other),
relative size, height-in-field, shadows, amongsieds. In spite of these cues, the image does

not contain true depth, it is a 2D representatiom 8D visual scene.

When another important cue, the so-called ‘moti@majpax’ is added (a corresponding
change of the perspective with movements, it is aldled an ‘idiothetic’ cue), it is termed a
2¥5D representation, which enables the perceptiopecdpective due to movements of the
viewer. A true 3D representation — and thus theqgaion of real visual depth - is enabled
only through the existence of binocular (or ‘stex@pic’) cues such as disparity (different
signals for the two eyes, see Figure 2-6) or cayemee (different axis angles of the two

eyes).

The presence (definition by Rumsey, 2002ense of being inside an (enclosed) space or
scene)) of the listener/viewer can be only achieved whienreproduced scene contains true
depth. In contrast, there can be some kind of paser ‘ensemble envelopment’ (definition
by Rumsey, 2002:Sense of being enveloped by a group of sound ssliravhich can be
created by idiothetic cues. These idiothetic cueste an intra-active scene, i.e. a scene in
which the listener/viewer can move. Furthermoreinder-active scene is capable of creating
a strong link between the reproduced scene antisteeer/viewer. This kind of presence is
sometimes referred to as ‘immersion’, being an esgion linked with some form of intra- or

inter-activity.
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Figure 2-5: from Becker-Carus (2004): An anal- Figure 2-6: from Becker-Carus (2004):

ogy in visual perception. ‘Monocular’ cues for An analogy in visual perception. Exam-
depth perception are linear perspective (A), ple for ‘binocular’ cues for depth per-
relative size (B), overlay or interposition (C), ception. Due to the ‘binaural disparity’,
height-in-field (D), etc. the objects at different distances are

imaged at different locations in the

eye.

Based on the above discussion, the cues for ayditstance perception listed in section 2.5.1
can be grouped according to their property to enablepresentation of ‘pseudo’ or true
depth, and their availability with/without movememf the listener. The terminology of these
groups is based on the terminology used to destn#deisual cues mentioned above. Hence,
an acoustical 2D representation would be one #wkis|true depth and does not provide cues
for listener movements. An acoustical 2%2D repregent would be a representation that still
lacks true depth, but does provide cues for listenevements, i.e. can be called ‘intra-
active’. An acoustical 3D representation is a repngation that offers cues to perceive true
depth, but does not necessarily provide cues f@tener movement. A representation ena-
bling both true depth and listener movements isdeined at this time. Note that in the
acoustical context, the terminology of 2D, 2%D &Ml representation does not imply the
property to reproduce a certain number of geonadtdianensions. For instance, a 3D repre-

sentation does not provide the reproduction ingltienensions, which would mean an addi-
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tional reproduction of the ‘height’ dimension. Rathit denotes the quality of the depth re-

production.

These groups of cues for acoustical distance pgocepan be defined according to this para-

digm:
‘2D’ distance cues: Monaural distance cues thablena ‘pseudo’ distance perception

- Level
- Direct-to-reverberant energy ratio
- Frequency spectrum

- Interaction with other non-acoustical cues
‘254D’ distance cues: Cues that are available wittvements of the listener

- Motion parallax

- Improvement of several 2D cues
‘3D’ distance cues: Binaural distance cues thablena ‘true’ distance perception

- Reflection pattern

- Binaural differences

The analogy of acoustical and visual cues for distaperception is continued in chapter 6,
where a comparison of WFS and stereo regardingyha#ability of these cues is performed.
However, Table 6-Imay be yet observed at this time to find a sumnwryhe above-

mentioned analogies regarding the different repitasiens.

2.6 Summary of chapter 2

This thesis approaches the comparison of the per@eperformance of WFS and stereo by
an investigation of distinct attributes. The invggtion includes the theoretical and experi-
mental comparison of the attributes of localisgt&wund colour and distance perception. The
basis for a comparison of these attributes wastenleia this chapter by an introduction of

their definition and meaning for this investigatidiurthermore, the rationales of the selection

of these particular attributes were depicted.
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3. Stereophony and its properties

Figure 3-1: The first stereophonic transmission by Clement Ader in the year 1881 (from
Daniels, 2002): Listeners enjoy a performance of the Paris opera house transmitted by two

telephone lines. Ader patented this stereo telephone.

3.1 Introduction

This chapter introduces stereophonic reproductiatiscusses the properties of stereo which
are relevant to the attributes described in thesigh Furthermore, it presents various ap-
proaches that aim to explain the perception oksignonic sources (which will from now be
referred to as ‘stereophonic perception’). Thesgr@ches differ fundamentally regarding
their consequences on the perceptual propertisteeo.

After this introduction, a definition of stereophomeproduction in section 3.2 will prepare
for further discussion. Section 3.3 describes tigroof stereo, anticipating various means of
interpreting stereophonic perception, which willibgroduced in section 3.4. The properties
of stereophonic reproduction, such as its capadslitor directional imaging, sound colour
and distance reproduction, are introduced in se@ib. A discussion of the different possible
perception mechanisms is given in section 3.6,reefection 3.7 summarises the chapter.
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3.2 Definition of stereophony for this investigatio n

A non-existing, ‘virtual’ source is localised whdéwo loudspeakers reproduce a coherent
signal. The two sound events result in one singliitary event. Level and time differences
between the loudspeaker signals determine the igedcelirection of this auditory event,
which is commonly known as a ‘phantom source’. §Téenomination already implies a cer-

tain perception mechanism, see section 3.4.)

The sound field created by the two loudspeakedsfisrent from that which would be created
by a corresponding real source at the locatioh®fshantom source.

This reproduction technique is called stereopharigtereo’. It is not restricted to two or any
other limited number of loudspeakers. In princigereo can mean any spatial sound repro-
duction system with more than one loudspeaker. Wewm this thesis, it is assumed that it
differs from sound field reconstruction techniquasthat the aim is not to reconstruct a
sound field in an expanded listening area. Figuiz shows the standard setup for two-

channel stereo.

Figure 3-2: Standard setup for two-channel stereophony. One possible ‘phantom’ source
location is illustrated by the dotted loudspeaker. The listener is located at one corner of the

equilateral triangle, in the so-called ‘sweet spot’. The offset angle of the loudspeakers is

60°. @ = 30°, @is the phantom source shift or panning angle.
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3.3 Origin of stereophony

Two-channel stereophony marked a major step fonf@rdpatial sound reproduction. From
the outset, which can be considered the two-chaeteghone transmissions by Ader in 1881
(Hertz, 1981, see Figure 3-1), it was realised thatchannel reproduction offered signifi-

cantly more than just two simultaneous monophohanoels.

In the 1930s, two parallel developments took pldwe helped introduce modern stereo-
phony. These developments are examples of two foedtally different views on stereo-

phonic perception, and together they lead intoadriee main discussions of this thesis.

In America Steinberg, Snow and Fletcher (Steinlaerd) Snow, 1934) from Bell Laboratories

explored the *acoustic curtain’, see Figure 3-3.
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and loudspeakers would give a perfect reproduction of the original sound. a multiple reproduction of the original sound which the observer interprets as com-
ing from a single source,

Figure 3-3: from (Snow, 1953): Early implementation of stereo (and actually a precursor of
wavefield synthesis, see chapter 4.2.1): desired (left) and implemented (right) stereo-

phonic system of Snow, Steinberg and Fletcher.

They aimed to transport the acoustical cues arismg sources in the recording venue to a
reproduction room using microphone and loudspeakeys. Snow described their ideas in
this way:“The myriad loudspeakers of the screen, acting @stpsources of sound identical
with the sound heard by the microphones, wouldgetap true copy of the original sound into
the listening area. The observer would then emplolynary binaural listening, and his ears
would be stimulated by sounds identical to thosevbield have heard coming from the origi-

nal sound source.{Snow, 1953)

These scientists quickly noticed that, due to teirconstraints, it would not be feasible to
put their ideas into practice. As a compromisey thmited the practical system to three chan-

nels, accepting that the original aim of recreatmgreal sound field would no longer be ful-
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filled. The three-channel stereophony producedhis way was therefore not created as a
result of a mathematical analysis of the sound fibut rather as an engineering compromise.
Its directional effect is based on perceptual phema such as the precedence effect and

level and time difference stereophony.

In contrast, Blumlein (1933) aimed at a proporticegroduction of the directional image of
the recorded scene by recreating the original physauditory cues. He found that in a
stereophonic setup, the intensitjifferences between the loudspeakers are convémted
phase differences at the listener’s ears belowtaindimit frequency. Above this frequency,
intensity differences between the loudspeakers avtrahslate to similar differences between
the ears. Thus both important cues for sourceikatadn would be synthesised correctly: the

low frequency phase differences and the high frequentensity differences.

Blumlein’s ideas are the basis of the summing isatibn theory, see section 3.6.1. They lead
to a computable stereophonic reproduction betweerdudspeakers. He proposed a coinci-
dent microphone setup for capturing intensity défeces, consisting of two bidirectional

microphones at an angle of 90°, which nowadaysdsva as the ‘Blumlein pair’.

3.4 Two principle ways of interpreting stereophonic perception

Snow (1953) pointed out, regarding the basic diffiee between the n-channel acoustic cur-
tain and 3-channel stereophotiyhis arrangemen{3-channel stereophony, see Figure 3-3]
does indeed give good auditory perspective, buttWha not been generally appreciated is
that conditions are now so different from the ingtigal <infinite screen> setup that a dif-

ferent hearing mechanism is used by the brain.”

Researchers who observe contradictions in the giyeccepted summing localisation the-
ory quote this statement by Snow. Indeed, this teaghows that this theory can only par-
tially explain phantom source perception, and thsatrepancies between prediction and ac-
tual perception do exist. The most important ddéfere between the summing localisation

theory and other approaches is the interpretatidgheoway in which the loudspeaker signals

® Original quote from Blumlein (1933). The term &nsity’ is widely used when describing

sound pressure level differences that determingéneeived direction of a phantom source.

This usage is questionable since sound pressuperieived by the auditory system rather
than intensity as such; a term such as ‘sound pireskevel differences’ makes more sense
(Sengpiel, 2007a).
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are evaluated by the auditory system. There arefumdamentally different approaches, and

two fundamentally different types of source beingated:

1. ‘Virtual sourcethrough summing'’:
The loudspeaker signals physically add up at the arad are evaluated as one sound

event. The virtual source can be considered aisuiessource.

2. ‘Phantom sourcafter separate discrimination’:
The loudspeaker signals can be evaluated separately may form two separate

sound events which result in one auditory event.

The summing localisation theory assumes virtuatcasi(1) through a summing of the loud-

speaker signals at the ears (see section 3.6.1).
The association model by Theile (see section 3&&2)mes phantom sources (2).

A further third approach cannot be assigned to aniiese principles. The hypothesis of a

binaural decolouration that is applied to stereoyhsignals is discussed in section 3.6.3.

The different perception principles are introdugedection 3.6 after the following discussion
of the phantom source’s properties. From this poimwards, the term 'phantom source' will
be used for the stereophonic source, regardlessechssumed approach of the perception

mechanism.

3.5 Phantom source properties

3.5.1 Directional imaging

Two loudspeakers can create a phantom source. bedetime differences between the loud-
speaker signals determine the perceived directfaii® source. These interchannel differ-
ences can be chosen such that a particular phaswomnce direction will be created. The
mapping law (or ‘panning law’) between level andiore differences and the resulting phan-
tom source shift can be derived by empirical meshddhe lateral displacement of the phan-
tom source due to interchannel level differerskesand time differenceAt have been meas-
ured by various authors. Typical phantom sourct sbrves A, = f(AL) and Ay = f(At) are
plotted in Figure 3-4 and Figure 3-5. The phantaurse location is given as the shift from
the middle position relative to half the loudspeai@se. 100% phantom source shift corre-

sponds to a phantom source localised in one loadlspeThese figures also show that with-
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out a large error, a phantom source shift from 0985% can be assumed to be proportional

to the interchannel difference. Thus, in this calrdrea, a constant shift factor exists.
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Figure 3-4: from (Wittek and Theile,
2002): Relative phantom source shift A, =
f (AL). Dotted thick curve after (Wittek and
Theile, 2000b) with shift factor Z,. = 7.5

% /dB. The exact value in Wittek and
Theile (2000b) is 7.3%.

curve A: after Leakey (1960)

curve B: after Mertens (1965)

curve C: after Brittain and Leakey (1956)
curve D: after Simonsen cited by Williams
(2000)
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Figure 3-5: from (Wittek and Theile, 2002):
Relative phantom source shift Ay = f (At).
Dotted thick curve after (Wittek and Theile,
2000b) with shift factor Z,. = 13 %/0.1ms.
The exact value in Wittek and Theile
(2000b) is 12.7%.

curve A: after Leakey (1960)

curve B: after Mertens (1965)

curve D: after Simonsen cited by Williams
(2000)

curve E: after Sengpiel (2007b)

It has been shown (Williams, 1984; Theile, 199@k tthe phantom source shift can easily be
calculated. The calculation can be made indepelydehthe offset angle (see Figure 3-2) of
the stereo setup. This is because the relativetpimasource shift caused by a certain inter-
channel difference is independent of the offsetleaffheile, 2001; see also Martin et al.,
1999a). Therefore, it is given as a percent valere 100% corresponds to full phantom
source shift and localisation in one loudspeaked, @ corresponds to a localisation in the

centre between the two loudspeakers.

The calculation is also possible in cases wherenabmation of level and time difference is

effective. Thus, the phantom source shift A cacdleulated as follows:

A(AL, At) =A(AL) + A(At); (Theile, 1990); valid only for A < 75%

where
A(AL) =AL D7.3%/ dB:
A(At) = At El2.7%/ 0.1ms;
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This linear approximation fails when the resultsaurce shift exceeds approximately 75%. A
general approximation for the whole phantom sourase and all interchannel difference
combinations can be given when a multipart appratiom formula is applied (Wittek,
2000a, 2001a).

It is important at this point to identify the eqalignce of interchannel level and time differ-
ences in creating a phantom source shift. Althopgiantom source properties are potentially
different, the directional imaging curves depictdmbve show that both interchannel level and
time differences can produce phantom source syiftior instance, the process of ‘panning'
(assigning as mono signal to a certain directiom istereo mix) can be achieved by using

level differences as well as time differences oombination of level and time differences.

There is an apparent deviation between the data the different investigations quoted in
Figure 3-4 and Figure 3-5. This deviation is maicdysed by the use of different stimuli. It
can be shown that audio sources containing transignals are localised differently to more
static signals such as noise (Sengpiel, 2007cerAulkki (2001a), this is due to the in-
creased weight given to ITD cues in the frequeregyan 700-1700 Hz in the case of transient

signals, and the resulting localisation due todinection suggested by these cues.

It should be noted that lateralisation experimengs,those using headphone listening rather
than loudspeakers (Blauert, 1997), lead to reswitdrary to those described here regarding

the phantom source shift (see section 3.6.2).
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Figure 3-6: from Wittek (2000a): Azimuth and elevation of phantom sources. The diagram

shows the mean of the perceived horizontal as well as vertical directions of different phan-
tom sources including the 95% confidence interval of the mean. The two loudspeakers are
located at L=(-30°;0°) and R=(30°;0°). The Center loudspeaker (C) is inactive.
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A phantom source is located slightly above the hirveen the two loudspeakers, i.e. with a
certain elevation angle relative to the horizoplahe (see e.g. Theile, 1980). This phenome-
non cannot be explained by the principles of I@zdion in the median plane based on the
directional bands (Blauert, 1997). Theile (198Qkiprets the elevation as a consequence of
the association model. In Figure 3-6, measurenddritse azimuth and elevation directions of
phantom sources from (Wittek, 2000a) are presemtbith show the elevation in the median

plane.

3.5.2 Quality differences between level-panning and time-panning

The preceding chapter has shown that both level-tiame-differences lead to accurate phan-
tom source imaging in terms of the reproduced tioes. However, it is widely accepted that
there are differences in terms of the quality @f tproduced phantom sources. Time-panning
and time-difference stereophony are often presumeuioduce blurry and unstable phantom
sources. It is also accepted that time-differenicenfom sources tend to split into several
individual images. Theile (1991) argues that therel@se of the phantom source focus applies
to time-panning only when a time difference lartfean 0.2 ms is utilised. In (Rebscher and
Theile, 1990), a reduction in tligharpness of the image’s stated for this case. In his expla-
nation, which is introduced in detail in sectio6.3, the similarity between ear signals and
loudspeaker signals regarding time- and level diffees is important. Unnatural signals

would give rise to an increased image focus.

An experiment was recently undertaken by Lee anthd®y (2004), which examined the
differences between time, level and combined tievell panning. They investigated both the
image focus and width of the phantom source. liir tlesults, a considerable difference be-
tween these different panning methods was dete&ligdre 3-7a shows that the phantom
source was perceived most focussed with level panitess focussed with combined panning
and least focussed with time panning. It shouldneationed that the focus is generally rated
rather low for all phantom sources, but this iseosomewhat arbitrary scale. There is no
comparison with a single reference source, heraset results should be considered care-
fully. It is apparent that a perceptual differeegween the panning methods depends on the
phantom source shift, because for 0 % phantom sahidt there is no physical difference
between all panning methods. Lee and Rumsey oy she results for a phantom source at
roughly 20° (this means roughly 67 % phantoms sogitft), which tends to exaggerate the
detected differences when generalised to all pimarstources. Furthermore, the limit &f =

0.2 ms for stable time panning (as mentioned byil&dhes exceeded by both the combined
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and the time panning phantom sources. Hence, aafateon of time panning and combined

panning in general is not considered evident froism éxperiment.

The image width results of Lee and Rumsey corregpothat of the image focus.

Panning method vs. Sound source Panning method vs. Sound source
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Figure 3-7: from Lee and Rumsey (2004): Subjective comparison of different panning
techniques (phantom source at +20°, two-channel loudspeaker setup at +/- 30°). Attrib-

utes: a) image focus, b) image width. The mean of the data is shown.

‘time’: At = 0.5 ms; AL = 0 dB;
‘combi’: At = 0.25 ms; AL =4 dB;
‘intensity’: At = 0 ms; AL = 8 dB;

3.5.3 Sound colour

The properties of a phantom source are differemhfthose of a real source at the same loca-
tion. This was discussed in a number of investgati(e.g. Silzle and Theile, 1990; Pulkki,
2001b). The perceptual attributes that differ idellocatedness, localisation accuracy, image-
focus, width, sound colour and robustness. Thediffce in sound colour is regarded a key
parameter for an investigation into the percepti@chanism, as the effective ear spectra for
sound colour perception differ substantially betwektfferent perception mechanisms and
thus the perceived sound colour would enable algsion on the applied perception mecha-

nism (see 3.5.4).

First, the ear spectra will be analysed, beingionqmrtant physical basis for the perception of

the sound colour.
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Figure 3-8: Generation of ear signals in a stan- Figure 3-9: Sketches of the ear signals in

dard stereo setup. H.. and Hgr are the ipsilat- the time domain:

eral®, Hr and Hg, the contralateral® ear signals. a) Simplified sketch of the ear signals

A virtual source and its ear signals (H. and Hg) arising from stereophonic reproduction as

are shown which is at the same location as the in Figure 3-8 (produced by level panning)

phantom source (produced by level panning). b) Simplified sketch of the ear signals
arising from the ideal substitute source in
Figure 3-8 which is at the same position

as the phantom source in a)

Figure 3-8 shows a standard stereo setup simil&igore 3-2. Here, the signal paths from
loudspeakers to ears are drawn such that thetgsilgsolid lines) and the contralateral (dot-
ted lines) ear signals can be differentiated. Aengxary ‘ideal’ substitute source would be
localised at the illustrated location and createréd source-ear paths. Figure 3-9 shows the
corresponding illustration of the ear signals ia ttme domain. The signals are shown for a
level-panned phantom source. The contributiondiefloudspeakers can be identified in the

time domain illustration. At each ear, the ipsitatdoudspeaker creates the first signal and

® |psilateral ear = the ear at the same side as $barce. Contralateral ear = the ear at the
other side of the source
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the contralateral loudspeaker signal arrives dftercorresponding interaural time difference.
The level of these contributions depends on thel kbadowing as well as the interchannel
level difference. The summing of the loudspeakgnalis at the ears and the resulting comb
filtering can be retraced. The comb filter's prdjwer depend on the time difference between

the superimposed signals and their level difference

The ear signals can further be analysed by a stroaolaf the binaural room transfer functions
(BRTF) which represent the spectrum of the earadgjoreated by a source or a certain loud-
speaker setup in a room (in this case an anechaimloer). Figure 3-11 (top diagram) shows
the resulting BRTF for a level-panned phantom seuFegure 3-10 (top diagram) shows the
BRTF of a real source at the same position as liaatpom source. The comparison is easier
by means of the bottom diagram in Figure 3-11héves the difference between these spec-
tra. The strong comb filtering in the contralatezal signal is apparent (see Figure 3-9a, left

ear). The strong first notch is at f = 1.7 kHz.
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Figure 3-10: Real source 15° on the right. Figure 3-11: Standard stereo setup,
AL(L/R)= -7dB.
red: ipsilateral (right) ear signal red: ipsilateral (right) ear signal
blue: contralateral (left) ear signal blue: contralateral (left) ear signal

Top diagrams: binaural room transfer function (BRTF), bottom diagrams: difference be-
tween this BRTF and the BRTF of a real source at the same location. The level on the y-axis

is given in dB.

Sound colour perception in stereophony has sodabeen studied in great detail. Silzle and
Theile (1990) compared a real source and phantamtaes created by loudspeaker setups of

different offset angle in order to study the infige of the offset angle on the attributes sound
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colour and image focus. Their results are showRigure 3-12a (sound colour) and Figure

3-12b (image focus).
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Figure 3-12: from Silzle and Theile (1990): Comparison of a real source at 0° and a phan-
tom source (At, AL = 0) reproduced on loudspeaker setups of different offset angle (0°,
+30°, +15°, + 6.5°). Attributes: a) sound colour, b) image focus. Test signals: voice (S),
noise (R), music (M). The bars show the mean and the 95% confidence interval on a 5-

grade-scale (5=no difference, 1=very different).

It can be seen that both sound colour and focusalfand phantom sources are significantly
different in all test cases. The results are degeihdn the test signal. The trend of the data for
voice and noise shows that the sound colour seemedrease in similarity to the real source
with a decreasing offset angle of the loudspeadtips The focus does not show a significant

dependence on the chosen offset angle.

The most precise investigations regarding phantourcg colouration were undertaken by
Pulkki (2001c) and Ono et al. (2001, 2002). In ¢hizsvestigations, the perceived sound col-
our was measured by a ‘method of adjustment’ the.subjects could adjust (‘equalise’) the
spectrum of the virtual source stimulus by narrowbilters such that the perceived timbre
matched that of the real source. The timbral diffiee between real source and phantom
source could thus be measured. Simultaneouslyedhesignals were recorded by miniature
microphones at the ear canal entrance. This asabjdihe actual ear signals revealed if the

measured timbral differences were caused by thetrspelifferences in the ear signals.

Figure 3-13 and Figure 3-14 show one result ofdlsadies. The graphs show the ‘compos-
ite loudness level (CLL) difference’ which can berpreted as the remaining spectral differ-
ence between a real and a virtual source afterlibeg been brought in accordance regarding
the perceived sound colour. In this example, a f@mrsource between the loudspeakers at 0°
is considered. Both in the case of narrowband (€i@+13) and wideband sources (Figure
3-14) a significant spectral difference exists, meg that the perception of the virtual source
differs compared with real source perception. Tiegdency at which the largest mismatch

arises (around 1.7 kHz) matches the detected stsbmgtch in the ear signal spectrum shown
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in Figure 3-11 (bottom diagram). This means thatdfnong notch produced by comb filtering

was not perceived to the same extent as it coufatdaticted from the ear signals.

Ono’s investigations also considered virtual sosiceated by large time delays (2 and 4 ms)
between the stereo loudspeakers. In these casesothb filtering was again perceived less

than predicted by the ear spectra.

These results underline the need for alternatiterpnetations of stereophonic perception, as
they point to a mismatch of expected/predicted peteived sound colour of the phantom

source.
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Figure 3-13: from (Ono et al., 2001): ‘*Com- Figure 3-14: from (Ono et al., 2002): ‘Com-

posite loudness level (CLL) difference’ be- posite loudness level (CLL) difference’ be-
tween real and virtual sources for bandlim- tween real and virtual sources for wideband
ited(narrowband) noise. noise.

The CLL is gathered by an adjustment of levels between a real and a virtual source. Thus it
can be considered the remaining spectral difference between timbrally equal real and vir-
tual sources. The boxes show the median and the 25% and 75% quartiles of the CLL. The

adjusted gain is plotted by the thin line (in dB).

3.5.4 Distance

A stereophonic setup can synthesise the distanttegihantom source as long as the crucial
cues for distance perception are correctly repredudhese were introduced in chapter 2.5.
According to the classification of cues describleere, the available cues in stereo are 2D,
and partly also 3D cues. The 2D cues (monaural: deresl, direct-to-reverberant energy ra-
tio, frequency spectrum, interaction with other +amoustical cues) can be reproduced in
stereophonic and even monophonic reproduction ([@h2001). The 3D cues (reflection pat-

tern, binaural differences) can only partially benoduced in stereo. The binaural differences
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due to source distance cannot be created becausmuttspeaker distance is constant, and the
correct wave front curvature (= wave front curvataccording to the desired distance) of the

phantom source is not synthesised.

The creation of a reflection pattern according twatural source is possible as long as lateral
reflections can be reproduced (Theile, 2001; Guigei, 2001). This is possible in multichan-

nel stereo, as shown in Figure 3-15. In this figtine reflection patterns produced by the two
stereo configurations are illustrated. It can bensenat correct lateral reflections can be re-

produced as long as loudspeakers are presensidithction.

A B
2/0-Stereo 3/2-Stereo

Figure 3-15: from Theile (2001): Spatial and temporal distribution of the reflection pattern.
Two different stereophonic standard setups are shown: two-channel stereo (2/0; A) and
multichannel surround (3/2 stereo; B). The diagrams show the spatial distribution of the
direct sound (red dot) and the reflections (green dots). Moreover, a time axis is installed
which proceeds from the centre of the circle outwards. Hence, timing and spacing of the

reproduced reflection pattern are illustrated.

The 2%D cues cannot be reproduced in stereo. Thetidinal imaging in stereo is based on
level and time differences which depend on thettistg position (Wittek, 2001a). This means
that stereo creates a ‘sweet spot’, i.e. a sirgglation at which the desired directional image
is perceived. Listening positions outside this tasawill result in a distorted directional im-

age. Stereophonic reproduction cannot provide codistance perception cues for a moving
listener. When stereophonic reproduction is intenfile an extended listening area, certain
measures can be taken in order to avoid a distyidistortion of the directional image at the
cost of the spatial fidelity. An example is cinemdnere only the centre channel is used for

the dialogue in order to prevent an erroneous ikat#bn for the audience.
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Distances closer than the distance of the loudgwealannot be reproduced in stereo.

3.6 Perception theory

3.6.1 Summing localisation

The generally accepted theory to explain the aveaif a phantom source is that of ‘summing
localisation’. According to this theory, stereopiiomorks due to a physical summing of the
two loudspeaker signals building a virtual sou®e@mming localisation has been investigated
for a considerable amount of time, for example kyBber (1940) and Wendt (1963), for

other sources see Blauert (1997).

The expression ‘summing localisation’ describesvilag in which stereophonic perception is
considered: the virtual source is understood ashatsute sound source. The sum of the two
loudspeaker signals at each ear entrance formsatime binaural localisation cues as would
be created by a correspondingly located real loedsgr. This was first described by Blum-
lein (1933, see section 3.3), who derived stereoigshpanning and microphone recording
laws based on theoretical considerations. In aaiditihe theory of ambisonics, invented and
described by Gerzon (1973), is based on the astampit a perceptually relevant summing
of the loudspeaker signals. Consequently, the pharstource in this case would be better
called a virtual source, because the sound fieli@Eource is assumed to be reconstructed in
a sufficiently accurate way (see section 3.4).dntast, the term ‘phantom source’ describes
a perceived auditory event which is not based tate@ natural binaural cues. Rather, it is
assumed to result from coactions of specific meisias of the auditory system which have

developed during natural listening, see sectior23.6

Physical synthesis through level-panning

It can be shown that the summing of two or morelépeaker signals can lead to a wave field
which is congruent to that of a real source in dage direction. As described by Blumlein
(1933), this is true (though with constraints) fevel-panned virtual sources and thus for
coincident microphone recording. In the centre l# tistening area (the infinitely small
‘sweet spot’), the sound field is correctly syniked for all frequencies. Due to the dimen-
sion of the listener’'s head, in real listening sloeind field is only correct up to a certain limit
frequency of around 1000 Hz. For these low freqgig=m¢he well known ‘stereophonic law of
sines’ determines the direction of the createduslrsource (see e.g. Lipshitz, 1986). This
formula is mathematically derived through a simetifmodel of the head geometry, without

any consideration of head shadowing.
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Stereophonic law of sines:

L+R

sing= sing;

where:

L, R are the gains of the left and right loudspeske
@is the angle of the virtual source,

@ is the angle of the loudspeakers, see Figure 3-2.

The meaning of the physical reconstruction of ac®a wave field can be illustrated by the
snhapshots of a 500 Hz sine wave reproduced in aZZmroom. The real source (Figure 3-16)
is located at the position (x;y) = (0.43;0). Theysshot shows the resulting sound pressure
distribution in the room after the sine wave hasweated from the source. The grey-shading
corresponds to the amplitude of the wave. The twldpeakers of the stereo setup (Figure
3-17) are located at the positions)(86;0) and (0.86;0). The virtual source is shifiethe
right by an interchannel level differen8&(L/R) of —7 dB. Consequently, the location of real

source and virtual source are roughly the same.

The comparison of real and virtual source showscthormity of the wave fields, albeit
only for a small area of correct synthesis, ang éo low frequencies such as in these simu-

lations.

Another representation helps to analyse frequeepgddent characteristics of the virtual
source. The interaural time difference (ITD) carcbasidered the peak of the interaural cross
correlation (IACC). In Figure 3-18 the IACC of a real source at fiht from the median
plane is shown. In this and all other simulatidhs, listener is located in the sweet spot and
his head aims forward. The positive maximum of BR€C, which can be considered the
perceived ITD, is highlighted in red. The constrmd in each of the low and high frequency

regions is clearly visible.

" IACC: Interaural Cross Correlation. The IACC show similarity between the two ear
signals for each frequency band. The frequencytibg® time offset of the highest positive
peak of the IACC can be interpreted the interadirake difference ITD. Thus, the IACC can
help in analysing the goodness of the match oflTie being an important parameter for
source localisation. IACC simulations of WFS vittgaurces were proposed by Wegmann
(2005).
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Figure 3-16: Snapshot of the pressure field

of a 500 Hz sine wave reproduced by a sin-

gle, real source at 15°.

The head of the listener in the sweet spot is
marked by the purple circle.
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Figure 3-18: IACC of a real source at 15°.
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Figure 3-17: Snapshot of the pressure field
of a 500 Hz sine wave reproduced by a stan-
dard stereo setup (At(L/R)= 0 ms; AL(L/R)=
-7 dB). The head of the listener in the sweet
spot is marked by the purple circle.
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Figure 3-19: IACC of a level-panned phan-
tom source, standard stereo setup.
At(L/R)= 0 ms. AL(L/R)= -7dB.

The positive maximum of the IACC, which can be considered the perceived ITD, is high-

lighted in red colour. Only the positive values of the IACC are shown for a better transpar-
ency of the representation. The grey-shading shows the amplitude of the IACC from dark to
white. The IACC was normalised at each frequency band.
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In Figure 3-19, the IACC of a level-panned phantwurce in the same direction is shown. A
defect of the ITD above approximately 1500 Hz ipaent. Due to the influence of head
shadowing above this frequency, summing of thes&grals does not occur, and only the
ipsilateral loudspeaker signals are valid. Consetiyiethe ITD is similar to the interchannel

time differenceAt. For level-panned sourcés is 0. Taking into account the known property
of the auditory system to rely on interaural legiglerences (ILD) at higher frequencies this

may not have a negative effect.

Figure 3-10 shows the BRTF (ear spectrum) of aseafce at 15° to the right of the median

plane as a reference. From Figure 3-11, which shbeevel-panned phantom source in the
same direction, the deviations in the frequencyparse can be deduced. The simulation of
the normalised BRTF (bottom diagrams) shows thes&tons. The frequency region below

approximately 1500 Hz is synthesised almost pdyfeabove 1500 Hz the crucial ILD is still

present, even though suffering from modest conbériiilg.

These analyses can be complemented by investigatitmthe resulting directional image of
the phantom sources. Pulkki performed several ssudipplying level-panned phantom
sources and various types of narrow- and broadbtmali (Pulkki et al., 1999a, 1999b). The
experimental result from (Pulkki and Karjalaine®02c) is depicted in Figure 3-20, which
shows the interchannel level difference necessara fohantom source shift of 15°. The test
signals are noise bursts in 1/3-octave bands. it vertical axis shows level differences,
the left vertical axis gives the corresponding te&oal phantom source shift. The theoretical
source shift is calculated using the ‘tangent lawhich gives a slightly more precise ap-
proximation compared with the mentioned ‘law ofesih This is due to an incorporation of
the circular head shape and the corresponding watles. It can be seen that an agreement

between theory and experimental results existiéguencies below 1000 Hz.

For frequencies above 1000 Hz, the tangent law doekad to good agreement. This could
potentially be less relevant due to the increasmgprtance of ILD for localisation at higher
frequencies. It is known that ITD are evaluated dts higher frequencies, by an interpreta-
tion of the stimulus envelopes (Blauert, 1997). Idaer, the ILD can override the ITD at
higher frequencies, as shown by Wightman and Kigd890), even more in the case of a
consistent ILD and inconsistent ITD. Figure 3-1bwhk some similarity between real source
and virtual source transfer functions regarding high-frequency ILD. Pulkki and Kar-
jalainen (2001c) incorporated an analysis basetherexisting directional cues for the real
source case. In Figure 3-21, the ITD and ILD amvedted such that they represent the corre-
sponding angle at which a real source would belisathwhen it had these differences. An

ideal virtual source would have cues corresponttirihose of a real source at a certain angle
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at all frequencies. Figure 3-21 shows that thel{paaned virtual source does not fulfil this
requirement. However, it shows a good agreemenh®flTD cues for frequencies below
1000 Hz and also a good agreement of ILD cues rigiuencies above 3500 Hz. Conse-
guently, it can be argued that the relevant cugisdése two frequency regions are synthesised

correctly and therefore provide a successful Isatiln.
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Figure 3-20: from Pulkki and Karjalainen Figure 3-21: from Pulkki and Karjalainen
(2001c): Adjusted interchannel level differ- (2001c): The results from Figure 3-20 are

ence (right axis) on a standard stereo setup converted into ‘auditory cue angles’ by com-

to match the location of a 15° real source. paring them with the auditory cues (ITD,
Left axis gives theoretical panning angle ILD) of a real source. Hence, the results
after the tangent law. Test signal: 1/3- show the agreement of the special level-
octave filtered noise bursts. panned virtual source created by the level
The boxes show the median and the 25% differences from Figure 3-20 with a real

and 75% quartiles. source at 15° regarding ITD cues (triangles)

and ILD cues (circles).

Auditory cues simulation was conducted
with 20 individual HRTF sets, symmetrically
to left and right side. The mean and the 95%
confidence interval of the data are shown.

Physical synthesis through time-panning

As depicted in section 3.5.1, both level- and tipagning are suitable for the directional im-
aging of a phantom source. To a certain exters,dhservation disagrees with the theory of
summing localisation. Although it is well-known thaure time-panning results in more un-
stable and blurry phantom sources {fr> 0.2 ms; see Theile, 1991; Rebscher and Theile,
1990), the general functioning of interchannel tidiéferences for stereophonic imaging
seems to be apparent. Stereophonic microphonesseteating combined level and time dif-
ferences are known for their favourable propenteggmrding the localisation of the resulting

phantom sources. The mathematic derivation (sed.ipghitz, 1986), however, does not lead
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to this conclusion. A fundamental difference of tigpe of stereophonic perception may

therefore be discussed.

Both combined time- and level-panning as well a®pgime-panning are discussed based on
the analytical descriptions of the preceding sectithe created phantom source still is ap-

proximately 15° on the right side of the mediamplaThe location of the phantom sources is

calculated based on the experimental results ofeWi(2001a, see 3.5.1 and Figure 3-4,

Figure 3-5). The wavefield snapshots from Figurg23and Figure 3-23 show that with in-

creasing time difference the wave field loosesiitslarity to the real source case.
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Figure 3-22: Snapshot pressure field of a
500 Hz-Sine wave reproduced on a standard
stereo setup.

At(L/R)= 0.2 ms; AL(L/R)= -3.5 dB.

The head of the listener is marked by the
purple circle.
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Figure 3-23: Snapshot pressure field of a
500 Hz-Sine wave reproduced on a stan-
dard stereo setup.

At(L/R)= 0.4 ms; AL(L/R)= 0 dB.

The head of the listener is marked by the
purple circle.

This failure is even more apparent when Figure 2124 Figure 3-25 are analysed: with de-

creasing interchannel level difference, the lovgirency ITD gets lost compared with the real

source in Figure 3-18. It can be shown by calooietithat the interchannel time difference

has virtually no impact on the low frequency ITD.
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Figure 3-24: IACC of a phantom source
produced by combined level- and time-
panning, standard stereo setup.
At(L/R)= 0.2 ms; AL(L/R)= -3.5 dB.
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Figure 3-25: IACC of a time-panned phan-
tom source, standard stereo setup.
At(L/R)= 0.4 ms; AL(L/R)= 0 dB.
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Figure 3-26: Standard stereo setup.
At(L/R)= 0.2 ms; AL(L/R)= -3.5 dB.

red: ipsilateral (right) ear signal

blue: contralateral (left) ear signal
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Figure 3-27: Standard stereo setup.
At(L/R)= 0.4 ms; AL(L/R)= 0 dB.

red: ipsilateral (right) ear signal

blue: contralateral (left) ear signal

Top diagram: binaural room transfer function (BRTF), bottom diagram: difference between
this BRTF and the BRTF of a real source at the same location. The level on the y-axis is

given in dB.
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For frequencies above ca. 3 kHz, the ITDs are amrgrwith the interchannel time differ-
ences due to the influence of head shadowing wirietents the summing of the loudspeaker
signals. This means that time-pannifd,{x > 1 ms) can also create high frequency ITDs
which are larger than in reality\,.x ~ 60Qus). In the case of combined time- and level-
panning, a smaller interchannel time differencereated, and therefore, a close to natural
high-frequency ITD can be produced. Natural ITDs produced by means of stereophonic
microphone setups that are spaced in ear distasci®r example the ORTF setup (2 cardi-
oids at 110°, spaced by 17 cm). In the same walyigaer frequencies, the interchannel level
differenceAL mainly determines the ILD. Hence, natural ILDg @roduced by setups pro-
ducingAL similar to natural listening. Theile (1991) sugtgethe sphere microphone to pro-
duce natural phantom source imaging because giritgerty of producing ear signal-like
interchannel differences, whilst at the same tiv@iding the colouration that would be pro-

duced by the pinna and ear canal of an actual duheayg.

The analysis of the created ILD is shown in Fig#26 and Figure 3-27. The ipsilateral ear
signal (right ear, red colour) is weaker than ie tase of the real source, and prone to comb
filtering. The top pictures show that the contratat ear (left ear, blue colour) has a higher

level than the ipsilateral ear in more or less Orivaquency regions.

Both the pure time-panning phantom source as wgethe phantom source derived by a com-
bined time- and level-panning show no agreemenvdxat physical data and empirical ob-
servations regarding directional imaging (see eac8.5.1 and Figure 3-4, Figure 3-5). Nei-
ther the low frequency ITD nor the high frequentip Icontain any evidence for the actually
perceived phantom source direction. High frequdii€y cues are potentially more adequate
than in the case of level-panned phantom sourceseker, neither the ITD nor the ILD data
observed with pure time-panning or combined timed Bevel-panning are comparable with

corresponding real source data.

In Figure 3-28 and Figure 3-29 the IACC of a phansource is simulated that actually con-
tains sufficient low frequency ITD cues as wellthigequency ILD cues to match the cues of
a real source at 15°. In contrast to the expeditdaV source location this source is actually
localised at 25° (calculated after Wittek, 200X section 3.5.1).
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Figure 3-28: Standard stereo setup. Figure 3-29: Standard stereo setup.
At(L/R)= 0.35 ms; AL(L/R)= -6 dB. At(L/R)= 0.35 ms; AL(L/R)= -6 dB.
The source is localised at 25°. The source is localised at 25°.
IACC of a phantom source produced by red: ipsilateral (right) ear signal
combined level- and time-panning blue: contralateral (left) ear signal

top diagram: binaural room transfer func-
tion (BRTF), bottom diagram: difference
between this BRTF and the BRTF of a real
source at the same location. The level on
the y-axis is given in dB.

3.6.2 Association model by Theile

Theile suggested an explanation for the descritbesh@mena of stereophonic perception as
early as in 1980 with his ‘association model’ (Te&i980, 1991). It is assumed that the func-
tion of the auditory spatial system is based on different processing mechanisms, each of
them in the form of an associatively guided pattsgtection. A stimulus stemming from a
sufficiently broadband sound source gives rise kacation associationn the first, and to a
gestalf associatiorin the second, higher-level processing stage baseaiditory experience.
These two stages jointly determine in every instathe properties of one or multiple simul-

taneous auditory events. They can be attributetthéotwo characteristics of ‘location” and

® For a definition of the ‘gestalt’ see chapter 2.2
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‘gestalt’, and they are independent of each othéahvays occur in pairs. Figure 3-30 shows

the functional principle of the association model.

1
I other specific systems (visual, tactile) |
A

non—-specific system

e

[
Ear signal N Filter- Location Gestalt
! |/ bank r—/ determining determining Auditory
| associative associative event
E'“—J_ | % Filter- —J\ pattern pattern 1
Ak=ne sl bank |/  selection selection 1
I |
: Peripheral Location assaociation  Gestalt association i’
; stage stage stage |
Le———— — — Auditory system e e s ————— — .

Figure 3-30: from Theile (1980): Functional principle of Theile’s association model

The association model interprets localisation gsaxess of the selection of a localisation
stimulus. A localisation stimulus will exist if didiently broadband ear signals can be
mapped to a single sound event location in termthef temporal and spectral properties.
Under certain conditions, at least two localisastimuli can be discriminated simultaneously
in the superimposed sound field. Two individuademtifiable localisation stimuli can lead to
a single auditory event location. The fundamenifé&i@nce between this and summing local-
isation theories is the suggested ability of thditauwy system to separately discriminate the

two loudspeaker locations in a stereophonic setup.

The association is divided into two associatiomesa Thdocation association stagaetects
the source locations (‘Where are the loudspeaKerBRie to a spontaneous analysis for a
known ‘binaural correlation pattern’ of ear sigpairs belonging to a distinct source location,
the auditory system discriminates the source lonati(effect of the location association
stage). When the loudspeakers radiate sufficiemhflar signals (‘What are the loudspeakers

radiating?’, effect of the gestalt association sjathey result in a common auditory event.

As a result, the phantom source is not underste@sabstitute sound source. The denomina-
tion ‘phantom source’ implies the general differenic a substitute sound source. The phan-
tom source is understood as a fusion process ofitff@rent localisation stimuli. Due to the

inverse filtering process of the location assooratstage postulated in (Theile, 1980), the

relations between the left and right loudspeakgnads are recognised independent of the
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binaural crosstalk outlined in Figure 3-31. Intenchel level and/or time differences deter-
mine the lateral displacement of the phantom soirdbe same way as during headphone
listening. This understanding offers new approadbeghe explanation of phantom source

phenomena, such as perceived direction, distafegt®n, colouration and stability.
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Figure 3-31: from Theile (1980): The summing of the loudspeaker signals at each ear leads
to comb filtering which does not result in corresponding colouration of the phantom source.
This is one objection against summing localisation theories, compare Figure 3-9 and Figure
3-11.

An important question for this investigation is fperception of colouration due to comb fil-
tering. The comb filtering is created by the sunmgniri the loudspeaker signals at the ears as
illustrated in Figure 3-31. Figure 3-9 also shols treation of comb filtering. In that case, a
successful detection of the binaural pattern ohdaadspeaker signal would mean an effec-
tive grouping of signals according to the dashewves. Consequently, for perception, a
summing of signals at each ear does not take pllathe case of complete spatial decoding,
an inverse HRTF filtering process is effective, aémg sound colour is determined by the av-
erage spectrum of the two signals that the twodpeedkers individually produce. Thus, the
comb filter colouration is suppressed. In his ekpents, Theile showed that the suppression
of colouration is dependent on the degree of compéss of the localisation stimulus dis-
crimination. If this mechanism is impaired, theuleent spectra will have the effect postu-
lated by the summing localisation principle. Thengition between impaired and unimpaired

localisation stimulus selection is continuous.

Although Theile’s model was discussed (e.g. in Bigul997), it has not yet gained broad
acceptance. This is because it offers a more geunedarstanding of a broad scope of phe-
nomena in spatial hearing; however, it does nat teaa direct and possible-to-prove applica-

tion. It postulates a perceptual mechanism thataaeasily be verified.
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Recently, Gernemann-Paulsen et al. (2006) discussedssociation model in a neuroscien-
tific regard and collected a number of relevantligations. They came to the interesting con-
clusion that in spite of a number of open questitins concept of the association model is
valid, and can be related to current neurosciemtésearch. For instance, they quoted investi-
gations about the so called ‘what’ and ‘where’-alnela which are discussed in research about
visual perception. The processing in these chammalswork similarly to the proposed proc-

essing in the location (= where) and gestalt (=tjvAssociation stage.

Interpretation of phenomena by the association model
The association model provides a straightforwanglamation of several phenomena of audi-
tory perception. Although the following hypotheticeasoning is not evident, it makes a con-

sistent picture and therefore supports the validitthe association model.

After Theile, the differentiation of the two stinugl evaluation stages corresponds entirely to
the two elementary areas of auditory experience. ddr signals can be attributed to the two
sound source characteristics location and gestdlich are independent of each other but
always occur pairwise. Therefore, the associatiodehis in agreement with many phenom-

ena related to localisation in the superimposeaddield and thus offers approaches for an

explanation:
1) Phantom sources

As described in section 3.6.1, the interpretatibrthe phantom source as a substitute real
sound source leads to discrepancies. Ratheratsamed that due to different source loca-
tions, the auditory system can discriminate the@gignals (effect of the location associa-
tion stage). After the spatial decoding the stinaué fused, because the loudspeakers radiate
sufficiently similar signals (effect of the gestalisociation stage). This interpretation of the
perception of stereophonic source leads to a fuedgatly different prediction of sound col-
our perception. The suppression of comb filtering be explained as well as the functioning

of the directional imaging on a stereo setup.
2) Precedence effect

The precedence effedit(> 2 ms) and ‘summing localisation’ (0 |\t < 1 ms) are defined

in different time delay regions. However, both pbrena can be traced back to the same
evaluation of stimulus responses in the locatiGoastion stage. The signals of two sources
exhibiting different incidence times result in twon-simultaneous localisation stimuli. The
created (separate) localisation stimuli arrivehatdgestalt association stage one after the other.

In the superimposed sound field, the location datioo stage acts as a filter enabling the
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discrimination of the source signals. Then, theepgmurce signals can be evaluated in the
following gestalt association stage. The signaésiaterpreted due to their time difference
similar to natural hearing. Hence, both the dimwi imaging forAt < 1 ms and the inhibi-
tion for At > 2 ms correspond to natural hearing. The prewaleffect can be interpreted as a
precedence of the first localisation stimulus (Thel980:“law of the first localisation stimu-

lus”).
3) Cocktall party effect

The ‘cocktail party effect’ implies that in binaliteearing a target signal arriving from a cer-
tain direction will not be masked by an interfergignal arriving from a different direction to

the same degree as in monaural listening. Thisgghenon can be explained by the effect of
the location association stage. Two different sosogrces emanating different signals give
rise to two different location associations as vealltwo different gestalt associations. The
two resultant auditory events therefore occur atéwo-stage selection from which the larg-
est possible resolution derives. When listening awally, the selection effect of the location
association stage is reduced significantly. Thejaioneffect of the two processing stages,
which are determined by the elementary areas dfaydxperience, can be particularly well

illustrated by the cocktail party effect.
4) Lateralisation

Lateralisation (= the mapping of auditory event amghal in headphone listening) should be
regarded as different from localisation in termstled perception process and the resulting
perceptual properties. The localisation of a sosadrce requires source distance, which
equals zero in the case of headphone listeninggpexehen sufficiently complete binaural
signals (e.g. dummy head recordings) are reprodudeetefore, in lateralisation, the created
phantom source is inside the head. Furthermorsuhstitute sound source can be created, as
a natural source with zero distance does not eieice, lateralisation experiments can only
provide information about the function of the géstasociation stage. The localisation stage
discriminates the two source (ear) signals sefdgratel forwards them to the gestalt associa-

tion stage.

As a basic principle, lateralisation experimentsngo allow any conclusions to be drawn on
the functioning of the auditory system when lodatisa single sound source (because in this
case only one localisation stimulus exists). Rattihay illustrate psychoacoustic properties of
a ‘phantom source inside the head’ (loudspeakeartie = 0). In general, the evaluation of

different ear signals deriving from one sound sewannot be investigated by means of two
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sound sources that are at too small a distance thenears. Headphone-based listening tests
are listening tests with two sound sources, exedm@n dummy head (=binaural) signals are

presented (in which case a substitute sound soaes exist).
5) Effect of narrowband signals

The functioning of the auditory system with respecthe localisation of a sound source can
only be investigated under ‘localisation conditior@3ne prerequisite is that the sound event
exhibits a broadband frequency spectrum. The perakprocess leading to the localisation
can only take place if the spectral characterisgltsyv a mapping of the auditory event dis-
tance. When the bandwidth is reduced below a celitait, a localisation does not exist and

the ear signals are interpreted as two localisationuli similar to lateralisation.

3.6.3 Binaural decolouration

Other than Theile and his association model, taegeother investigations which also address
the phenomenon described above. The expressioauit@hdecolouration’ is often used in
this context. It is defined as the ‘suppressiorremuction of colouration through binaural
mechanisms’ (after Brliggen 2001a, 2001b; Salomb®85). The consequences of this ap-
proach are similar to Theile’s spatial decodingcess and associated HRTF filtering. How-
ever, in the case of two coherent sound sourcesi|eThuggests the segregation of the differ-
ent streams as a precondition for the decolouralibis is not necessarily assumed by others.
It can also be considered a binaural advantage wltiegr aspects of perception improve
compared to monaural hearing. Briiggen presumesoti@internal spectrum is responsible
for timbre perception and that this spectrum idthay the mean of the two ear signals. The
mean apparently has the property to smoothen gpadifferences because the peaks and
notches are different for the two ears in most £abe idea of an internal spectrum or ‘cen-
tral spectrum’ is utilised by Bilsen (1977), Zurgl®79), Kates (1985), Raatgever and Bilsen
(1986) and others. These investigations deal viiéhphenomena binaural echo suppression
and repetition pitch rather than stereophonic g#roe, but it is interesting to investigate

their approach in this context. This is performedthie experiment described in chapter 8.

Binaural decolouration is understood as the sowtduc improvement when listening with

two ears as compared to with only one, see FigeB2. 3he rationale is that two ears can
better resolve the incidence angle of reflectidmather words, decolouration means that the
negative influence of reflections is suppressed bgrtain degree. A sound field consisting of
discrete sound signals from different directionsnastereophony could be considered similar

and could also gain from decolouration.
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In contrast, the colouration caused by spatialsalgin WFS is not produced by discrete
signals from discrete directions, but rather frorangn signals merging to a dense signal.
Hence, decolouration does not apply in the samenarato WFS. Chapter 8 shows experi-

mental results on this topic.

Decolouration therefore is also defined and usddigthesis as the ‘suppression or reduction
of colouration through a successful segregatiodistinct signals’ as opposed to the colour-

ation caused by a sound field consisting of sigtials cannot be segregated

sound
source

dichotic

surfoce

Figure 3-32: from Zurek (1979): Schematic illustration of an experimental setup for testing

the binaural advantage for echo suppression.
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3.7 Summary of chapter 3

Stereo is apparently more than just a two chanrieéS\W he unique properties of stereophonic
reproduction have been recognised from the verynbety of stereophonic history. They
qualify stereo for spatial sound reproduction dfiigh spatial and timbral fidelity. Hence,
stereo can be considered a spatial data redugtgiamns of high efficiency, because a small
number of channels contains complex informatiorspatial properties in a rather high reso-

lution.

The specific properties of stereophonic reproductiegarding the directional imaging, the

sound colour reproduction and the distance permepbi&ve been discussed.

It was attempted to find a link between the obsgp®perties and the underlying perception
mechanism applied by the auditory system. Diffeegrgroaches for perception theories have
been presented and their potential to explain #seribed phenomena has been discussed. All
perception theories still leave open questions diacrepancies in their interpretation of the

perceptual properties of phantom sources.

Two main directions in explaining stereophonic pet®mn exist. The first theory assumes a
summing of the loudspeaker signals in a way thatstimmed sound field equals the sound
field of real sources with regard to the decisivealisation parameters. This theory is called
summing localisation. The other theory implies alhdity of the auditory system to segregate
between the loudspeaker signals and thus to betalpeocess the different streams inde-
pendently. In the case of coherent loudspeakerksiga fusion takes place that results in the
perception of only one auditory event. This theisrgalled the association model by Theile
(1980).
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4. Wavefield synthesis and its properties

4.1 Introduction

This chapter introduces the basic principles ampenties of sound fields created by wave-
field synthesis (WFS). WFS is a sound reproductémmnique with great potential as well as
inherent reproduction errors. The discussion hgiité both by reviewing the existing litera-

ture.

The properties are discussed from different petgmec After this introduction, the physical

background and physical properties (including aded) are described (section 4.2). The
properties with regard to perception are analyseskection 4.3. A focus is put on the attrib-
utes investigated in this thesis, namely the atteib of localisation, sound colour and distance

perception. The chapter is summarised in sectién 4.

4.2 Basic principles and theoretical background of the wavefield syn-

thesis concept

4.2.1 Theoretical origin

The Huygen$principle states that each point of a wave fram be considered the starting
point of a new elementary wave. After the HuygeresRel principle, the wave front as a
whole can be considered the sum of all the elemgntaves that are created on a surface

surrounding the source.

An illustration of this principle is presented iig&re 4-1a. The blue wave front arises from
the source S. The wave front can also be considaeedum of all elementary waves on the
surface O. Through knowledge of the wave front lom g$urface O, the wave field at every

point P can be calculated.

° From Born and Wolf (1975): "According to Huygeoshstruction, every point of a wave-
front may be considered as a centre of a secondiatyrbance which gives rise to spherical
wavelets, and the wave front at any later instaal rhe regarded as the envelope of these
wavelets. Fresnel was able to account for diff@ttby supplementing Huygens' construction
with the postulate that the secondary wavelets allytinterfere. This combination of Huy-
gens' construction with the principle of interfeceris called Huygens-Fresnel Principle.”
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The idea of wavefield synthesis (WFS) is to repldeeelementary waves on the surface O by
secondary sources, i.e. by single loudspeakerswHve field in the point P can in principle

be synthesised by a superposition of all loudspesigaals (Figure 4-1b).

a) Huygens-Fresnel principle b) Wavefield synthesis

Figure 4-1: from Theile et al. (2003): Illustration of the theoretical origin of wavefield

synthesis
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with
r = point inside S,

= angular frequency,

k = angular wavenumber: k= 277//] ,

P(r,w) = Fourier transformed pressure dis-

tribution on S due to primary sources out-
side S.

Figure 4-2: from Berkhout et al. (1993): Kirchhoff-Helmholtz integral and corresponding
geometry. The theorem states that at any listening point within a source-free volume V, the
sound pressure can be calculated if both the sound pressure and its gradient (which is pro-
portional to the normal component of the particle velocity) are known on the surface S en-
closing V (Berkhout et al., 1993).
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The Huygens-Fresnel principle was quantified bycHioff by the so-called Kirchhoff-
Helmholtz-Integral (Start, 1997). Figure 4-2 shais formula and a graphical illustration.
The theorem states that at any listening pointiwighsource-free volume V, the sound pres-
sure can be calculated if both the sound presswutéts gradient are known on the surface S
enclosing V.

If the surface S degenerates to a plane, separthnlistening area from the primary source
area, the so-called Rayleigh integrals (Start, 188# be applied. The next step is the reduc-
tion of the plane to a line of secondary sourcesnga mathematical procedure called ‘sta-
tionary phase approximation’ (Bleistein, 1984), Hwecalled Rayleigh 2¥2D integrals (Start,
1997) are derived, leading to the driving signdla bne array of loudspeakers. The so-called
‘driving function’ of the array loudspeakers aridesm these integrals. For this reason it is
also called ‘Rayleigh 22D synthesis operator’ (Segire 4-3). The synthesis operator can be
expressed for sources behind and in front of theeyaand for arbitrary source directivities. It
can be adapted to the actual directivity charesties of the array loudspeakers (de Vries,
1995).

exp jkr)

Qm(r,fD)=S(zD)\/£ Zﬁzgzo cosp N

Figure 4-3: from (Verheijen, 1998): ‘212D Synthesis operator’ or ‘driving function of the
array loudspeakers’ for a monopole virtual source reproduced by a linear WFS array in the
horizontal plane consisting of monopoles. The source S is at z= z,, i.e. behind the array
which is on the x-axis. S(w) is the source signal. The reference line is at z= Az, r is the vec-

tor from virtual source to array loudspeaker, o is the angular frequency, ¢ is the angle of

incidence of the vector r at the array, k is the angular wavenumber (k = 277//1 )-
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The synthesis operator is similar to the matherabtigmulation of the ‘acoustic curtain’ (see
also chapter 3.3). An acoustic curtain is builrégording at n microphone locations on a line
z = 0 and reproducing the recorded signals ondheedocations by loudspeakers. Deviating

from this simple definition of the acoustic curtaihe described synthesis operator applies a

%/?-relationship for the level decrease with distanoethe recording side. Furthermore,

the sampling includes aos¢ -directivity which would equal the use of bidirestal micro-
phones in the case of the acoustic curtain. Lgsbs#tion-independent equalisation by the so-
called ‘y/ jk filter’, which equals a 3dB per octave boost iplagul. Figure 4-4 illustrates this

simple basis of WFS.

Z Zg

Figure 4-4: from Verheijen (1998): Basic principle of WFS. Sampling and reproduction of
the wave field using an ‘acoustic curtain’: the sound field is sampled at n (microphone)
positions and reproduced on the same n positions. Equalising is necessary between sam-
pling and reproduction to ensure a transparent acoustic functioning of the ‘acoustic cur-
tain’. The figure shows the setup in the horizontal (x-z) plane. S is the (virtual) source. z,
and z, are the distances of source and receiver line to the array.

This knowledge was derived and first described uhars from the TU Delft in the Nether-

lands, for instance Berkhout (1987, 1988), Berkretwdl. (1992, 1993), Boone et al. (1995),
further in doctoral theses by Vogel (1993), StdQ97), Verheijen (1998), Sonke (2000),
Hulsebos (2004) and de Bruijn (2004). In additiontheir different scientific approaches,
these books in particular give an excellent intatishn to and overview of the basic theories
of WFS. Early WFS research was also undertakemapard by Komiyama et al. (1991) and
Ono and Komiyama (1997).
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4.2.2 Physical potential of WFS

Figure 4-5 illustrates the basic characteristic8dfS: for the entire listening area, the repro-
duced acoustic scene remains constant, i.ealtselutesetup of the acoustic scene is inde-
pendent of the listening position. Thedative acoustic perspective as perceived by the listener
changes with movements of the listener. This chalge involves a realistic change of the
sound pressure level when the distance to theaVisource (=notional source created by the
WES array) is varied. This may be called ‘motiomatiax’, similar to visual perception. The

role of motion parallax for acoustic perception wesussed in chapter 2.5.

1 S
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Figure 4-5: from Theile et al. (2003): Illustration of the basic WFS potential. The acoustic
perspective of the sound field changes corresponding to the listener position (green) as is
the case in a natural sound field. Stable source directions can be achieved with plane waves
(blue, solid) and stable source locations with point sources (red and pink, dashed and dot-
ted).

In WFS, when only plane waves are created, it ssipbe to produce the same acoustical
image for many listeners in a large area. Planeeware perceived from the same relative
direction (see blue arrows in Figure 4-5) and, ingiple, with the same loudness. Thus, the
listening area of WFS is potentially very largertharmore, with the incorporation of point

sources, it is possible to create an acousticalesoghich creates different acoustical images
for every listener corresponding to the listenaspective. This acoustical scene can be of an

arbitrary size for many listeners in the listenarga.

From a creative point of view, WFS offers an imgment in flexibility: both direction- and
location-stable sources can be reproduced. In cosgpato stereo, the design of the acoustic

scene is less limited to the constraints of theagypction technique. The simulation of an
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acoustic scene can be more plausible. Howevemrmbmation with a two-dimensional pic-
ture (as in cinema), WFS looses many of its adgg#avhen compared to conventional ste-
reo. The two-dimensional picture contains stablers® positions on the canvas and thus,
neither the preferences of plane waves nor theticreaf a three-dimensional acoustical
scene can be utilised. A three-dimensional acalsscene in combination with a two-
dimensional picture gives rise to a localisatiosmmtch which might be annoying (de Bruijn
and Boone, 2003).

The theoretical capabilities of WFS to create asgtealistic sound field or to recreate an
existing sound field also include source direcjiviin theory, it is possible to simulate an
arbitrary directivity of the virtual source limitezhly by the spatial aliasing frequency and the
length of the WFS array. Furthermore, the synthiesisly possible in the reproduction plane
of the array. This is described by Corteel (20@fa) Jacques et al. (2005).

The location of the array loudspeakers is no litimtafor the creation of virtual sources.
WFS - although not covered by the Kirchhoff-Helnthdheory — allows the synthesis of
virtual sources both in front of and behind thexgrin particular, the creation of the so-called
focussed sources (sources in front of the arragy9s& 1) could make a significant difference
to conventional sound reproduction techniques. Hewea stable and convincing reproduc-

tion of focussed sources is only possible with tansts, see chapters 4.2.8 and 9.

4.2.3 Physical constraints of WFS

For practical reasons, WFS fails to be a perfegligation of its theoretical basis. In theory,
the Kirchhoff-Helmholtz integral can be used tocatdte a sound field which is congruent to
the desired one. In practice, however, nobody oatall arrays with infinitely small trans-
ducer spacing, nobody can install an infinitelygarloudspeaker array and also a two-
dimensional array seems implausible for a realespiplication. Furthermore, the array is al-
ways positioned in a real room with its individaaloustics which add to the virtual acoustics.
In short, compromises have to be made, which, soore than others, decrease the degree of
congruence between desired and reproduced souddTiee compromises listed in Table 4-1
can be interpreted as the differences betweenciigabBWFS system and a theoretical, ideal

WEFS system which is directly deduced from the KiraffrHelmholtz integral.
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Compromise

Rationale of compromise

Finiteness of loudspeaker spacing

Loudspeaker cozts

One-dimensionality of WFS array

(=array has no vertical dispersion)

Costs, Effort

Finiteness of array length

Costs, Effort

Reproduction room reflections

Table 4-1: Summary of compromises in WFS

Physical artefact

Reproduction room

Dueto which physical compromise

Spatial aliasing, see section 4.2.5

Loudspeakairspa

Diffraction effects (truncation effects),

see section 4.2.6

Array length

One-dimensionality (3B> 2D error), wave

front curvature mismatch, see section 4.2

Array size
7

Reproduction room reflections,

see section 4.2.8

Reproduction room reflections

Table 4-2: Physical artefacts of WFS

Perceptual artefact, listed by impaired per-
ceptual attribute, see section 4.3

Due to which physical artefact(s)

Image focus

Spatial aliasing, diffraction effects

Locatedness

Spatial aliasing, diffraction effects

Sound colour

Spatial aliasing, diffraction effects

Distance perception and other attributeg
spatial perception (perception of depth,

velopment, etc.)

Bieproduction room reflections,

cpne-dimensionality, (wave front curvature

mismatch)

Table 4-3: Perceptual artefacts of WFS
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The setup of a WFS system in practice is a traflefahese compromises and the available
room, budget and other circumstances, such asvitalale audio infrastructure. The more
one knows about the actual consequences of chaagiggtem parameter to a certain degree,
the better and faster an optimal system can b@medi This means this trade-off requires a
fundamental knowledge of the consequences of thgpamises, i.e. the resulting artefacts.

Moreover, the costs and efforts for building a WdyStem are crucial for its feasibility.

4.2.4 The artefacts of WFS

Both the physical and perceptual artefacts of WHEhe listed below. In this thesis it is
shown that WFS can not be interpreted as a logxi@nsion of other technologies with re-
gard to any perceptual parameter. WFS should rdteeunderstood as a different type of

technology, with both physically and psycho-acaaly different properties.

The relationship between the physical setup of &Wystem and the resulting artefacts of the
reproduced sound field is described in Table 4k physical artefacts can be interpreted as
the physical differences between the reproduceddsdield and the ideal or original sound
field.

The perceptual artefacts of WFS can be interprasathe differences between the reproduced
sound field and the ideal or original sound fielithwegard to perception. The relationships
in Table 4-3 are partly hypothesised from subjectxperience as objective investigations do
not yet exist. A thorough discussion of WFS carubdertaken by evaluating the quality of

the reproduced sound field on the basis of thesmeptual attributes.

4.2.5 Spatial aliasing

The finitely small transducer spacing in WFS causgsatial aliasing. The synthesis of the
sound field only works perfectly for frequencieddve a certain limit frequency, which is
dictated by the transducer spacing. This frequéncglled the spatial aliasing frequerfgys.
Above f4iss the sound field is reconstructed erroneously,alfesed wave field contains both
spatial and spectral artefacts. The perceptudiattearising from these artefacts are listed in
Table 4-3. According to subjective experience ahgsal analysis, spatial aliasing is sus-
pected to cause a degradation of both the localisgerformance and the sound colour per-
ception. An illustration of aliased frequency respes is given in Figure 4-6, Figure 4-9 and
Figure 4-12.

faias IS determined by the time difference between tuaxessive loudspeaker signals interfer-

ing at the listener’'s position. This time differendepends on the spatial sampling interval,
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i.e. the loudspeaker/microphone interspacing. Maggothe maximum wavelength being
sampledcorrectly without spatial aliasing occurring degeron the maximum source inci-
dence angle on the microphone side, as describ&bbie (2000). This interrelationship is
illustrated in Figure 4-7. Accordingly, the maximwwvavelength beingeceivedcorrectly

without spatial aliasing occurring depends on tlzximal reproduction angle on the receiver

side.

Lp (dB)

R

Figure 4-6: from Start (1997): Wave field with spatial aliasing starting at approx. 1 kHz.
The x-axis represents a line of receiver positions in the listening area and parallel to the

array.

Figure 4-7: from Start (1997): Illustration of interrelationship between sampling (micro-

phone /loudspeaker) distance and maximal wave length. Ay 1 and Ax,2 are the relevant
components of the wavelength A in the array-direction x.
a) small incidence angle 0;: Ax,l is relatively large, would potentially be sampled correctly,

b) large incidence angle 0,: Ax,z is relatively small, would potentially be sampled incor-

rectly.
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Figure 4-8 shows how the relevdpts is determined at the receiver position, meaniag ith
will describe the actual spatial aliasing perceitsgdhe listener. It differs from the definition
of the relevanty,s for the sampled sound field, in whi€f*°equals 90° (e.g. Sonke, 2000).

This is one reason for differing declarationd.gf in the literature.

foo= ¢ :
alias AX E'Sinﬁsec—sinﬁ" I

where
¢ = sound propagation velocity,
0" = maximum angle on the sampling side,

0°¢ = maximum angle on the reproduction side.
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Figure 4-8: Illustration from Huber (2002): Calculation of the spatial aliasing frequency f,;i.s

for sources behind the array.

Description of aliasing

Spatial aliasing results in a distortion of therosjuction of frequencies above the spatial
aliasing frequency in terms of spatial and timidréélity. Not only is the correct direction
synthesised but also erroneous (aliased) contoibsitiand the sound field at the listening
position consists of a superposition of differeantributions. Hence, the sound field at the

listening position suffers from interferences; tdgpend on frequency and location.

The physical consequences of spatial aliasing eacobsidered as a distortion of the sound
field at the listening position with regard to thgatial distribution of the sound contributions,
the frequency response and the response in timaidams well as a distortion that changes

with listener and source movements.
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The following figures provide illustrations of sjmtaliasing:

Figure 4-9 shows spatial aliasing at different fi@ss in the listening area. The radical

change of the aliasing with source/receiver movdamean be seen. Note also that the

peak/notch distances in the aliasing increase fsthuency. This is different compared to

comb-filtering which has constant peak/notch diségnon a linear scale. The figure shows

sound field simulations with ideal omni-directioraatay loudspeakers under ideal, anechoic

conditions.
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Figure 4-9: Frequency responses (note the frequency axis has a linear scale and proceeds

from top to bottom) measured on a line of receiver positions (x=0 ... 0.5 m). The array

speaker spacing is Ax = 3 cm in the left figure and Ax = 12 cm in the right figure. The

graphs show the rapid change of the spatial aliasing with a listener movement of a few cm.
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Figure 4-10 and Figure 4-11 show the reproductiba sine wave of different frequencies
reproduced by the same array. The sound presssangbdiion in the horizontal plane is
shown and the sound is emanating from a linearydndicated by the small circles. The
sources in these figures are focussed sourcesnf7b front of the array). The 1000 Hz sine
wave (Figure 4-10) is reproduced correctly in thére listening area. The 4300 Hz signal
(Figure 4-11) produces a sound field that is atlasealmost the entire listening area. This
can be seen from the diverse and erroneous phasdirctional information in the repro-
duced wave field. As the spatial aliasing frequeincyeases with decreasing source-receiver

distance, the area close to the source is reprddrareectly in both cases.
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Figure 4-10: Snapshot of the pressure field Figure 4-11: Snapshot of the pressure field
in the horizontal plane of WFS array of 32 in the horizontal plane of WFS array of 32
loudspeakers (small circles, Ax=12 cm), loudspeakers (small circles, Ax=12 cm,
focussed source 75 cm in front of the array, focussed source 75 cm in front of the array,
sine wave of f=1000 Hz (<f.jas) sine wave of f=4300 Hz (>f.;.s except close

to the source)

The superposition of correct and incorrect contidns in spatial aliasing can be best ob-
served by a representation of the WFS sound fielthié so-called spatial Fourier domain. In
this domain each reproduced plane wave is repregdiyt a straight line starting from point
(0; 0). The angle of the line relative to the veatiaxis depends on the direction of the plane
wave. In parallel to aliasing in A/D conversioniaakd contributions are mirrored in the audi-
ble area. Figure 4-12 shows an illustration of gspatial Fourier domain representation of a
plane wave signal sampled by a linear transdugel.a©nly the central line shown in sub-
Figure 4-12-b1 and Figure 4-12-b2 is the correcttrdoution. With increasing frequency,
additional mirrored contributions give rise to ieased spatial aliasing in Figure 4-12-b2.
Note that the aliased contributions can not berpnéted simply as plane waves from the

wrong direction.
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Figure 4-12: Illustration of spatial aliasing in the spatial Fourier domain. Sub-figures al and
a2 show the frequency responses on a line of receiver positions of a plane wave synthesised
by a linear WFS array. Sub-figures bl and b2 show the same signal in the spatial Fourier do-
main. Sub-figures al and bl show a plane wave signal without aliasing, Sub-figures a2 and b2
show the same plane wave containing spatial aliasing. Figures were made using MATLAB
scripts from Edo Hulsebos (see Hulsebos, 2004).
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Different methods were proposed in the literatoravoid or minimise spatial aliasing. These
either aim to reduce the physical deviation ofdhased sound field, or to reduce the percep-

tibility of aliasing.

De Vries et al. (1994) and Start (1997) suggestitimise the maximum angle on the sam-
pling side for higher frequencies (which increakgs, see Figure 4-8). This method can be
considered a spatial bandwidth reduction. Anotlemhnique described by these authors
works similarly: in order to minimise the maximumgde on the receiver side (which in-
creased,izs as well), similar directivity behaviour could bppdied to the secondary sources
(i.e. applying special array loudspeakers). Howgetlerse are techniques of simply omitting
signal contributions. This would lead to a losg¢sgfatial) information.

Frequency, in Hz
Frequency, in Hz

2 0 2 » ‘
¥ nnsition in m X nnsition inom
a) Discrete Filter b) Diffuse Filter (FI))

Figure 4-13: from Corteel et al. (2007b): Effect of ‘diffusion’ of the filters above the aliasing
frequency on the frequency spectrum. The two diagrams show the spectrum in a WFS
sound field on a line of receiver positions in the listening area. The left diagram (a) shows
the spectra created without diffusion, the right diagram (b) shows the spectra created after

the diffusion.

Start (1997) tried to avoid the audible periodi@fythe aliasing artefacts, and by these means
to reduce the quantity as well as the perceptbditspatial aliasing. He realised this by the
method of ‘time domain randomisation’. This meamat tthe driving function of each array
channel is intentionally delayed by an adequatatalsrandom time gap which leads to a
diffusion of the array response above the aliafieguency and thus eliminates extreme dips
and peaks in its frequency spectrum. However, @stime time, the correct contributions in
the aliased frequency region are suppressed. $nathy, the sound field loses the directional
information above a certain frequency. This methad both perceptual advantages and dis-
advantages, as established in experiments by Stmtsection 4.3.3). Corteel et al. (2007b)
apply a similar method of diffusing the high-frequg responses. As shown in Figure 4-13,
the strong deviations do indeed vanish as thetre$uhe diffusion. Corteel et al. give evi-
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dence for the positive effect of this diffusion aljective coloration measures (see also chap-
ter 8.6). They also show negative effects of tlifusion (on the variation of the ITD between
the frequency bands above the aliasing frequenbighyafter their interpretation, could give

rise to differences in the perception of sourcethvathd distance.

A method to minimise the perceptibility of spatalasing is proposed in this thesis. This
method will be described in chapteris called OPSI (‘Optimised Phantom Source Imggin
in wavefield synthesis’) and is a proposal of arfty§VFS and phantom source reproduction.
Spatial aliasing is avoided through the omissiontted WFS reproduction of the high-
frequency content. Instead, it is proposed to mypee the high-frequency content with con-
ventional phantom sources that are created by ddedspeakers within the array. WFS is
applied only belowl,;,s leading to a perfect reproduction of the wave tirdme perceived
directions of the WFS and the phantom source gahteovirtual source can be matched suffi-

ciently in a large listening area as shown in eixpents and simulations.

4.2.6 Diffraction effects

In theory, the synthesis of the wave field arigesnfthe summation of an infinite number of
loudspeaker signals. In practice, however, the dpadker array will always have a finite
length. The finite array can be seen as a windbwugh which the primary (virtual) source
is either visible, or invisible, to the listenerehte, an area exists which is ‘illuminated’ by
the virtual source, together with a correspondsttadow’ area (Sonke, 2000). Applying this
analogy, diffraction waves originate from the edgéghe finite loudspeaker array. These
error contributions appear as after-echoes (aneéghees respectively for focussed sources),
as can be seen froRigure 4-14, and — depending on their level anctifiset at the re-

ceiver’s location — may give rise to colouration.

A reduction of these diffraction effects (also kmo®as ‘truncation effects’), can be achieved
by applying a so-called tapering window to the wsgnals. This means that a decreasing
weight is given to the loudspeakers near the edfd®e array. In this way, the magnitude of
diffraction effects is substantially reduced, hoeg\this is at the cost of a reduction of the

listening area. For details see Boone et al. (1888)Sonke (2000).

De Vries et al. (1994) depict an alternative solutio deal with diffraction effects: After ap-
proximating the diffraction contributions on a fikeeference position, theSean be inter-
preted as scaled point sources with a specificaivéy pattern radiating”from the edges of

the array. Hence, the compensation (cancellatibti)ese error signals is possible, albeit with
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full cancellation occurring only at the referenamsition. One important drawback is the ac-

companying introduction of even stronger colouratiatside the listening area.

Array length Array length
—

Aperture

Aperture

a) b) c) d)

Figure 4-14: from Start (1997): Influence of array truncation. Diffraction effects can be
observed. The diagrams show the signal (y-axis is time) in the listening area on a line of
receiver positions parallel to the array (x-axis is the offset).

a) Response of an infinite array

b) Response of a truncated array

c) Difference between a) and b)

d) Response of a truncated array after tapering

e —

-
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Figure 4-15: ‘Loudspeaker wall’, used for experiments by Ono and Komiyama (1997)
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4.2.7 Reduction of the reproduction dimensions: 3D - 2D

Theory does not restrict WFS to the horizontal elatomiyama et al. (1991) and Ono and
Komiyama (1997, sefeigure 4-15) actually built a two-dimensional lopdaker array (‘loud-

speaker wall’).

In practice, there are too few convincing argumdaisa WFS array to be installed in two
dimensions. However, this reduction of the arrayatision to a single line and the synthesis

dimensions to the horizontal plane does have nw@oesequences.

As a logical consequence, only virtual sourceshm lorizontal plane can be synthesised.
Conventional WFS is capable of creating a corr@eictional localisation only when sources
and receivers are located in the horizontal plahes is not critical in terms of the directional
imaging of the direct sound of sources - which raltynare located in the horizontal plane.
However, spatial attributes such as listener empraént and spatial impression could be sig-
nificantly enhanced by the incorporation of loudsfers outside the horizontal plane. This is
postulated by supporters of new surround sounddtsimcorporating elevated speakers such
as ‘5.1 with height’ or ‘22.2’ (Hamasaki et al.,a8). The reason concerns both the spatial
distribution of the reproduced reflections, and teproduction of the reverberation. These
parameters can be enhanced by incorporation oftgldvoudspeakers together with the in-
herent enlargement of the potential reproductica.aBoth temporal and spatial reflection
density can be reduced and thus reproduced witktegreimilarity to a real sound field. Fur-
thermore, the temporal and spatial diffusenessheaincreased with this addition of a further

reproduction dimension.

Every recording made in a room and reproduced tiraihorizontal only array produces a
distorted image of the virtual room. This is duethie fact that the microphones pick up the
signals from all directions whereas the reproducttoperformed in only one plane. For ex-
ample, a ceiling reflection will be picked up byetmicrophones and reproduced from the
same direction as the direct sound in the horizghéme, potentially leading to comb filtering

through interference. The reproduced reflectiongpatis reproduced distorted in terms of the

spatial distribution and the temporal and spatisity.

An easy solution to overcome the restriction of iiggroduction dimensions to the horizontal
plane is to incorporate single elevated loudspeakinese may be a sufficient compromise
instead of a planar array in order to avoid the tnerd artefacts. The less sensitive localisa-

tion capabilities of the auditory system in the medplane (for localisation in the median
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plane see e.g. Blauert, 1997, p.41 and p.44) doheetl the same spatial resolution as re-

quired in the vertical and horizontal dimensions.

In addition to these artefacts in the reproductibithe reflection pattern, one must be aware
of the fact that in conventional two-dimensional 8Yfo real spherical waves are created.
Instead, waves with cylindrical components are tegkaThis can be understood when the
reproduction of a plane wave in WFS is observedthin display of the horizontal section

(Figure 4-16a) the plane wave seems to be penédwtreas in the vertical section (Figure

4-16b) the cylindrical waveform is represented asaular waveform emitted from the array.
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Figure 4-16: 2-dimensional WFS reproducing cylindrical waves: horizontal (a) and vertical
(b) section of a linear WFS loudspeaker array reproducing a plane wave. The array is posi-

tioned in the horizontal (x-z) plane, the y-axis is the height dimension

Arising from this, the main difference for the ptawave in the horizontal plane is the in-
creased level roll-off (3dB/doubling of distance)domparison with the ideal plane wave (no
roll-off). As a consequence, the levels and thell&alance between virtual sources in differ-
ent distances are reproduced correctly only onreference line in the listening area (see
Figure 4-3).

These ‘amplitude errors’ or ‘spatial decay err@® described and quantified by Sonke et al.
(1998) and Sonke (2000). Figure 4-17 illustrates deviation of real and desired sound
fields. Sonke describes methods to handle and ecth&se errors, for example by applying

secondary line sources instead of point sourceslgizeakers) for remote source positions.
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Boone et al. (1999) depict solutions for the sdecése of the improvement of the spatial
amplitude decay for virtual surround sound reprdéiduc Sound reinforcement systems in
concert halls are considered by Start (1997). Hdiastl the effect of conflicting primary

source (e.g. an actor on the stage) and notionatsdqcreated by a WFS array) positions

(Start, 1997, pp.117ff.).

Amplitude [dB] —

1

0 05 1 15 2 25 3
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Figure 4-17: from Sonke (2000): Amplitude of a WFS monopole source A, and a real, de-
sired monopole source A, along a line defined by the source position at (-1,0) and an array

loudspeaker position at (0,0). The amplitudes match at the definable reference receiver line

r=1.5.

4.2.8 Reproduction room errors

A common misunderstanding exists regarding the@mite of the reproduction room in WFS.
It is not true that a dry source reproduced by aSVéFray automatically produces a natural
reflection pattern at the listening position. Thdual sources are not reproduced on stable
locations, but rather, depending on the listeniogitpn, somewhere on a circle around the
array. The general rule is: the virtual sourceligags located in one line with the array and
the listener. This also means that the excited rogftections do not arise from one stable
location but from a number of different location®und the array. The consequences are
illustrated in Figure 4-18 and Figure 4-19. A vatdocussed source (blue dot and peak) is
reproduced by a linear WFS array in a room. Twteatibns from back wall and floor are
denoted by the corresponding virtual mirror sourdgse locations of these virtual mirror
sources are not - as in the ideal case (greenashotpeaks) - built by mirroring the virtual
source, but depend on the relative angle to thenks (orange dots and peaks). In Figure

4-18, the correct virtual mirror sources are dethdte the green circles and the actual virtual
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mirror sources are denoted by the orange circtegidure 4-19, the correct reflections are
denoted by the green peaks and the actual refiechy the orange peaks. Hence, both timing
as well as the directions of the virtual mirror gms are clearly erroneous. In the depicted
example of this figure, the reflections are produtso early and do not correspond to the
actual source position. They do however corresgorttie reflection pattern of the array it-

self, as a comparison of Figure 4-19b and Figut®elshows. This most likely gives rise to

the distance perception of a virtual source acoortib the array distance instead of the syn-

thesised source distance (see sectiGrb).

Figure 4-18 and Figure 4-19: Illustration of erroneous timing and directions of reproduction
room reflections in WFS. A focussed source (blue) is reproduced by a WFS array (grey, solid
loudspeaker) and two room reflections from back wall and floor are described by the corre-
sponding mirror sources. The mirror sources and reflections are illustrated for the ideal
(green) and the actual (orange) case. The left figure shows the locations of focussed source
and mirror sources, the right figure shows the reflection pattern in the time domain.

| | > time
a) ideal
_.': > time
__.-"' b) actual
#
* :
’ » time
c) Array
Figure 4-18: Locations of focussed source Figure 4-19: Reflection pattern in the time
(blue), ideal mirror sources (green) and domain according to the diagram in Figure
actual mirror sources (orange). 4-18:

Note that the actual mirror source locations a) the ideal, correct reflection pattern of a
are too close compared to the ideal mirror real source at the position of the focussed
sources. source
b) the actual reflection pattern of the focus-
sed source

c) the reflection pattern of the array.
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It seems to be even more critical when a virtualrds to be reproduced. Now, the reflec-
tions of the reproduction room are disturbing iy aase. The reflection patterns of reproduc-
tion room and virtual room are superimposed andrthiglental perception is built based on
this superimposed reflection pattern. This situatédso exists in stereo where the virtual
room is to be imposed on the existing reproductioom. It is known for stereo that no
smaller distance than the loudspeaker distancebeasynthesised. This corresponds to the
aforementioned depictions.

A further serious consequence can be hypothesiseatory for the reproduction of focussed

sources. As shown in Figure 4-19, in the case fokcassed source, the correct early reflec-
tions arrive later than the erroneous reflectidrigs means, the incidence time of the early
reflections is decreased and the time gap betw&eatdound and first reflection is smaller

than for a natural source at the same distancetiffteegap can be considered a potential cue
for distance perception (see Pellegrini, 2001).ddedistance perception would be distorted.
In the case of non-focussed sources this problezs dot exist. This is because the time gap

is too large, which can easily be corrected byctieation of artificial reflections.

Figure 4-20: from Petrausch et al. (2006): Performance of listening room compensation
with WFS: The left figure shows listening room reflections without, the right figure shows
the same reflections with compensation performed by a circular WFS array. The figures
contain a snapshot of the pressure field produced by a circular WFS array (indicated by red
dots) in the horizontal plane. The circular array is located in a room and produces reflec-
tions. The snapshot is produced at the time at which a distinct side wall reflection is pass-
ing the array area. This side wall reflection can be cancelled well.

WFS primarily aims to recreate an acoustic scerth agcurate spatial reproduction. The
detrimental impact of the disturbing reproducti@mom reflections should ideally be sup-
pressed or masked. WFS provides an enhanced pibgdibicancel distinct reflections over
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an enlarged listening area because of its inhgnemerties. The use of WFS as a tool to ma-
nipulate the reproduction room acoustics was ingat#d by Corteel and Nicol (2003) and
Spors (2006). A ‘dereverberation’, or the compeapsator discrete, annoying reflections is
considered. Petrausch et al. (2006) simulatesehfenmance of a WFS array to cancel repro-

duction room reflections as shown in Figure 4-20.

Apart from the compensation of the reproductiormmanfluence, similar techniques of com-
pensation can also be helpful to avoid other inftezerors of WFS reproduction such as non-
ideal loudspeakers, diffraction effects and nealdfeffects (Corteel, 2007a). Corteel (2006)
introduced a technique of multichannel equalisatmWFS. This method aims to equalise
the WFS sound field in an enlarged area. The resgmoof the single WFS loudspeakers are
measured by linear microphone arrays in the liage@irea. The loudspeaker signals and the
array microphone signals form a MIMO (multi inpaotulti output) system which can be op-
timised by a multichannel inversion process. Theiltas a reduction of the synthesis errors.
Corteel extended this method to reproduce directougces in WFS (Corteel, 2007a) and to

reproduction room compensation (Corteel and N2o03).

4.2.9 WES and ambisonics

As shown in Daniel et al. (2003), WFS and ambisemie two similar types of sound field
reconstruction. Though they are based on differeptesentations of the sound field (the
Kirchhoff-Helmholtz Integral for WFS and the sploati harmonic expansion for ambisonics),
their aim is congruent and their properties arkealDaniel et al. analysed the existing arte-
facts of both principles and — for a circular setfi@rray loudspeakers — came to the conclu-
sion that HOA (Higher Order Ambisonics), or moreaety near-field-corrected HOA and
WFS “meet similar limitations” Both WFS and HOA and their unavoidable impertawi
cause some difference in terms of the process atft#oquality of the perception. In HOA,
with a decreasing order of the reproduction, thpaimed reconstruction of the sound field
will probably result in a blur of the localisatiémcus and a certain reduction in the size of the

listening area.

4.3 Perceptual properties of WFS

4.3.1 Introduction

Wavefield synthesis is a significant step forwaradnf stereophonic sound reproduction. It
offers a noticeable enhancement of the sound figdgatial properties. Nevertheless, there

seems to be a broad lack of clarity about the ptued benefits of WFS. As a consequence,
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these benefits of WFS may be underestimated, oe filaly overestimated. Berkhout (1988)
assertedAs holographically reconstructed sound fields cahie distinguished from true
sound fields, it is argued that holographic sougdtems are the ultimate in sound control.”
This somewhat optimistic assertion refers to tHeaeoed possibilities of WFS to reconstruct
the true acoustics of a room. A similar statememfiven in Brix et al. (2001) where the capa-
bilities of WFS are described as followsVFS permits the generation of sound fields, which

fill nearly the whole reproduction room with cortdocalisation and spatial impression”

Of course, these (typical) statements are not gesers of distinct spatial attributes that
might be characteristic for WFS. Rather, they ama@ex observations of its performance in
comparison to other techniques. The lack of distamzl scientifically approved descriptions

of the perceptual properties of WFS causes misstaledings.

The need to detect and describe the potential o WEluding its advantages and drawbacks
is apparent. They should be described clearly bgnseof suitable physical and psycho-

acoustical attributes. The description of WFS om physical side is at an advanced stage.
Investigations into the perceptual properties ofSiVRowever, have thus far been performed

less often and thoroughly.

The following presentation of the current knowleddehe perceptual properties of WFS is
based on a selection of attributes introduced aptdr 2. A general discussion on the percep-
tion principle applied for virtual sources in WF&dathe transition to stereophonic perception
forms the basis in section 4.3.2. Section 4.3.BawVer the localisation attributes and section
4.3.4 will introduce the existing knowledge abdut sound colour reproduction capabilities
of WFS. Finally, a discussion about the specifioparties of reproducing the distance of

virtual sources is performed in section 4.3.5.

4.3.2 Perception principle for WFS sources

As WFS physically reproduces the natural soundifitle applied method of perceiving the
virtual sources is probably similar to natural leguas long as the reproduction is sufficiently
complete. The unavoidable imperfections of thisibégue cause some differences in terms of
the process and/or the quality of the perceptisrtha experiments in this thesis will show.
However, the existence of artefacts most likelysdoet hinder the auditory system from per-

ceiving the virtual source in the same way as arabsource.

The artefacts of a virtual source cause a deg@dafithe perceived quality, but it is intended
that the perception mechanism is the same as fatwaal source. Therefore the relevant lo-
calisation cues have to be provided by WFS. It slasvn by Wightman and Kistler (1992)
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that, as long as the low-frequency interaural taifeerence (ITD) cues are reproduced cor-
rectly, successful localisation is achieved, e¥ghé high-frequency signal part is erroneous,
e.g. provides conflicting cues. Hence, the spatiaking frequency may be as low as the limit
of low-frequency ITD processing, which is betweeb B 5 kHz. Wightman and Kistler,
however, did not comment on the difference betwbenquality of the localisation between
signals with consistent cues in the entire frequeange and the signals having correct cues
only in the lower range. It may be supposed thatdkter have a decreased quality in terms of

the localisation properties. The experiments dbedrin this thesis will show relevant results.

Transition between WFS and stereo and the precedence effect

Subject to the condition that stereophonic peroepéind the perception of virtual sources in
WES are based on different principles (as statdd},certain point there could be a transition
between these perception types. In other wordgoitld depend on the array design whether
the loudspeaker signals are perceived as singididation stimuli (as proposed by the asso-

ciation model, see chapter 3.6.2) or as a whotr #ie physical synthesis of all array signals.

This can be discussed with reference to an expatimieVogel (1993, pp.130ff). He con-
ducted the very first experiments into WFS. Thedin(all loudspeakers in one line) WFS
array setup used for this investigation consisted2loudspeakers, located 45 cm (a very
wide spacing for WFS) from each other. This systexs quite a poor performance with re-
gard to spatial aliasing, which startsfais—= 380 Hz. Vogel commented in his experimental
results, shown in Figure 4-21.. it can be concluded that the wave fields ... conthe de-
sired directional information. The spatial aliasiiig the simulated wave fields does not dis-
turb this information.”The conclusion is correct, but the reasoning keehinould perhaps be
doubted. Vogel assumed that the correct synthésisguencies belov.s (in this case 380
Hz) is responsible for the correct localisation.wéwer, he did not consider that a simple
principle is true for any non-focussed source ig ®WFS system: the first signal arriving at
the listener is always the signal in the sourcedtion. This means that the precedence effect
supports the localisation of non-focussed WFS s$ggrragure 4-22 illustrates the importance
of the precedence effect in WFS localisation: Tdtaltpath length of a signal from source via
microphone/loudspeaker to the receiver is shofteshe microphone/loudspeaker pair that is
next to the line between source and receiver. F@ré¢ceiver, this loudspeaker is nearest to
the virtual source’s direction. This phenomenoratas a correct localisation cueadit fre-

guencies.

The precedence effect is hypothesised by this atthbe crucial, at least for the situation of
Vogel's experiment described above. As a consegqemdarger directional error occurs if

not the synthesised wave front — which is perfectiyresponding to the virtual source’s di-
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rection — but rather the nearest array loudspeiakecalised. In the described experiment by
Vogel, the loudspeaker distance was 45 cm. If tteequlence effect alone affected source
localisation, this system would have a mean dioeeti error of a quarter of the loudspeaker
distance, in this case about 11 cm. Vogel's residtsiot show a smaller mean directional
error (seeFigure 4-21). Therefore, it cannot be concludednfiois results that the system

under investigation results in a successful symh&she array signals.

Source

Response

Simulated source position

Figure 4-21: from Vogel (1993): Results Figure 4-22: Illustration of the signal paths of

from experiments with his first linear the first signals arriving at the listener: The
array setup with spacing 45 cm. shortest path length leads to the shortest
The 4 single graphs were arranged by this delay time and thus the first signal is ap-
author so that all graphs share the same proaching the listener from the direction of
axes. the virtual source. Hence, the precedence

effect also may support virtual source local-

isation.

The precedence effect thus is more valid for threquion of WFS sources than generally
supposed. The result of Vogel's test applyiogussedsources would probably be quite dif-
ferent, because in this case the first wave framldnot arrive from the virtual source’s di-

rection leading to conflicting cues.

At a certain point there could be a transition ket stereophonic perception and the percep-
tion of sound fields after physical synthesis. Bx@eriments in chapters 7 and 8 will show

relevant results on this question.
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4.3.3 Localisation properties of WFS

On the basis of the attributes introduced in chapt& a discussion of existing investigations
into the localisation of WFS virtual sources isagiv The three attributes of interest are the

directional accuracy, the image focus and the tmbass.

Directional accuracy
The directional accuracy of a sound reproductiaiesy is considered good if it is capable of
reproducing a source in a certain direction withmsignificantly large system-caused devia-

tion.

In theory, WFS is capable of creating accurate wawets and, as a consequence, accurate
virtual source directions belofy;,s. However, WFS is not capable of synthesising th&ev
fronts correctly abové,;,s and this leads to an incorrect directional repreg®n of these
contributions. As these incorrect directional reergations do not have a constant directional
shift across all frequencies (see Figure 4-12)rexton bias of the perceived source direction
probably does not exist. Instead, the various sooaident angles for different frequencies
abovef,i,s Will probably cause a decrease of locatednessomiadblur of the virtual source.
The influence of the reproduction room (see secti¢gh8) or the design of the test signal
may, however, cause a certain bias. For instansmgte sine wave abovg,s certainly will

be perceived in a wrong direction.

An analysis of the IACC and the ITD can illustrtte degree of similarity for source local-
isation abovef,,s. The frequency-dependent ITD can best be analpgethe peak of the
interaural cross correlation function (IACC). Ingkire 4-23, both analysed sources are lo-
cated at an azimuth direction of + 15°. The IAC@gilams show the congruence of real
source (a) and WFS virtual source (b) befgws. Abovef,i.s, which equals 1.5 kHz in this
example, the maximum of the IACC is correct urdgilghly 3 kHz. This means that the direc-
tional accuracy of a WFS source is correct for gufigal frequency regions above the alias-
ing frequency. Methods of diffusing the WFS drivifumction abovd,;.s (see section 4.2.5)
therefore reduce the physical similarity of realse and WFS virtual source and thus could

give rise to a consequent decrease in image focus.
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Figure 4-23: IACC (Interaural Cross Correlation) for sources localised at an azimuth of +15°

The directional accuracy as defined above can kasuned by the signed errbrof the data
(for an introduction of the statistical measures skeapter 2.3.2. By this measure, the bias of
the mean perceived direction to the desired dwads indicated. Start (1997) uses the term
‘accuracy’, defining the RMS Errdd as an indication of th&overall accuracy of localisa-
tion”. He combines both system bias and focus/locatsdinés the term accuracy. In this
way, he measures if there is any difference betwkersystems, regardless of whether it is
system bias, focus or locatedness. From his expetimresults, which found no significant

difference between a broadband and a low-pass lssmeagarding the mean run RMS error

<D >, he concluded‘Apparently, the effect of spatial aliasing abové kHz does not de-

grade localisation performance for the broadbandsecstimulus.”This statement has to be

checked for validity because a closer look at theesi errors € > reveals discrepancies. In
two of the three experiments, the number of tediqygants seems to be too low to be able to
extract the system bias, because the inter-sujetinter-item deviations prevail. The third

experiment reveals a clear system bias which cambtamed on wavefield synthesis itself.

In his experiments, Verheijen (1998) was the tiosprove that accurate synthesis is not pos-
sible for sources which cannot be seen througHateustic window’ (which is the array).
The same holds true for focussed sources (souncierit of the array): Only those sources
which are between two lines of sight from the hsteto positions near the edges of the array
can be correctly synthesised. This zone is furthigimised by applying tapering windows

(see section 4.2.4).
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Image focus and locatedness

As considered in the last paragraph, the directianeuracy of WFS seems to be satisfying,
even on arrays with which a clear degradation b&osound quality attributes is clearly au-

dible. The attributes image focus and locatednéss smund source seem to be much more
sensitive to changes in the physical compositiothefsound signal. In chapter 2.3.2 it was

discussed how to distinguish between these twibattrs and how difficult it is to measure

them. The use of the relevant dispersion measu®s <and<S > was discussed there as

well.

Investigations of Vogel (1993), Start (1997) andhé&gjen (1998) can be consulted regarding
these measures. All these authors use a similar WiE&r array shape with a loudspeaker

spacing from 11 to 12 cm.

Start, analysing Vogel's experimental data, findssignificant difference between the broad-

band and the low-passed (<1.5 kHz) noise stimgarding the measuresD > and<S >.
Vogel mentioned, considering an experiment on aayawith a spacing of 45 cm using
broadband noisé€.. the perceived source consists of a well localismv-frequency image,
surrounded by a broader high frequency image” add listening experiments ... turned out,
the wide frequency image using a broadband nopeastiis absent for speech signalsfe
explains this phenomenon with the common enveldgegh and low frequencies in speech
signals. Thus, he included amplitude-modulated # btoadband noise in his experiment
with the smaller-spaced (12 cm) array, expectimgstime effect (but it turned out to be even

worse than normal broadband noise).

Start further tried to evaluate the localisatiorareleteristics with tests using dummy head
recordings in an anechoic chamber. He comparedihw&s (minimal audible angle) of the
sound field of real sources and different WFS ara#ccording to the results of this experi-
ment, there is no difference regarding the MAA hestw real sources and the WFS array of
11cm loudspeaker interspacing (fui.s = 1.5 kHz) for both broadband (< 8 kHz) and low-
passed (< 1.5 kHz) noise signals (MAA = 0.8° fosdatband and 1.1° for low-passed noise).
After reducingfai.s to 750 Hz - by increasing the loudspeaker intelisgato 22 cm - the
MAA increased (only 2 subjects, MAA = 1.6°). Withatt Start provided an initial scientific

argument for ca. 1.5 kHz as a lower limit fggs.
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Figure 4-24: from Start (1997): Results of Start’s experiments. The run standard deviation
< S > of measurements of the perceived WFS virtual source directions in the following
rooms is shown.

a) anechoic chamber, f3)i3s = 1.4 kHz

b) Auditorium, Delft University of Technology, f3/iss = 1.2 kHz

c) Concert hall ‘De Doelen’, Rotterdam, f5jij3s = 0.75 kHz

Figures are arranged and customised by this author.
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Start repeated and expanded his experiments inerhaic chamber and two concert halls. In
Figure 4-24 the results are illustrated for the¢hdifferent rooms. Start found th#té local-
isation accuracy of low-frequency noise stimuklisost identical for synthesised ... and real
sound fields ... . As expected, localisation perforreais seriously degraded for high-
frequency noise stimuliAs depicted in chapter 2.3.2, with the standardadien <S> an
indicator for a change in the localisation quaigygiven. It can be seen that there is indeed a
significant difference between the low-pass andhilgh-pass condition in room a) and b). In
room c), wherd,j,sis as low as 750 Hz, this effect vanishes. Theyanaerformance obvi-
ously becomes worse in the ‘real’ rooms b) andt@annot be concluded (as Start supposes)
that the decreasin@g;,s is the only reason for that. In this author’s apim there are indica-
tions that the undesirable reproduction room infiee causes irritations not only for depth
perception, but also for localisation (see chapi2rd). These indications are supported by the

experiments of Verheijen described below.

Verheijen (1998) complemented Start’'s experimeyt€dmparing different virtual sources
(behind and in front of the array) and differembgrloudspeaker interspacings (11 cm and 22
cm) in his experiments. By applying these two Iqadker interspacings (accordinglyss:
=1.5 kHz andy,s2 =0.75 kHz) he gave — after Start, as mentioned@boa second indica-
tion for the effect of too low g;,s. However, as illustrated in the left part of Fig4-25, the
increase of the mean standard deviation disappeatee normal listening conditions in the
‘reproduction room’. The reason for that is perh#ps general decrease of the localisation

quality of WFS arrays in real rooms because oféipeoduction room influence.

The reproduction room influence seems to be cruciabmparison to the influence of spatial
aliasing. This could be very important regarding thvestigation into the perceptual effects

of spatial aliasing.

Verheijen’s experiments applying focussed sourcesevimade, as Verheijen declares, omit-
ting the frequency-equalisation factor includedhia WFS driving function (3dB/octave, see
section 4.2.1) and therefore overemphasised theflegquency content of the pink noise
bursts®. Thus the results may not be that comparablepite f that, the results of this sec-

ond experiment using focussed sources are addeiduce 4-25. From the assessments of the

% yerheijen did not express himself clearly regagdine stimulus: In contrast to the previous
experiment in which white noise bursts had been mesv pink noise was used and, more-
over, the low frequencies of the pink noise weestaa through omitting the equalising
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two subjects it may be concluded that the locatisatjuality is worse for focussed sources
than for sources behind the array. This resulujgperted by the considerations of section
4.3.2 as well. The surprisingly good result for tigh-pass condition may have been a con-
sequence of the existence of mid range frequerfalesve 2 kHz) which were not aliased,
and thus provided correct localisation. Verheijemplained it slightly more optimistically:
"Apparently, the localisation task is not hinderbeg the (first-arriving) aliased waves from
the outer loudspeakers. Because the dense alitasindgpes not exceed a few milliseconds, an
integration mechanism in the auditory system mayhéle responsible for the reasonable

accuracy of localisation for these focussed soutces

anechoic room reproduction room B subject GJ subject EV
5]
4 4
,Mg” .................. ]
3 3 ................. 1
B ML
\a 2

22 real

a)

Figure 4-25: from Verheijen (1998): Results from Verheijen’s experiments. (grey bars: vir-
tual sources Ax=11 cm; black bars: virtual sources Ax=22 cm; white bars: real sources)

a) virtual source behind the array, assessments in two different rooms as indicated
(stimulus: white noise bursts)

b) virtual source in front of the array (‘focussed’), test signals broadband noise and
high-passed noise(>2 kHz), individual results of two subjects (stimulus: noise
bursts with energy concentrated in low frequency region)

Figures were arranged and customised by this author.

Start (1997) investigated the ‘spaciousness’ ofried and the synthesised wave field by
comparing the width of a source in relation to fenence source through dummy head re-
cordings. His definition of ‘spaciousness’ is cldsewhat was defined as source width (see
chapter 2.3.1). Start compared the subjective sssad of the source width and the objective
measure interaural cross correlation (IACC) cogdfit and found some (not thoroughly de-
scribed) correlation. He repeated this experimeith & large-scale DSE (direct sound en-
hancement = WFS for PA purposes) system in two legge rooms, once again through
dummy head recordings. He found that the widthlbS@urces was generally much larger
than in the anechoic chamber, and also that tHerelifces between the systems vanished,

which may be a direct consequence.
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Summarising, investigations on the localisationpgrties of WFS exist, but there is a neces-
sity to further investigate in this direction. Up iow it is not clear where the lower limit of

the aliasing frequency for adequate source lodaisas, and whether a further increase of
the aliasing frequency will result in a correspargdimprovement of the localisation proper-
ties. Furthermore, the consequences of a decrédse aliasing frequency need to be inves-

tigated thoroughly, because in practice a low migafrequency is likely to occur.

4.3.4 Sound colour and colouration

The sound colour of virtual sources in WFS is apptly impaired in comparison to natural

sources. However, from the practical experienc®V6iS researchers, a reliable judgement
can often not be derived, due to compromises thattd be undertaken in the laboratory sys-
tems regarding the size, quality and spacing ofutilesed array loudspeakers. Also, the in-
corporation of DML panels (‘distributed mode loudagers’) or MAPs (‘multi actuator

panel’; Boone, 2004) led to system-inherent sourldur degradations caused by the loud-
speakers themselves. Existing scientific investigat on sound colour and colouration in

WES are rare.

There are different possible reasons for a degmdatf the sound colour of WFS virtual

sources compared to real sources.
Physical reasons:

a) Spatial aliasing distorts the higher frequency spec.

b) Finiteness of the array causes distortions thraliijtaction effects.
Psycho-acoustical reasons:

i. A non-optimal localisation process could lead tdistorted perception of the sound
colour.

ii. The auditory event is not or not only determinedh®y synthesised wave front.

In the literature, very few investigations have roesade in the field of WFS and the per-
ceived sound colour. Reasons for this may be tkatdtifficulty to measure the perceived
sound colour and similar subjective attributes. Otier reason could be a general agreement
about the small audibility of negative effects e sound colour in WFS. Bad sound colour

is consequently often blamed on the degraded reptimh quality of the loudspeakers.

It is an important challenge to create a link betwéhe physical and the perceptual artefacts

of Table 4-3, because only then does it becomellgedss improve the performance of WFS
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with respect to aliasing. However, the literatuogsl not yet thoroughly describe how spatial
aliasing is perceived. The perception of aliasingyrbe assumed in several possible ways.
The question is how prominently the correct contiitn is perceived — particularly in the

frequency region just above the aliasing frequency.

Start (1997) alleges that a smoothing of the aliasmtent due to the finite resolution of the
auditory system in the time domain does exist. tfaurhore, he explains the audibility of
aliasing effects with the fact that the lower liroitaliasing in the spectrum changes rapidly
when the listener moves. His experiments revedlatdy avoiding the periodicity of aliasing
by time domain randomisation (see section 4.2 &ctilouration decreased (Figure 4-26), but
the localisation performance apparently worsenadu(E 4-24). Furthermore, Start found
that the colouration significantly decreased whiea test signals were produced in a real
room instead of the anechoic room. However, ingxigeriment on colouration, he utilised
fixed dummy head recordings of WFS virtual souraeglifferent positions, which can be

regarded as non-optimal. His colouration measueceaputed from paired comparisons.
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Figure 4-26: Colouration experiment by Start (1997): The colouration was measured by a
difference between the sound colour of different virtual sources. Relative to the results in
the anechoic room, the colouration decreased in the auditorium and the concert hall. The

high frequency randomisation further decreased the colouration.

It is not clear whether diffraction artefacts cawaseolouration of the signal through comb

filter effects. These artefacts (after-echoes) @dnd regarded as reflections, and as such they
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do not necessarily lead to audible colouratioméiytare successfully detected by the auditory

system (see also Corteel, 2007a).

De Bruijn (2004) compared the perceived colouratibrsimulated WFS arrays with loud-
speaker spacings from 12.5 cm to 50 cm with matefamale speech signals. He used a di-
chotic reproduction of signals which were simulagé¢gbositions spaced in between-ears dis-
tance (0.2 m), but not binaural signals. He fouigphiBcant differences between the per-
ceived coloration for the different loudspeakeracspgs and concluded that a spacing below
25 cm is sufficient for sound colour reproductiontie specific application of video confer-

encing.

After Theile (1980), the perception of the sountbapis part of the localisation process of
the auditory system (as part of the ‘gestalt’ pptios, see chapter 3.6.2). If a stimulus cannot
be associated to a particular direction, it is pmed as coloured because the auditory system
is not able to apply adequate inverse filteringloGmation is therefore also a measure for the
success of the localisation (and not only a mealurthe physical‘perfectness’ of the syn-
thesis). Hence, it could be a more important meathan generally believed because it may

provide information on the perception mechanism.

Further investigations on the sound colour propsriof WFS will have to determine the
lower limit of the aliasing frequency for differeapplications. Furthermore, the general way
in which the aliased contributions in the WFS sofieldl are perceived has to be investigated

before improvements can be proposed.

4.3.5 Distance

The discussion in chapter Zrfiroducedthe attribute distance with regard to a comparizon
WFS and stereo. The particular potential of WFSitaulate distance and depth will be con-
sidered here. The capability to adequately repredhe source distance is vital for the suc-
cess of this reproduction technique. ImplementatiohWFS which lack this capability, di-
minish the advantages, which WFS achieves by tkation of perspective, significantly.
Examples of non-optimal WFS systems with regardistance perception exist, which sim-
ply reproduce dry sources and thus cannot createlaquate distance perception. The spe-
cific cues available in WFS for distance perceptiane to be discussed, and system-inherent

weak points unveiled.

For the discussion, the distance cues of WFS gendsed into the different categories de-

fined in chapter 2.5.2:
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- 2D distance cues: monaural distance cues thatemalpseudo’ distance perception
(level, direct-to-reverberant energy ratio, frequespectrum, interaction with other

non-acoustical cues)

- 2%D distance cues: cues that are available withemewts of the listener (motion

parallax, improvement of several 2D cues)

- 3D distance cues: binaural distance cues that ermalitue’ distance perception (re-

flection pattern, binaural differences)

2D cues of WFS:

The 2D cues correspond to the cues available fos\&8-well as for natural and stereophonic

sources. It is hypothesised that there is no diffee regarding the existence of these cues
between WFS and stereo. Of course, WFS offers these in a large listening area, whereas

in stereo the listening area is smaller.

2%D cues of WFS:

Through motion parallax (the change of the perspeatith listener movements), WFS is

able to create presence. Furthermore, WFS offesalestic presentation of the spatial ampli-
tude decay of a virtual source (Start, 1997; sedmse4.2.4). The perspective of the acoustic
scene and the amplitudes of the sources correspgipdthange with movements of the lis-

tener within the listening area. However, the spamplitude decay does not fully agree with

the real case.

These cues enable an implicit analysis of the sgemanetry (and consequently distance)
through moving within the listening area. They aeafled ‘idiothetic’ cues (see chapter 2.5).
In WES, the idiothetic auditory cues are ratherilginto natural hearing. Figure 4-5 illustrates
the change of source distances, source directidrparspective, which belongs to a change

of the receiver position.

It is an interesting question whether the self-oiiues are able to override other, potentially
wrong cues. Furthermore, it is of vital importangBether spontaneous, unconscious head
movements would then be sufficient for depth petioepor if conscious movements are re-

guired which give rise to a significant changehs perceived scene perspective in the sound

scene.

A relevant investigation on these 2%D propertieSMHS was performed by Nogués et al.
(2003). Figure 4-27 shows their experiment setuqeyTasked the subjects to control the dis-

tance of a WFS virtual test source (green) sottiesource distance matched the distance of
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two other simultaneously reproduced virtual refeeesources (orange). The subjects were
asked to move around in the listening area. Irfitseexperiment, the subjects could control
the WFS test source distance through a changeeofMRS test source position only. The
other parameters such as direct/reverberant ematigy and assumingly also receiver level
were kept constant. In other words, by this procediie subjects were asked to put the mid-
dle guitar in between the other two using the pmrpe cue of the WFS sound field. The
results show that the subjects were indeed ablipotthis with a good agreement between

adjusted and correct positions.

Figure 4-27: Experiment of Nogués et al. (2003): The subjects could move around in the

listening area and so indirectly adjusted the guitar distance correctly.

In the other experiment in Nogués et al. (2003)dttgbute ‘source presence’ (meaning the
energy ratio between direct sound and reverbenati@s included in the experiment. The
subjects were asked to adjust the presence of emwwynthesised at different distances in
order to match the perceived distance with referesmurces. The results showed that the
adjusted presence was not dependent on the sysghatistance but only on the presence of
the reference sources. This means that the pevoepitisource distance due to the wave front
curvature did not exist for far-field (> 1.5 m) soes, and even the perspective cue was over-
ridden by other cues like the source presencerBhgily only covered non-near-field virtual

sources. Distance perception in the near-field léglconsidered in chapter 9.

3D cues of WFS:
WEFS creates the correct shape of the curvatuteeofvave fronts and thus theoretically offers
a cue to acquire source distance as illustratédguare 4-28. However, it is arguable that just

by the correct wave front, a correct or even asyatlice perception at a static listening posi-
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tion will be enabled. Literature does not suppeitience for this assertion either, see chapter
2.5.1. Only at very near distances (< 1 m) is theemMront curvature a reliable cue for natural
sources (Brungart and Rabinowitz, 1999c¢). Howewepite of not being a crucial cue, a

correct wave front curvature may support the distgrerception.

Figure 4-28: Is distance perception possible due to the wave front curvature?

The role of the dry wave front curvature in WFSliscussed in an experiment in chapter 9.
Pre-existing investigations do not prove the existeof any effect of the wave front curva-
ture on a static listening position. In de Bruijna¢. (2001) the distance perception of dry
sources is commentetAlthough it is already well known that with WFSetBource location

is extremely stable when observed from differatetier locations, depth or distance percep-

tion can only be obtained in combination with reflens and reverberation.”

In an experiment by Usher et al. (2004), the subjaere told that they were free to move
within the inner curtain, which can be seen in ¢lxperiment setup in Figure 4-29. Thus, it
can be deduced that - similar to the experimertibgués et al. described above - the move-
ment of the subjects significantly improved theiaeld distance perception. They presented
dry focussed sources in distances of 1, 2 and Bm the listening point in the centre of the
inner circle. The loudness was kept constant atistening position, which means that loud-
ness differences due to the different source dissmmvere not available for distance percep-
tion. The sources were actually perceived at differdistances, albeit apparently not very
consistently. The distinction between closer amthé sources was possible only when the
closest source (1 m) was incorporated, which csulggest the aforementioned conclusion

about the role of listener movements.
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Figure 4-29: from Usher et al. (2004): Plan view of the experiment. The subjects were free

to move within the inner curtain. Hence, some kind of distance perception was achieved.

Other investigations about distance perception FSWvhich did not isolate the wave front

curvature cue from the level cue can be disregardecause the level cue is dominant and
can lead to distance perception, as discussedapteh2.5.1. In this way, any reproduction

technique, even mono, enables distance perceptiooraved in literature (Gardner, 1969

cited in Blauert, 1997).

There is another possible property of WFS that ingiie rise to an enhanced distance per-
ception: WFS can very accurately simulate positind level of the early reflections. Hence,

WFS may provide an enhanced possibility to diserate these. In this author’s opinion, it

has not been proven that WFS is superior to ‘s\gpet’ stereophony (i.e. a stereo setup
whereby the listener is located in the middle ofrale on which the loudspeakers are placed)
concerning this point. Of course, the listeningaaire which correct (in this case distance-)
perception is enabled is significantly larger ie tase of WFS. But this argument is not re-
garded specific for distance perception. In a stadNeher et al. (2003), it was found that the
listener could not distinguish between stimuli whwere different in terms of the direction of

the early reflections. The enhanced possibilitytha auditory system to distinguish between
distinct reflections in comparison to stereophorgyrhowever, give rise to a better spatial

perception.
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Boone and de Bruijn (2003) investigated speecHliigitality using a comparison between
two different WFS virtual sources. The two virtsalurces were driven with different signals
(a speech signal and a broadband noise as a masiceompared with one loudspeaker,
driven with both signals at the same time. Theytbthat even when both virtual sources are
in one and the same direction but synthesisedffereit distances, the speech intelligibility
threshold for the WFS virtual sources was lower. (£& - 1 dB) than for the single loud-
speaker. In this way, an enhanced segregatiortyabflithe auditory system was measured.
This is an argument for the existence of at leastesperceptual difference between two vir-
tual sources which only differ regarding their $yedised distance. However, this perceptual
difference is not necessarily due to an analysithefwave front curvature, but it could also
be caused by other criteria that differ betweernrcseiat different distances. These are for
example the response of the reproduction roomeettergy distribution within the array. At
least for frequencies abovg,s these criteria could lead to a difference in thdthvand the
timbre of the virtual source. The conclusion inlieset al., 2004) supports this assumption:
“... in the absence of any indirect sound, when a@mis positioned beyond a certain dis-
tance using a WFS system the curvature of the vamte$eems not used to determine the

distance of the virtual source, but rather the timbf the perceived source dominates.”

4.4 Summary of chapter 4

WEFS is a spatial sound reproduction technique witlque potential. The performance of
WFS has been described and discussed both witlhdrégaphysical as well as perceptual

properties.

The unique properties with regard to directionahgimg, in particular the enhanced acousti-
cal perspective and the size of the listening agealify WFS and contrast it to other sound
reproduction techniques. WFS is a solution for ipldtlisteners and is capable of avoiding a
‘sweet spot’ — which means the same acoustical éenagthe same acoustical scene can be
created for many listeners. WFS is capable of pimdua three-dimensional acoustical scene

and the listener can move within that scene.

However, WFS is a compromise in its practical szdion. Certain physical parameters are
impaired due to practical limitations and this ughces the performance of WFS signifi-
cantly. Both spatial aliasing as well as the litiita of the array to the horizontal plane avoid
a perfect reproduction of the sound field as odtlinaimed by WFS. Hence, WFS does nhot
have the potential of recreating a true copy ofdbend field. Furthermore, the influence of

the reproduction room makes the reproduction daftaal room more difficult.
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The perceptual attributes discussed include théuatits of localisation, sound colour and
distance perception. The impairments of each atgilivere analysed and relevant literature
discussed.

The further discussion in this thesis and furthgregience will show whether the drawbacks
limit the applicability of WFS. WFS can be an idegproduction technique for certain appli-
cations which demand its unique features.
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5. The ‘OPSI’ method

5.1 Introduction

A new method of WFS reproduction is presented ascudsed in this chapter. This method,
known as OPSI (‘Optimised Phantom Source Imagingawefield synthesis’), aims at avoid-

ing spatial aliasing artefacts, whilst also redgdime costs of the loudspeaker array. Further-
more, in the experiments of this thesis, it acta &sol to investigate the perception principles

of WFS and stereo reproduction.

OPSIl is a hybrid approach of WFS and stereo. 1§ @as@/FS virtual source beloi,s and a
stereophonic phantom source abfyg. As their individual auditory event directions ciat
they are perceived as one common source. The tieabdrproperties of OPSI are discussed
and presented by simulations. The validity of thesslictions is verified by the experiments

in the subsequent chapters.

Section 5.2 introduces the OPSI method and sebti®uescribes a method of deriving OPSI
signals. A pilot experiment for a determinationttoé so called OPSI localisation error is de-
picted in section 5.4. Section 5.5 discusses tte @i the listening area for OPSI sources by

simulations before section 5.6 summarises the ehapt

5.2 Substitution of the high-frequency contribution S

Spatial aliasing is an artefact of WFS which isdqueed by the inaccurate synthesis of the
WEFS sound field above the spatial aliasing frequdges (see chapter 4.2.5). Regarding per-
ception, the reproduced sound field abfyg is potentially incorrect in terms of the quality

of the localisation and the timbral fidelity. Movents of source and/or receiver lead to an

audible colouration of the source.

A solution is presented which makes use of wellvkmdacts about the quality of stereo-
phonic perception. It is still not sufficiently uaigtood why the comb filter effect in stereo-
phonic listening is less audible than could be joted from the ear signal spectra (see chap-
ter 3.5.3). The sound colour is known to changg shghtly between phantom sources from
different directions, and it hardly changes atwdiile moving the head (provided that natural

signals are reproduced).

In general, a phantom source is not consideredrisuge a WFS virtual source. However,

abovefy,s, the WFS virtual source no longer has better maygiroperties than the phantom
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source. The idea is to combine phantom source a8l Viftual source to reduce the negative
effects of spatial aliasing. This results in a ligtaystem that uses a WFS source belgyy
and a phantom source above. The arising hybridcedsrexpected to suffer less from sound
colour degradations and negative effects with retsfmelocalisation in comparison with the

pure WFS virtual source.

The dominant cue for localisation is provided bg tbw frequency part of the source signal
(see chapter 4.3.2). This means that the diredtac@uracy of the high frequency part of a
virtual source could be lower than that of a reairse without substantially degrading the
localisation performance. This also applies forepfFS: the low frequency part controls the
perceived direction of the virtual source; the higgquency part plays a minor role — though
it may increase the perceived image width to aacertiegree (see chapter 4.3.3). It is as-
sumed here that the consistency between high amdréguency part is important for the

localisation quality of the virtual source. Thougightman and Kistler (1992) generally

proved the dominance of the low frequency ITD dteseems a plausible assumption that

inconsistent cues might give rise to a decreasmatddness and an increased image width.

It is a challenge for WFS research to gain insigttt the impact of the aliased high frequency
part of a WFS virtual source on localisation andrgbcolour perception. Its substitution by
another technique could be a suitable method tattesole for localisation and its influence
on the perceived sound colour. Should it be tra¢ tte WFS reproduction totally fails above
faias there is no reason for maintaining the same deption technique for this frequency
range. On the other hand, spatial aliasing carebarded as a superposition of both correct
and incorrect contributions; therefore it is poksithat aboved,,s the correct contribution
may be salient (see chapter 4.3.3). Hence, a @plaat of WFS abovk,s may lead to a

degraded localisation performance.

5.3 Generation of OPSI signals

Figure 5-1 illustrates how a substitution of thghhfrequency part of WFS can be realised.
The array is fed with low-passed (sss) WFS signals to reproduce the accurate wave front.
The high frequency source components are genebgtexstveral loudspeakers (solid, blue)
which are fed with high-passed(f.os9 Signals. These loudspeakers need to be spaced sig
nificantly wider than the loudspeakers of the WR&yand thus produce a stereophonic im-
age. The low and the high frequency source arectxgdo merge unless the difference in
their incident angles is too large. The cut-offgirencyf...ss of low-pass and high-pass is

identical, such that the contributions in the tweqgtiency bands add up to give a flat fre-
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guency response similar to a two-way loudspeak&tesy. This frequency is called the cross-

over frequencygss IN the optimal casd,,ssis chosen such thfit,ss = fajias.

This new technique is called ‘OPSI’ (Optimised Rbam Source Imaging in wavefield syn-

thesis).

o Virtual source position

Figure 5-1: Example of an OPSI system: Three loudspeakers (blue) replace the WFS array
for reproducing the high frequency part

High passed signal: Phantom source
S ghp g

WFS — /
driving
function

—

S \
(no Jjk-filter \

abovef,. )

—

Low passed signal: WFS

Figure 5-2: Generation of OPSI signals: The WFS array of woofers (marked in blue) is fed
with the low-passed WFS signals only. The tweeters (marked in red) are fed with the high-
passed WFS signals after a level adjustment. A small humber of tweeters installed in the
array is sufficient for a reproduction due to the OPSI method. It is important that the

jk -filter (3dB/octave boost) in the WFS driving function is applied only for frequencies

below fss.
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Figure 5-2 illustrates the method of generating@d®$l signal for the WFS array. The array is

provided with the conventional WFS signals aftex kbw-pass af..ss The tweeters are fed
with the high-passed WFS signals after a level sidjant. It is mandatory that théj_k-

filter (3dB/octave boost) in the WFS driving furartiis applied only for those frequencies
belowf..ss In conventional WFS, this filter is generally &pgd belowfy,s. A level adjust-
ment (due to the smaller number of drivers) is asagy for the phantom source speakers in
order to ensure a flat frequency response at 8tening position. This level adjustment

equals the proportion of array and phantom soyrealsers.
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Figure 5-3: Frequency spectra illustrating the principle of OPSI. Spectra are simulated in
the reproduced sound field with omni-directional microphones at ear positions. The simula-
tion assumes ideal omni-directional loudspeakers and anechoic conditions. Spectra are
smoothed according to critical bands by Patterson filters.

The WFS sound field (top-left) contains spatial aliasing above f.;i.s, in this example
faiias=1800 Hz. The stereophonic reproduction (top-right) contains strong comb-filtering.
The peak-notch level difference of the comb filtering decreases with frequency because of
the increasing integration of the critical band filtering. The idea of OPSI is to combine the
unaliased low frequency part of WFS with the high frequency part of stereo (bottom-left).
They are added up to give a newly created OPSI signal (bottom-right).

It is expected that the perceptual artefacts ofiapaliasing will vanish under such circum-
stances. However, it is not obvious what will happe the perceived sound colour. The ste-
reo-like reproduction generated by OPSI most likeijises more than two loudspeakers in
the array. When more than two of these loudspeakeste a similar level at the listening
position, a severe comb filtering could occurslknown that a reproduction of coherent sig-

nals on more than two loudspeakers gives rise ddbbucolouration (Theile, 2001). It is hy-
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pothesised that the OPSI solution does indeed iaptbe sound colour reproduction of a
WFS source, whilst not degrading the localisati@nfgrmance, at least not significantly.

These hypotheses are examined in chapters 7 and 8.

Figure 5-3 shows an analysis of frequency respofse8VFS, stereo and OPSI. The fre-
guency responses show that OPSI also reduces ¢o&ralpdeviations in the ear signals that
could give rise to colourations. The reason isitlfoeeasing integration of the critical band
filters: with increasing frequency, the number efks in the comb filter that fall into a single
critical band increases. The result is an incrgasmoothing of the comb filter until the spec-
trum becomes totally flat at high frequency barsgs (top-right diagram in Figure 5-3). These

analyses are discussed further in chapter 8.5.

5.4 Pilot experiment: maximum OPSI localisation err  or

The WFS virtual source and the phantom sourcexqrected to merge and to be perceived as
one auditory event. This requires their individaatlitory event directions to be in sufficient

agreement. In other words, the directions of loagtrency virtual source and high-frequency
phantom source must not differ excessively, othegwhey will be perceived separately, or

give rise to an increased image width.

The difference between the two individually pereeivsource directions, namely the direc-
tions of low-frequency WFS source and high-freqyepbhantom source, is known as the
OPSI localisation errarIn order to avoid negative effects, the OPSI lisation error should

be smaller than a specified maximum value, whichye to be determined. For the applica-
bility of the OPSI method, it is crucial that thecdlisation performance of an OPSI source is

not noticeably worse than that of a normal WFSuairsource.

A pilot study helped determine the maximum allow2BSI localisation error. The experi-
ment was performed using the three frontal speatfeasconventional 3/2 stereo setup (Left,
Center, Right). The test signal (anechoic femakesp), was split into a low-frequency part
and a high-frequency part at the crossover frequeg illustrated in Figure 5-4a, the Center
loudspeaker (blue) reproduced the low-frequency (&) of the test signal, simulating the
WES array. The high-frequency part (HF) of the wghal was superimposed by the two
loudspeakers Left and Right.

The phantom source was created in five differergations using inter-channel level differ-

ences. These level differences together with theording phantom source directions are
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given in Table 5-1. The dependence between le¥fdrdince and phantom source shift was

estimated using data of an informal test describesgction 5.5.

1) ¢ (LF) = Center speaker 0° 0° 0° 0° 0°

2) AL(L/R) 0dB -0.75dB | -1.5dB | -2.25dB| -3dB
3) ¢ (HF) = Phantom source (L/R) 0° - 2.5° - 5° -7.5° -10°
4) OPSI Localisation Error = 3) - 1) 0° - 2.5° - 5° -7.5° -10°

Table 5-1: The dependence between level difference and phantom source shift was esti-
mated using data of an informal test described in section 5.5.
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Figure 5-4: Pilot experiment: Determination of the maximum OPSI localisation error.

Figure 5-4a shows the applied loudspeaker setup. The Center loudspeaker (blue) emanates
the low frequency part (LF) simulating the WFS contribution to the OPSI source and the
red loudspeakers emanate the high frequency (HF) phantom source. The blue and red ar-
rows illustrate the perceived angles @(LF) and @(HF) of the respective individual contribu-

tions.

Table 5-1 shows the parameters for the different stimuli. An OPSI localisation error was
created through the superposition of LF contribution at 0° and a phantom source HF con-
tribution at five different directions. The phantom source was shifted by a level difference
AL(L/R).

Figure 5-4b shows the result of the pilot experiment. The median of the perceived angles
of the merged source is shown with upper and lower quartiles. The results are shown for
two different crossover frequencies f.oss,; = 1400 Hz and f0ss,2 = 2300 Hz. The dashed

line shows the OPSI localisation error.

Nine subjects took part in the pilot experimente Bubjects were able to toggle between two
cases: case 1 was the situation in which HF andriages matched perfectly. This case cor-
responds to the first column of Table 5-1 with aASDlocalisation error of 0°. Case 2 was

one randomly chosen situation in which HF and LRges did not match. It was asked
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whether the perceived source direction changedewtbijgling between the cases. If it did
change, the perceived direction of the second souad to be noted. For this purpose, a de-

gree scale was visible to the subjects.

Two different crossover frequencies were used @édkperiment. The source content was
split at feoss 1= 1400 Hz and.ss 2= 2300 Hz respectively. Through this procedureyaits
checked whether the maximum allowed OPSI locatsaérror depended on the crossover

frequency.

The results are presented in Figure 5-4b, the s-akwhich corresponds to Table 5-1. It can
be seen that a change in the perceived sourcdidirgs virtually non-existent for the cases
where the OPSI localisation error does not excée@d& an OPSI localisation error of 10°,
the perceived direction changes by roughly 2.5%fat= 2300 Hz and by roughly 5° f@ss

= 1400 Hz. The subjects did not report on any spléges. The locatedness and the image

focus of the OPSI source were subject of the expari described in chapter 7.

5.5 Size of the listening area

It is desired to design the OPSI source such thiatlocalised similarly at various receiver
positions in the listening area. The advantage W& offers, of having an extended listen-
ing area, should not be compromised by the OPShodetHowever, it is well known that the

perceived phantom source direction changes whedidtemer moves within the listening

area. As the OPSI method utilises phantom soumrethé high-frequency part of the source,
this effect must be taken into consideration, avaluated. On the basis of known psycho-
acoustical data, simulations can be performedderoto estimate the OPSI localisation error.
As found in the preceding section, the OPSI loatib® error has to be lower than 5° for op-

timal reproduction.

In principle, the level differences that are neaeg$or a certain phantom source shift can be
calculated according to phantom source theory {&ils, 1984; Theile, 2001; Wittek, 2001a;
Wittek and Theile, 2002). However, these generbties cannot be applied when using high
frequency phantom source content alone. This iaussthe phantom source shift is depend-
ent on frequency (Pulkki, 1999a). Hence, a prelanyriest had to be performed to find the
approximate dependence of the phantom source ahithe level difference for high fre-
guency (> 2 kHz) source content. According to teis, the shift factor of 7.3%/dB (Wittek
and Theile, 2000b) changes to 12%/dB for high feeqy content only. This mapping rule

was also used for the creation of the phantom sodirections in the pilot experiment de-
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scribed in the preceding section. The shift faétortime differences does not change, it is
12.7%/0.1 ms (Wittek and Theile, 2000b).

These rules can be used to make simulations oO®8l localisation error. At each point

within the entire listening area, the correspondim@dence times and levels of the signals of
the phantom-source-generating loudspeakers wecelatdd. By a mathematical procedure
(not specified here) that translates the relatimssbf level and time difference stereophony
to vector theory, an incorporation of more than taadspeakers was possible. By this proce-
dure, an estimate of the apparent phantom soureetidin could be given. The OPSI localisa-
tion error is calculated as the difference betwin direction and the direction of the WFS

virtual source.

Figure 5-5 shows the OPSI localisation error inrdeg on a scale from 0° to 10°. An im-
pairment of the localisation can be expected ferréd areas which correspond to an OPSI
localisation error of 10° or more. The diagramsvsladlistening area of the size 4 - & ifhe
virtual source (S) and the phantom source spegilerted by numbers) are indicated in the
figures. The WFS virtual source direction is assditwebe in ideal agreement with the direc-
tion of the source position. The WFS array (repoialy the virtual source) is on the line y=0.

The distance between the phantom source speakem.is

OPSI Localisation ERROR, Source (0;-1) OPSI Localisation ERROR, plane wave 0°

a) Virtual source 1 m behind the array b) Plane wave = virtual source

('S’ is at y=-1, x=0). infinitely far behind the array.

Figure 5-5: Simulations of the OPSI localisation error (in degrees) for two different virtual
source positions. The array is located at y = 0 m. The phantom source loudspeakers are
marked with numbers. The unit of x- and y-axis is meters. The maximum allowed OPSI

localisation error of 5° is indicated in orange colour.
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Figure 5-5 shows that the OPSI localisation errepeshds on the position of the virtual
source. It has also been observed that the sizepagiton of the stereo loudspeaker setup
influences the performance, although it is not $ated here for the sake of brevity. In order
to optimise for a minimum OPSI localisation erithie suitable stereo loudspeakers should be
chosen depending on the synthesised virtual sadistance. In the case of plane waves or
sources with larger distances, more than just adineo loudspeakers have to be used. In
practice it would be optimal to automatically andhdmically allocate a suitable stereo setup
to the virtual source. The stereo loudspeakersisually part of the WFS array. They should
make a grid of loudspeakers spaced by not morelhanin Figure 5-5a, only the three near-
est stereo loudspeakers are chosen in order totkeepumber of active stereo loudspeakers
small, whilst also minimising the OPSI localisatierror at the boundaries of the listening
area. For the plane wave in Figure 5-5b, the whetef stereo loudspeakers of a certain grid
is active leading to correct localisation due te fitrecedence effect for most parts of the lis-
tening area. The area close to the array showsrl@gSI localisation errors in both figures,
but it should be noted that pure WFS also perfonms-optimally in this area due to near-
field errors (Corteel, 2007a).

The fewer OPSI loudspeakers are used, the bettgpatceived sound colour is expected to
be. Hence, a position and distance-dependent d¢mfittbe stereo loudspeaker signals needs
to be performed. It is optimal when the number podition of the stereo loudspeakers are
chosen depending on the virtual source positionoptimum coverage of most parts of the

listening area is possible for all virtual sourassifions when certain rules are applied. From
the simulation shown above it may be assumed thgidaof stereo loudspeakers with an

inter-loudspeaker distance of not more than 1 radsiired to keep the OPSI localisation error

sufficiently small in a large listening area.

5.6 Summary of chapter 5

OPSI is a new method proposed to avoid spatiasiatia It makes use of the minimal sound
colour differences between phantom sources. lis @&l implementation has been described

in this chapter.

The OPSI idea is intended to improve the perforraafdVFS without introducing new arte-

facts. Based on the results of a pilot experimém,area in which no negative effect on the
directional accuracy occurred was calculated. Hné&a can be maximised by an intelligent
selection of OPSI loudspeakers depending on thaalisource distance. Consequently, the
listening area of an OPSI source was found to hesuastantially smaller that that of a con-

ventional WFS virtual source.
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The approach of substituting the high-frequencytrifoutions of WFS with phantom sources
has been verified for its applicability. The OPStthod is only likely to be beneficial if the
sound colour reproduction is improved whilst thalgy of spatial reproduction is kept at
least stable. Hence, the OPSI approach needs tavbstigated regarding its sound colour
performance. In addition, the merging of low- arighkrequency contribution needs to be
examined with regard to the properties of localsat Further experimental investigations

designed to address these points are describld foltowing chapters 7 and 8.
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6. Rationales for the experimental comparison be-

tween WFS and stereophony

6.1 Introduction

The sound reproduction techniques WFS and steregplvere introduced in chaptersaBd

4. Their physical and perceptual properties hawnl#escribed to the extent to which they
have been so far investigated in literature. Thissis aims at comparing their perceptual
properties for listeners at a fixed listening posit Therefore, this chapter summarises the
established properties in order to analyse the irentaopen questions and differences re-
garding the most important attributes of spatiaiception. The fields considered as most
apparent and relevant for practical sound repreoluctrere examined by investigations de-

scribed in the subsequent chapters. The discugsitmns chapter will prepare a foundation

for these investigations and will explain theirigdl and intention.

This chapter is organised by the perceptual ate#on the basis of which a comparison will
be made. After this introduction, the attributedarfalisation (section 6.2) and sound colour
perception (section 6.3) will be discussed. Theegeinadvantage of WFS over stereo is be-
lieved by this author to be its capability of sugjg listener movements. Section 6.4 ex-
plains why this capability is not considered byastigations in this thesis. Finally, section 6.5
deals with the potential of WFS and stereo to ssite the impression of source distance,

before section 6.6 summarises the chapter.

6.2 Directional imaging, image focus, locatedness

Both in WFS and stereo, it is possible to creatt&l source directions in the entire horizon-
tal plane. A prerequisite in the case of WFS isir@osinding loudspeaker array, while stereo
requires a surrounding setup of loudspeakers (&igchennel surround’ setup). However, the
properties of the directional image are appareatiffgrent. Although one can expect that both
systems are capable of reproducing a source imtaircalirection, the attributes directional

accuracy, image focus and locatedness of the stare=not yet been investigated in a direct
comparison. Furthermore, the OPSI system has rimem incorporated in practical experi-

ments.

In stereo, the phantom image is known to be lesgsieed than for natural sources. This ap-

plies in particular for lateral phantom source ogluction. The image focus and the robust-
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ness of the phantom source can be improved withaeasing number of loudspeakers, lead-
ing to a narrower grid of stable loudspeaker pasdi(Zieglmeier and Theile, 1996). Fur-
thermore, the focus depends on the way in whiclpti@tom sources are produced, whether
this be time or level panning, or a combinatiorboth. The listening position is also a deci-
sive factor, as an off-centre listening positiomduces deviations between the incidence
times of the loudspeaker signals (refer to chapterfor references). With multichannel sur-
round in particular, the difference in focus betwee phantom source and a single loud-
speaker signal is used creatively by the soundneegi For example, the Center channel
alone creates a small focus and a high locatedmbeseas a phantom source between the
Left and Right channel, which is localised in tlzeng direction, is perceived less focussed
(Silzle and Theile, 1990).

In WES, both the focus and locatedness dependeospidttial aliasing frequency (Start, 1997).
Spatial aliasing is considered the main reasorafdecreased focus in WFS. OPSI sources,
which contain no spatial aliasing but on the oti@nd employ stereophonic imaging, cannot
be predicted at all with regard to the localisatijprality. The experimental results in chapter 7

will show how they perform.

WEFS sources in front of the array (‘focussed’ sesgjchave to be treated separately. The im-
age focus of a source depends on its locatednégsh ¥g generally considered lower for such
sources. There are several reasons for this. \Fitht precedence effect does not support the
localisation of focussed sources, because thecinstributions do not arrive from the virtual
source direction (see chapter 4.3.2). Secondlyamie perception is potentially problematic
for focussed sources, because the perceived iefigoattern generally does not fit the syn-
thesised source distance (see chapter 4.2.8).0& @iberiment investigating the locatedness

of focussed sources is described in chapter 8.7.

The investigation described in chaptewds centred on exploring differences between the
sound reproduction techniques WFS, OPSI and steittaegard to the attributes of localisa-
tion. These attributes were the directional acoyréfte image focus and the locatedness. It

was aimed to answer the following research question

- How does the localisation performance of WFS comparreal sources and what
aliasing frequency is required for a sufficientdtigsation? Does an increase of the

aliasing frequency above this limit still improveetlocalisation performance?
- How do WFS and stereo differ with regard to thelaites of localisation?

- Can the OPSI method be validated in terms of fsctibnal imaging?
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6.3 Sound colour, colouration

Figure 6-1 shows an analysis of the ear signaltepet a stereo and a WFS source. In the
lower diagrams, the difference between the respedétequency spectrum and the spectrum
of a real source at the same location as the Vistmarce is given. The properties of the two
spectra are not dissimilar, both showing deviatiabsve a certain frequency. It can be seen
that the WFS virtual source (b) is an exact copyhef real source below,s. The level-
panned phantom source (a) also shows some simpitarthe real source below 1000 Hz. An
analysis of these spectral differences togethdn it analysis and measurement of their ef-

fect on the perceived sound colour is detailechzpter 8.

ear spectra, Ax=12

st fon R RE LW aimEgs
10 i 10
frequency (Hz) frequency (Hz)

FFT:, Ax=1001

ear spectra, normalized by real source ear spectra, A= 12
20— - — T ¥ _ o

20

frequency (Hz) frequency (Hz)

a) Two-channel stereo b) WFS virtual source

Figure 6-1: Frequency spectra of the ear signals for sources at an azimuth of +15° created
by different reproduction techniques. red: ipsilateral (right) ear signal, blue: contralateral
(left) ear signal. Top diagram: binaural room transfer function (BRTF), bottom diagram:
difference between this BRTF and the BRTF of a real source at the same location.

a) Two-channel standard stereo setup, L(L/R)= -7dB.

b) WFS virtual source, Ax=12 cm, source is 2 m behind the array, listener is 1.5 m in

front of the array. f.i.s ® 1.5 kHz.

According to the discussions in chapters 3.5.3 4184, neither stereo nor WFS offers a
transparent reproduction. In both cases, the palyspectra of the ear signals show prominent
deviations from that of a reference source. Funtoee, the sources at different locations or
from different directions clearly differ from eadther, for each reproduction system. In the
case of stereo, the spectral deviations are cdusedmb filtering through a summing of the

loudspeaker signals; in the case of WFS they arelyneaused by spatial aliasing.
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Hence, both the perceived sound colour and theucation of the systems are likely to be
non-optimal. Their respective performance has rotogen sufficiently investigated in litera-
ture, neither for each system independently, nax dfirect comparison. The comparison of
stereophonic reproduction and a sound field recoctbn technique such as WFS is ex-
pected to challenge established views on thesaitpods and specify the respective best ar-

eas of application.

The second aim of the thesis is to help identify perception mechanisms applied when lis-
tening to WFS and stereo reproductions. The priediaf the colouration performance is a
suitable tool for this task, because it checksrtie of the physical ear spectra on the per-

ceived colouration. In this way, the presence gfkind of decolouration is checked.

The comparison of the sound reproduction system$& VWP SI and stereo was the focus of
the investigation described in chapter 7. The meteguestions regarding the attributes sound

colour and colouration were as follows:

- Can the prefigured advantage of OPSI regarding da@oiour reproduction be con-

firmed?

- What effect does spatial aliasing have on the cattan in WFS? Does the colour-

ation differ with different spatial aliasing frequaes?

- Can colouration in WFS be predicted by the freqyespectrum of the ear signals?

What are suitable predictors?

- What is the relationship between predicted andadlgtperceived colouration for the
WEFS, the OPSI and the stereo sources? Can a deatibouin the perception of the

signals be identified?

- Can conclusions thus be drawn from these relatipaghat help to explain the per-

ception mechanism?

6.4 Size of the listening area, robustness, listene  r movements

The listening area is defined as the maximum avea which the sound field is reproduced
without distortions regarding perceptual attribufBlse typical aim of a reproduction system
is to have a large listening area so that a nurnbg@eople can listen simultaneously. The
robustness of a reproduction system describesdilisyao maintain the same sound image

despite movements of the listener.
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There are two types of listening area. With thstfiype (A), it is intended that all listeners
share the same acoustical perspective, i.e. a s£eggroduced (e.g. with accompanying two-
dimensional picture) that should create the samesical sensation for all listeners. No lis-

tener movements are supported in this case.

The second type (B) supports listener movemenh edich listener having his own acoustical
perspective on the scene. A movement of the listegals to an according change of the
acoustical perspective. The listeners then do aee lthe same acoustical sensation at differ-

ent locations.

The choice between these two types of listening artuences the potential of the reproduc-
tion systems to produce a large listening areas Thoice is further influenced by the exis-
tence of a picture. A comparison of the size oflistening area is not possible without con-

sidering these alternatives.

Stereo is a reproduction system that is optimal aingle listening point, this being the so-
called ‘sweet spot’. As the directional image isguced by interchannel level and time dif-
ferences, a distortion of these inevitably leada thstortion of the directional image. Only at
the sweet spot will the original incident time tadas between all loudspeakers be kept. The
angular fidelity of the stereophonic image will thire be correct only within the sweet spot.
Small movements of the listener out of the sweet 8pll strongly influence the perceived
sound image. In principle, the robustness of steyesmnall. Only in the case of two-channel
stereo, i.e. 2/0 stereo, is the distortion of thedence times of the loudspeaker signals zero
on an entire axis, this being the line of symméteyween the loudspeakers.. The level rela-
tions between the loudspeakers are distorted docations except this point or line as well.
However, the level distortions are much smallenttiee time distortions and thus do not dis-

tort the directional image to the same extent @jt2001a).

The listening area depends on the panning methdteotechnique applied for the stereo-
phonic recording. Although the distortions withtidiser movements are equal for all panning
methods, in a level-panned image, the extremeal&dt right sources stay constant and thus
level difference stereo is regarded more stablgt@®/i2001a). The listening area is bigger at
the price of a reduced spatial complexity of thexesd mix, for instance in cinema mixes that
are optimised for a large audience. In this exajiple dialogue is reproduced monophoni-
cally in the Center channel so that the sound immagthes the visual image for the whole
audience. Using such methods, both the robustmessiae of a stereo listening area can be
increased. However, in stereo, only a listeningaasetype A can ever be created, which

means that listener movements are not supported.lisiener movement results in an un-
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natural change in the acoustic image. The onlyteotnsource locations for an enlarged lis-

tening area are the loudspeaker positions.

In WES, the listening area is determined by the sizthe array. Sources can only be repro
duced in directions in which an array is locatelle WFS virtual sources are robust within
the listening area. WFS can produce a large listearea for both types of listening areas.
This means that WFS can create the same acoustiage for all listeners, as well as an

acoustical scene enabling listener movements.

With constraints, the spatial quality of the reproeld scene does not depend on the distance
of the listener from the array. However, in theioagvery close (< 1 m) to the array, the syn-
thesis fails due to the far-field approximationtoé WFS theory (Corteel, 2007a). Further-
more, due to the ‘amplitude errors’ (see chapt2r74, the level balance between sources at
different distances is distorted at all locatiorsept for a reference line of receiver positions.
The reason is the distortion of the level decaywlistance for conventional one-dimensional
WES arrays. In the case of reproduced focusse@essuthe listening area is reduced because

the source must always be between the listenethenarray.

When WFS is applied with an accompanying two-dirfared picture, for example in cinema

applications, the advantage of an enlarged listeaiea is reduced. The flat picture and the
sound image containing true perspective causesiaaih of localised directions as soon as
sound sources are synthesised in front or behiadstiheen (de Bruijn and Boone, 2003).

Also, when a conventional stereo mix is reproduiced cinema by a WFS array, the advan-

tage of WFS is rather small, as the front loudspesakave to be reproduced at the same posi
tions as the original loudspeakers in order t¢hiit visual image. Only the surround channels
can be positioned further away leading to an imedolevel distribution within the listening

area.

Relevance for this research

One of the main advantages of WFS over stereorisrgly considered to be the capability of
supporting listener movements. The effect of listanovements, the size of the listening area
and the robustness of the systems differ signifigdmetween WFS and stereo. In spite of
this, the scope of this thesis only covers the gutal differences at a fixed listening posi-
tion. Hence, these attributes are not considerghisninvestigation. This does not mean that
these differences are ignored or considered unitapbrRather, the differences at a fixed
listening position are considered more relevanttierdiscussion about the general perception
mechanisms. The perception mechanism most prolaiely not depend on conscious listener

movements, because it is regarded as a spontapemess (Theile, 1980).



6. Rationales for the experimental comparison 112

The discussion in this section is necessary inrdaput the scope of this thesis into the gen-
eral context of the field. This thesis does nogeara general comparison between WFS and
stereo, nor does it aim at defining a superioradpction technique. Rather, it covers specific
properties that are important for certain applaragi The results of this investigation have to

be considered in combination with the above-memtiogeneral differences.

6.5 Depth, distance, immersion

In this section, the capabilities of WFS and stei@oeproduce depth and distance will be
compared. This will be achieved through an assignmé available cues according to the
scheme and terminology introduced in chapter 25 @ifferentiation was made between the
2D distance cues which are the monaural distanee that enable a ‘pseudo’ distance per-
ception, the 2%2D distance cues which are cuesatieafvailable with movements of the lis-
tener and the 3D distance cues which are binaistnte cues that enable a ‘true’ distance
perception. The 2D cues include level, direct-teerberant energy ratio, frequency spectrum
and interaction with other non-acoustical cues. Z¥® cues include motion parallax and the

3D cues consist of the reflection pattern and bialadifferences.

A true, intuitive depth and distance perceptiorD()Zelies on the natural existence of reflec-
tions and reverb and, at least for non-nearby ssurit does not depend on the wave front
curvature of the direct sound. The 3D cues, ancetbee real 3D depth perception, do not
rely on listener movements and thus can be prodatedfixed listening position as well.
Only through the combination of motion parallax aaflection pattern cues can an acoustic
scene be created containing depth, which also esabbvements. Table 6-1 summarises the
cues for distance perception and the analogiesstmlperception as mentioned in chapter
2.5.2.
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This means that true depth and distance reprodudipossible also in stereo. There is no
essential difference in distance reproduction exémpthe existence of motion parallax and
binaural differences (the latter are not includedhie table because it first has to be checked
whether they represent an existing cue at all inS\Wéee chapter 9). The precondition for
natural distance and depth perception in ster¢beiexistence of lateral reflections (Theile,
2001). This means, only multichannel stereo offeesrequired cues to a sufficient degree.
Furthermore, systems such as 3/2 stereo sufferdsstain shortcomings that arise from a too
low number of loudspeakers and the resulting oviarge loudspeaker spacings. The robust-
ness of lateral phantom sources and the reducesibpitg to place sources in the rear and on
the sides are negative consequences. These shogsowill not be concentrated upon here
because they are not a failure of the system jtsatfonly of its realisation. Furthermore, the
solution is simple, namely the incorporation of i&ddal loudspeakers (Zieglmeier and
Theile, 1996). It is also assumed here that asteystem is able to reproduce an adequate
reflection pattern with sufficiently high resolutief reflections. The accuracy in which the
reflection pattern is reproduced is different foF®/and stereo in the case of a stereo system

with a low number of loudspeakers. This differermy give rise to perceptual differences.

The only remaining difference that might be vatid distance perception on a fixed listening
position is the wave front curvature cue. This suealid for distances below roughly 1 m in

real source distance perception.

The investigation described in chapteeXplored the cues for distance perception of nearby

sources at a fixed listening position. The reseguastions were as follows:

- Is WFS capable of reproducing cues related to tineeviront curvature at a fixed lis-
tening position? How do the sound fields of real gintual sources differ with regard

to these cues?

- Is distance perception in WFS possible due to thaes?
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6.6 Summary of chapter 6

As a preparation for the investigations in thissteethis chapter defined the main research
guestions. At the end of each section, distinchogpegestions were expressed, which formed
the basis for theoretical and practical examinatidascribed in the subsequent chapters. A
summarising comparison of properties was presemtbth were introduced in the chapters
3, 4 and 5. Furthermore, those fields were seldatechich demands for further insights ex-
ist. The motivation for the selection is a more ptate comparison of the sound reproduction
techniques WFS and stereo at a fixed listeningtiposiand the validation of the OPSI
method. In addition, further knowledge about theafof spatial aliasing in WFS on percep-

tion is aimed at.

Regarding the localisation attributes, an expertaleaomparison of directional accuracy,
image focus and locatedness will be described apteln 7. Furthermore, a study concerning
the colouration in the respective systems was uakiem (chapter 8). This study was targeted
to unveil basic properties in the reproduction pacception principles of the systems. Lastly,
an investigation on distance perception explored dffect of the wave front curvature in

WES for a static listener (chapter 9).

Due to the attention of this thesis on perceptiffdrgnces at a fixed listening position, some
main differences in the properties between WFSstarko were not considered. It was em-
phasised that this does not mean that these diffesewere ignored or considered unimpor-
tant. Rather, when defining the topical focus g thesis, the differences for a fixed listening
position were considered more relevant for the udison about the general perception

mechanisms.
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7. Experiment 1: Localisation properties of WFS, OP Sl

and stereo

7.1 Introduction

This chapter describes an experiment comparindpttadisation performance of several sys-
tems, including natural reference sources, ste@opldifferent WFS systems, and an OPSI
system. The experiment consisted of a measurem@etrceived auditory event direction and
an elicitation of the locatedness of these auditwgnts. The evaluation of the measurements
allows a comparison of the localisation properbéshe different sound reproduction tech-

niques.

The research questions for this investigation vaeneeloped in chapter 6.2. The general aim
of this experiment was a direct comparison of thaging capabilities of the systems under
investigation. Furthermore, by incorporating WFSteyns of different quality, an estimation

of the effect of spatial aliasing on localisatiooull be made. Finally, it was investigated

whether the OPSI concept could be validated reggrit imaging properties.

Section 7.2 summarises the contents of the expetitvefore the experimental procedure is
described in section 7.3. The systems under assassme introduced in section 7.4. Section
7.5 depicts the results of the experiment whichdiseussed in section 7.6. A summary is

given in section 7.7.

7.2 Contents of the experiment

In the experiment, a number of systems producetu@l) sources in various directions. For
each source, the following measures were recorded:

- the perceived direction of the auditory event

- the subjective locatedness.

The measurement of the perceived direction allowaralysis of the directional accuracy of
a system. By statistical analysis of the subjectlirection measurements, the image focus

may be indirectly inferred. These attributes ofligation were introduced in chapter 2.3.
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These systems patrticipated in the experiment:

Natural sources (single loudspeakers)
- Stereophony

- WFS (Ax;=4.2 cm)

- WFS(Ax,=12.7 cm)

- OPSI

The systems are described in section 7.4.

Meaning of the ‘locatedness’ for this study

The locatedness is defined as the spatial distimcif the perceived source. It is hypothesised
that from this measure, conclusions about the fyuatisuccess of the perception process can
be drawn. The better a source can be perceivedgetier the locatedness will be. This attrib-
ute can not be estimated by physical measureseo$dahnd field alone, as complex psycho-
acoustical processes underlie the perception psaafess source. Any ambiguities in the proc-

ess are believed to lead to a degradation of teddness (Theile, 1980).

Hence, the relevance of certain physical parametetise sound field for spatial perception
can be studied by an assessment of the locatedkfesssthe relevant physical parameters for
spatial perception have been established, a vidoatce can be designed which fulfils the
requirements for optimal spatial perception. Thesptal parameters which were identified to
be irrelevant, may then be arbitrary. The virtualirse is no longer required to be a perfect
copy of the natural source. The question of whielevant physical parameters are repro-
duced insufficiently by a WFS virtual source isalitand still unresolved. The same applies
for stereophonic sources — the locatedness of mt@imasource is better than one could expect

by analysing its physical properties (see chapt: 3

7.3 Experimental procedure

7.3.1 Acquisition of auditory event directions and locatedness grades

In prior experiments concerning the localisationV8FS sources (Start, 1997; Verheijen,
1998), the auditory event directions were measuwsidg numbered array loudspeakers.
However, this technique may cause the measurectiding to be ‘pulled’ towards the visible
anchors (‘ventriloquism effect’; Blauert, 1997). Bwoid this, an acoustically transparent

canvas was used to hide the loudspeakers. Theraavesale whatsoever on the curtain visi-
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ble to the subjects. Figure 7-1 shows the curtathasubject using a laser-pointer to indicate
the perceived auditory event direction. The subjeetre filmed by a camera in order that
their results could be collected. The directiongemmeasured on a two-dimensional scale
comprising both azimuth and elevation of the peextisource direction as can be seen in

Figure 7-2. The validity of this procedure was eid in a pilot test.

Figure 7-1: Experimental procedure: The subjects could target the position of the auditory
event through a laser pointer. The laser pointer was mechanically supported by a flexible
joint.

Figure 7-2: The scale on the acoustically transparent curtain (left picture) was invisible to
the subjects. The experimenter viewed the results on a screen in the neighbouring room
(right picture) which showed the picture from the video camera. Pictures from Huber
(2002).
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After pointing at the perceived source directidrg subjects were asked to assess the located-
ness of the reproduced source. As this attributeotsself-explanatory, it was extensively
explained in a preceding talk with the experimeraed defined in the test sheet given to the
subjects prior to the experiment. The grading eflttatedness was made on a 5-grade scale,

ranging from 1 (very good) to 5 (bad):

How well can you localise the source? How well gan assign a particular direction to the

perceived source?

1 — very good
2 —good

3 — fair

4 — bad

5 — very bad

In advance of the experiment, three example teststwere reproduced to introduce the test
procedure to the subjects. This allowed the subjectamiliarise themselves with the range

in which the perceived auditory event directiond parceived locatedness would lie.

7.3.2 Stimuli

It is known that the quality of the localisationpg@ds on the type of the source signal. To
achieve an optimal localisation performance, a diibaad signal is required (chapter 3.6.2).
Furthermore, signal onsets can serve as an impasten (Blauert, 1997). Therefore, pink
noise bursts were chosen as a suitable stimuluset#r, noise bursts are not a natural source
content. This is a crucial point considering tha perception of image focus, distance and
other spatial attributes is likely to depend onpihier knowledge of the source content. In this
experiment, as the difference between the systeassthe key point, this prior knowledge
was regarded as disturbing because it would cortheadystem-caused differences. In other
words, for instance the expected character of aanuwoice would probably influence the
subjects’ perception. A source signal such as pomike bursts, which is close to natural sig-
nals regarding the frequency spectrum and newtridle subjects concerning the prior knowl-

edge, served best for the task of this experiment.
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Figure 7-3 shows the envelope of the pink noisetsuiThe burst had a length of 1 sec and
was repeated three times. The rise and the fadl titms 100 ms. A break of 400 ms was intro-
duced between each of the bursts. The parametére abise bursts were chosen deliberately

after preliminary tests. They were found to provigimal conditions for localisation.

« >
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Figure 7-3: Envelope of the stimulus: Pink noise bursts with a duration of one second each

All reproduced test items were calibrated to hawesgual level at the receiver position. A
constant receiver level of 68 db(A) was createthguisiomputational simulations and meas-

urements at the receiver position with a measuremamophone.

7.3.3 Test panel

18 subjects participated in the experiment, thgéseranging from 21 to 58 years. None of the
subjects had known hearing impairments. The expegieof the subjects in audio differed

considerably. A post-screening (chapter 7.5.1)lredun the rejection of five subjects.

7.3.4 Experimental setup

Figure 7-4 shows the setup of the sources usedkeimxperiment. Three different source di-
rections were reproduced, these being —10°, 0°5arrdlative to the array normal. The sub-
jects (a head indicates the subjects’ position)ewssitioned 2 m in front of the array. The
loudspeakers representing the natural sources yed) installed 1 m behind the array in
three different positions. The phantom sources \wesduced through two (blue) of the array

speakers. The subjects could move their head freely

The experiment was undertaken in the anechoic ceawithe IRT, Munich. Its volume is

80n?, with a floor size of 4.5 - 6 nlts lower limit frequency is 80 Hz.

Figure 7-5 shows an overview of all systems of éxperiment. The active loudspeak-

ers/drivers for each system are marked in colodmvath arrows.
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Figure 7-4: Test source setup for the experiment: The subject is denoted by the head at the
right side. The WFS array including the stereo setup (blue), single loudspeakers (red), and
acoustically transparent canvas can be seen on the left side.
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Figure 7-5: Illustration of all systems of the experiments. Pictures from Huber (2002).
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The array consisted of custom-made two-way loudgrsawith one woofer and three tweet-
ers in each loudspeaker box. This setup enableztyasmall distance of secondary sources
for WFS. The woofer distance was 12.67 cm; the tevegistance was 4.22 cm. The chosen

cross-over frequency was 2 kHz, and was applieahégns of digital filtering.

7.4 Systems under assessment

Natural Sources

Single loudspeakers were used as a reference ifoexperiment. As can be seen in Figure
7-4, they were positioned 1m behind the WFS artathiee different positions. To avoid
shadowing by the WFS array, they were installeghdlly higher than the array, which can be
seen from Figure 7-5a. The loudspeakers were Kidim&dmel O100, being active monitor
loudspeakers of studio quality. They were digitaltpualised to match the frequency response

of the array loudspeakers.

Two-Channel stereo

The 3" and 14 array loudspeakers were used to reproduce phastomes, according to
stereophonic principles (see Figure 7-5). The tiemubffset angle of the two loudspeaker
stereo setup was 31.8°. In (Wittek and Theile, PQ@@e chapter 3.5.1), methods were pre-
sented to calculate the necessary signal diffeeeftzea phantom source at a certain azimuth.
According to these methods, three different phantonrces were produced at different azi-
muths, these being -10°, 0° and 5° (see Figure T8 phantom source shift was achieved

through an equivalent use of both time and leviééidinces.

WFS_12 and WFS_4

The virtual WFS sources were produced using theafled 24D operator, i.e. the driving
function for a WFS array, as mentioned in chapt@14 This essentially means that each
loudspeaker reproduces a signal similar to thatkvii microphone at the loudspeaker posi-
tion would pick up from a source at the virtual s@’s position. A different level roll-off and
a frequency-dependent filtering compensates for2ibalesign of the array. This frequency
compensation (the so-calleq/‘j—k -filter*) is to be applied belov;,s only, meaning that each

source requires a unique, individually designeeifil

In this experiment, the way in which WFS configioas differ with respect to their localisa-
tion performance was of particular interest. Twifedent WFS setups were created. The first
setup had a secondary source (array loudspealarngpofAx = 12.67 cm. For simplicity, it
will be referred to as WFS_12 from this point ongigarThe second setup had a secondary

source spacing which was three times smallers 4.22 cm. It will be referred to as WFS_4.
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As explained in chapter 4.2.6, tapering should fiyglied to the array signals in order to re-
duce truncation effects. For the WFS arrays usetiénexperimentcos-windows were ap-

plied at the array edges. The tapering window liesatically illustrated in Figure 7-6.

cos? tapering 12{ / \ }
window =

WFS_12: bv***vvvvvvvvvvvvv«
ez R T

WFS_4: rvvvvvvvvvvvvaYVV~

Ax=4.22cm 5 ‘u HHHL,

Figure 7-6: Tapering window for the WFS arrays:
The diagram on top of the photos shows a schematic view on the tapering window. It illus-

trates the level attenuations which are applied to the corresponding array loudspeakers.
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Figure 7-7: Frequency spectra of a WFS virtual source (1 m behind the array) at a line of
receiver positions z=2 m. Left diagram: WFS_12; Ax=12.67 cm; f.;,s=2.5 kHz. Right side:
WFS_4; Ax= 4.22 cm); f.2s=7.5 kHz.
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As the aliasing frequency depends on the secorstamce distance, it is different for the two
WFS configurations. It can be estimated from Figdré. Simulations and measurements
were applied to determine an exact value of tresalg frequency. For WFS_12, with a vir-
tual source positioned 1 m behind the arfgy, will be 2.5 kHz. WFS_4 results s being
7.5 kHz.

OPSI

The OPSI signals were produced using low-passed WESignals and three phantom source
loudspeakers at spacings of 76 cm, as shown irré€-igeh. The crossover frequency Vigss

= 2 kHz. The level of the phantom source loudspesakas adjusted by listening to match the
level of the low frequency contributions. The ORhlisation erroe (see chapter 5.4) of the
three sources at the listening position was0° for the source at 0£,= 1.9° for the source at
-10° ande = 2.4° for the source at 5°. This can also be sed#me contour plots in Figure 7-8,

which show simulations of the OPSI localisatioroefor the three sources of the experiment.

QPSI Localisation ERROR, Source at 0° QPSI Localisation ERROR, Source at -10° QPSI Localisation ERROR, Source at 5°

5 5

a) 0° b) -10° c) 5°

Figure 7-8: Contour plots showing simulations of the OPSI localisation error for the three
sources of the experiment. The array is located at y = 0. The position of the virtual source is
denoted by the letter 'S’ behind the array. A listening area of 4m - 3m is shown, the actual
listening position in the experiment was (x;y)=(0;2). The contours show the OPSI local-

isation errore = {0, 1, 2, 3, 4, 5, 10}°.
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7.5 Results

7.5.1 Screening of the listening panel

- -‘i"'
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Figure 7-9:

Scatterplots of all measured auditory event
directions. The grid width is 10°. The dia-
gram is drawn to the scale of a photo of the
experiment setup, which is superimposed

with the scatterplots.

Phantom sources

Figure 7-9 shows scatterplots of all measured andévent directions. It can be seen that the
subjects’ responses were spread considerablylfeystems. The task of localising sources in
an anechoic environment without visible anchorsrse® have been challenging for a num-
ber of subjects, some of whom were inexperiencadriers. A post-screening of the obtained
results was performed to identify those listenetmntl to be unable to detect the subtle differ-
ences in the source properties. Therefore, thestaimdard deviation§ were calculated to

measure the consistency of localising repeategisociced test items.
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The run standard deviatiohis the averaged standard deviation of all runsnef subject (for

further information on the statistics for localisat experiments see, Hartmann, 1983). It is

defined as follows:

Run standard deviatiors =

where

s = standard deviation of the responses of one suaye one test condition;

L = number of test conditions per subject;

Run Standard Deviation s
Azimuth

Run Standard Deviation s

“"I¥E

1 ,
SRR

Ca
1 3 5 7 9 11 13 15 17
2 4 6 8 10 12 14 16 18

Subject

Figure 7-10: Run standard deviation of the
azimuth angles averaged over all test condi-
tions. The red line corresponds to the limit
for the exclusion of subjects. The mean is

shown with the 95% confidence interval.

Run Standard Deviation s
Elevation

Run Standard Deviation s

1 3 65 7 9 11 13 15 17
2 4 6 8 10 12 14 16 18

Subject

Figure 7-11: Run standard deviation of the
elevation angles averaged over all test con-
ditions. The red line corresponds to the
limit for the exclusion of subjects. The
mean is shown with the 95% confidence

interval.

The data of Figure 7-10 and Figure 7-11 show timestandard deviations for each subject in

both dimensions of azimuth and elevation, averagedt all stimuli. These data reveal a lo-

calisation inconsistency for some subjects. Twatdmwvere chosen such that those subjects

who had a run standard deviation above these |lwete excluded from the listening panel.

These limits (highlighted with red lines in theligs) were defined as a maximum run stan-

dard deviation of azimuth angles of 2°, and a maxmrun standard deviation of elevation
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angles of 2.75°. Based on the inspection of ther@lfigures, subjects 3, 4, 9, 14 and 17 did

not fulfil these requirements and were rejectedlierfurther analyses.

7.5.2 Directional accuracy and focus

The directional accuracy, i.e. the ability of ateys to reproduce a source in the intended
direction can be measured using certain perceiveatibn error values and the standard de-

viation (see chapter 2.3.2). The signed error &ssitable measure to estimate the directional

accuracy of a system. The mean run signed dfraneasures the averaged error of all runs,

directions and subjects.

B L
Run signed erroE :  E = %Z E(k);
k=1

where

L = number of test conditions per subject;

The mean run signed errofs< is defined as the mean of the run signed errbedl sub-

jects.

In Figure 7-12, Figure 7-13, Figure 7-14 and FigthE5 one can see the mean azimuth and

elevation angles as well as their deviations frév@ €xpected reference direction, i.e. the

mean run signed error>. The results are arranged by system (‘Real’ mé¢hessingle
loudspeakers, ‘PSQ’ means stereo phantom soumddabelled by the reproduced direction

of the test signal (‘Reference Direction’).

For almost all systems, the azimuth angles wereestienated for the reference directions
—-10° and 5°. This can be seen from Figure 7-12 agdr& 7-13. There is no identifiable de-

pendence on the system.

The elevation results show that there is a condtimst of roughly-2° to -3¢ for all systems
from the expected elevation angle which was assumée at a position between the woofer
and the tweeter of the two-way drivers. Indeed whefers were positioned roughly 2° below
the reference line. The results indicate that tbhefer positions were crucial for the perceived
elevation angle. Moreover, perception of the eievatinder anechoic conditions is known to
be difficult, and this could easily have been biabg aspects such as source spectrum or
visible anchors. The expected position of the Ipedkers (which were not visible to the sub-

jects) was lower, which could also bias the results
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Figure 7-12: Mean azimuth angles Figure 7-13: Mean run signed error < E >

of the perceived azimuth angles
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Figure 7-14: Mean elevation angles Figure 7-15: Mean run signed error < E >

of the perceived elevation angles

The confidence intervals indicate that the spreathé measured angles is generally higher
for the elevation angles than for the azimuth amgléis can also be seen in Figure 7-16 and
Figure 7-17, both of which show the mean run stechdaviation <S > (mean of the run stan-
dard deviationsS over all subjects) of the azimuth and the elevatiagles. The mean run
standard deviation is a measure of the intra-stub@dations, and therefore — within the limi-

tations discussed in chapter 2.3.2 — it may alsees&s an indicator for the image focus.
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Figure 7-16: Mean run standard deviation < S > of the perceived angles for each reference

direction. a) azimuth, b) elevation.
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Figure 7-17: Mean run standard deviation < § > of the perceived azimuth angles, mean of
all directions. a) azimuth, b) elevation.

Through multiple comparison analyses, the diffeesnbetween the systems with regard to
the mean run standard deviation were checked far #ignificance (Tukey HSD, signifi-
cance level 95%). The mean run standard deviatior ©f the azimuth angles, shown in
Figure 7-16a, exhibit no significant differences fioe 0° direction. A significant difference

(at a significance level above 95%) was only detkdor the 5° direction between phantom
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sources and the WFS_4 system as well as the OB@hsyFor the mean run standard devia-
tion <S > of the elevation angles, shown in Figure 7-1Gbsignificant differences between

the different systems were detected.

Figure 7-17 shows the mean run standard deviat®m dveraged over all reference direc-
tions. The Tukey HSD test again detects no sigmificifferences with regard to the azimuth
angle. Only the LSD test detects a significantedéhce (at a level above 95%) betwe&r<

of the phantom sources and that of the real sowsegell as the WFS_4 system. No signifi-
cant differences between the different systems @rad in the mean run standard devia-

tions of the elevation angles.

The perceived azimuth and elevation angles areyhgpendent on the subject. The mean
individual errors, shown in Figure 7-18 and Figiéds&9, indicate that the subjects consistently
stay with their individual bias - independentlytbé reproduction system. A certain individ-

ual bias may also influence the overall resultfarsexample the strong underestimation of

elevation angles of subject 8.
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Figure 7-18: Mean individual azimuth angle Figure 7-19: Mean individual elevation

errors E angle errors E

7.5.3 Locatedness

As discussed in chapter 2.3.2, the locatedness nimtesecessarily correlate with the meas-
ured standard deviation of the perceived directidieerefore, it needed to be investigated

separately. The relevant data is presented in Eigta0.
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Figure 7-20: Subjective assessment of the locatedness. The mean of all test items of one

system and reference direction is shown.

In order to analyse the significance of the differes between the systems with respect to the
means of the locatedness, multiple comparison teste performed. They showed that the
differences between any two of the systems arefsignt (Tukey HSD, at a significance
level of 95%), except for the pair WFS_12-OPSl.sTépplies for the data averaged over all
reference directions. The test results are showrabie 7-1. In the tests using the data of each

source direction individually, several differeneesre not detected as significant.
The observations can be summarised as follows:

1. The locatedness of the natural source (label: ‘Risabest. No system, including the
WFS system with a loudspeaker interspacing of 4 @amn, achieve this high grade.

The difference between the natural source and WkSsrhall, but still significant.
2. The locatedness of WFS_4 is significantly bettantthat of WFS_12.

3. The locatedness of an OPSI source is not worsetti@nof a normal WFS source

with the same WFS array loudspeaker interspacing\V\2).

4. The locatedness of the phantom source is worsettizamf all other sources. In other
words, all WFS systems are better than the conweaitiphantom source with respect

to the locatedness.
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5. The results are generally similar for all direcgohlowever, a significant increase of
the locatedness compared to the 0° direction cafiol@ for the OPSI source at 5°

and the phantom sources at 5° and -10°.

Multiple Comparisons

Dependent Variable: Locatedness

Mean
Diffarence 95% Confidence Interval
I Systern  {J) System (-J) Std. Error Sig. Lower Bound | Upper Bound
Tukey HSD  OPSI PSQ - 44 06 ooo -73 - 18
Real 1,05 06 .ooo sl 1,34
WFS12 .09 06 916 =20 38
WFESd 54" 06 ooo it 83
PSQ OPsI A4 06 ooo 8 73
Real 1,49 06 ooo 1,20 1,78
WFS12 Har 06 ;ooo 24 82
WFSd 1,08 06 ooo 74 1,37
Real OPsl -1,08*% 06 .ooo -1,34 - 76
P5Q -1,49% 06 .ooo -1,78 -1,20
WEFS12 -,96* 06 ooo -1,25 - 67
WFS4 -4 06 oo =70 =12
WFS12 OPsl -,08 06 916 -38 20
P5Q -63* 106 ooo - 82 .24
Real 96" 06 ooo BT 1,25
WFS4 Hataty 06 .ooo 26 B4
WFE4 OPsl - 64* 06 ooo -93 -3a
P5Q -1,08*% 106 ooo -1,37 - 79
Real A 06 oo g2 Ja
WFS12 -55% 06 .ooo -84 - 26
LSD OPsI PSQ - 44 06 Rululi] - B4 =23
Real 1,05*% 06 ooo B4 1,26
WFS12 .09 06 388 .12 30
WFS4 JB4* 06 ooo 43 8a
PSQ OPSl A4 06 .ooo 23 Nir!
Real 1,49 06 ooo 1,28 1,70
WFS12 A J06 oo 32 73
WFS4 1,08% 06 .ooo a7 1,28
Real OPsl -1,05* 06 ooo -1,26 -84
PEQ 1,49 06 ooo -1,70 -1,28
WFS12 - 96* 06 oo -1.17 - 74
WFES4 - 41 06 ooo - B2 =20
WES12 oPsl -,08 06 388 =30 it
PSQ -53* 06 .ooo .73 -3z
Real J96* 06 Rulili] 75 117
WEFS4 557 A06 oo 34 il
WFS4 OPsI - 54" 06 ooo -85 -43
P5Q -1,08* 06 .ooo -1,28 - 87
Real A1 J0a Rululi] 20 B2
WEFS12 -55% 06 J0ao - 76 - 34

Based on observed means.
* The mean difference is significant at the 05 level.

Table 7-1: SPSS chart showing the results of multiple comparison tests (Tukey HSD, LSD)
performed on the locatedness grades averaged over all source directions. The mean differ-
ence for each pair is shown as well as its standard error, the level of significance for that
difference and the 95% confidence interval. Note the level of significance corresponds to
the probability with which the means are equal. Thus the level of significance for the means
to be different is 1-Sig.



7. Experiment 1: Localisation properties 133

7.6 Discussion

7.6.1 Directional accuracy and focus

The measurement of the perceived directions leadsvteral conclusions regarding the imag-

ing characteristics of the different systems.

All systems can be assumed to be accurate regditngeation of a certain source direction.

In the experiment, mean azimuth errorg = between-3° and +3° were measured. For cal-
culatingE, the synthesised direction was used as a referétmegever, when the perceived
direction of the real source is taken as a refargtie azimuth errors were in general substan-
tially smaller. Hence, a systematic deviation ie theasurements can be assumed as a reason
for the high errors instead of a random inaccurdatye standard deviations were comparable
to other investigations (Blauert, 1997). The mekmvation error showed that the woofers,
which were located below the reference line, deiteeththe perceived direction. The mean
elevation errors, corrected by this constant shiéite rather small and revealed no system-

specific inaccuracy.

The mean run standard deviatiors = of the perceived directions may, with limitations
(chapter 2.3.2), serve as an indicator for the arfagus of the source. The described results
show that only for the phantom sources a largeg@rfacus may be concluded in that case. It
should be noted that the offset angle of the steedap was rather small (31.8° compared to
60° in standard stereo) which led to higher neegsaterchannel differences for the shift of
the phantom sourc@ll/At = 4.3 dB#0.25 ms for the-10° source and2.15 dB/0.125 ms for
the 5° source). Thus, a larger focus of the sococdd be caused by the increased time differ-

ences (chapter 3.5.2).

For all other measured sources, no significanetéffices were detected in the standard devia-
tions. For the OPSI source at0°, a slightly but not significantly larger standaleviation
compared to the real source was measured. Thid tead to the conclusion that the focus of
the OPSI image depends on the source directioren®igl dependence of localisation quality
on the OPSI localisation error is plausible. Howewalculations show that the OPSI local-
isation errors for all sources in the experimentenreelow 2.5°. This is also apparent from
Figure 7-8, which shows simulations of the OPShlsation error for the sources of the ex-
periment. Apart from the OPSI localisation errdre tlocalisation focus of the individual
phantom source is likely to influence the local@atperformance of the merged OPSI
source. It may be assumed that the phantom soemeed from the source atl0° has a

larger focus due to the significant contributiontwb stereo loudspeakers compared to the 0°
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phantom source. The latter is produced primarilytH®y middle stereo speaker, which is per-
ceived with a substantial localisation dominanag, with a higher level and earlier than the
other two. Thus, it may be concluded that the fatfu®PSI sources is dependent on the lo-

calisation performance of the individual phantorarse contribution.

7.6.2 Locatedness

The locatedness data show significant differenete/den the reproduction systems. These
differences were not obtained by measurements eofstndard deviation of the perceived
directions. The results identified the real sourftee reference) as having the best grades.
The significant difference between WFS_4 and WFSs¥vidence for the positive effect of
further increasing the spatial aliasing frequenoynf 2.5 kHz to 7.5 kHz. The OPSI sources
were localised with the same locatedness compar#étketcorresponding WFS_12 system. It
may be hypothesised that the locatedness of an SiRBte is in general equal to its underly-
ing WFS system. This would mean that by using a®IGfystem with a smaller WFS array
spacing (and a corresponding increased crossogqudncy), the localisation performance
could be improved. The experiment on sound coleuception described in chapter 8 shows
relevant results on the optimal array spacing andsover frequency. The results show that
the OPSI concept could be validated, because ihdidead to worse results in comparison

with the corresponding WFS system.

The results of the locatedness obtained for theatpha source focus confirmed the conclu-
sions derived from the standard deviation data imeadtl above. They were localised with the

least locatedness.

Both the locatedness data and the standard dengatib the perceived azimuth directions
above seem to show a difference between the resulthe 0° direction and the other two
directions. This difference is significant for tpeantom sources and one OPSI source, and
can be explained by the reasons mentioned abowueg.t@nsignificant difference in &> of

the real sources at 0° and 5° cannot be explameidat way. An inhomogeneous reproduc-

tion room may be a possible reason.

There is a significant difference between the ledaéss of the natural sources and the WFS
virtual sources. However, this investigation was aesigned to find the reason behind this,
but rather to detect it. There are a number ofiptesseasons which can be found by consid-
ering the remaining differences between naturé&disig and listening to a virtual source.
Among them are: spatial aliasing, diffraction effedistance perception conflict (the source

distance is not correctly reproduced by a dry wirgource, see chapter 9).
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The differences between natural and WFS sourcesarexpected to vanish in a real room,
because the reflections of the reproduction roomy maen facilitate the localisation of the

natural source. On the contrary, the reflectionshef WFS array can theoretically even dis-
turb the localisation of the virtual source dudhe fact that they are not corresponding to the

reflection pattern of a natural source (see chapB).

7.7 Summary of chapter 7

Following the experiments of Start (1997) and Vedme(1998), an investigation into the
localisation performance of WFS together with a panson of natural sources, OPSI and

phantom sources was performed.

A classification of the WFS virtual source’s losaliion performance in comparison to the
other reproduction techniques could be made. Theréxent’s results show that the located-
ness of a WFS virtual source is significantly betten that of a phantom source. However,

results as good as those found when listeningatiosmirces can not be achieved.

Increasing the spatial aliasing frequency fromkz to 7.5 kHz significantly improves the
locatedness of a virtual source in WFS. This déffiee is not evident when only the standard

deviations of the measured auditory event direst@me considered.

The OPSI concept proved to be perceptually valith wéspect to localisation. In comparison

to WFS no significant quality degradations were soeed.

The localisation focus, assumed to be derived ftioenstandard deviations of the perceived
directions, of the WFS sources did not show antifleble difference to that of the natural

sources. Only for the phantom sources were sigmiflg greater standard deviations found.
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8. Experiment 2: Sound colour properties of WFS,
OPSI and Stereo

8.1 Introduction

The investigation described in this chapter focusethe sound colour reproduction capabili-
ties of the systems WFS, stereo and OPSI. Thendsgaestions were developed in chapter
6.3. The aims of the experiment were a comparigdheodifferent reproduction systems re-

garding their colouration and an evaluation ofghgsical causes of the colouration.

An experiment was performed using a special teshodkethat targeted the determination of
sound colour differences within one system. Theragpction systems were acoustically
simulated by a virtual acoustic system using heacking. These simulations also enabled a
theoretical comparison of the spectral alteratiminthe ear signals and the subjective colour-
ation grades. A prediction of the colouration wéerapted based on these spectral altera-
tions. The prediction examined the relationshipveein the physical and perceptual measures
and thus aimed to reveal general differences betwlee reproduction techniques. Further-
more, the relevance of spatial aliasing for sounldwr perception in WFS together with the
perceptibility of comb filtering in stereo could bbserved. By an incorporation of the OPSI

method, the hypotheses regarding the differentgpdi@n mechanisms were investigated.

The experiment is described by its setup in se@i@nits results in section 8.3, and a discus-
sion of the results in section 8.4. An analysi®hjective physical measures is performed in
section 8.5. Based on this analysis, a predictioth® colouration perception could be per-
formed. This is described in section 8.6 and disedsn section 8.7. Finally, section 8.8 sum-

marises the chapter.
8.2 Experimental setup

8.2.1 Colouration

In this investigation, the sound colour reproduttaapabilities of different sound reproduc-
tion techniques are under test. It is known thatébditory system is able to adapt quickly to
the static frequency response of the transmittirgesn which is then regarded as not col-
oured (Zwicker and Fastl, 1990). Therefore, theoklds sound colour of an individual test

system, which could be caused by the loudspealpar, the reproduction room or various
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other parameters, is of no interest in this ingadion. Good sound colour reproduction is not

necessarily dependent on the absolute sound colour.

These postulations led to a method of exploringsystem colouration by a measurement of
the perceivable sound colour differences betweéferdint sources within the same system
(=intra-system colouration). This measurement Igeted to correspond to the actually per-
ceived colouration during the reproduction as saemore than one source is reproduced or
the source moves or the listener moves. The alesslind colour difference between the
virtual source and a reference source (‘real sQuveas not considered relevant. This differ-
ence was comparably large due to system-inhereuatrsp properties, which are not consid-
ered decisive for the timbral fidelity of the syste=or example, the pronounced reproduction
of lower frequencies which is known in stereo dpesbably not give rise to a degraded

sound colour reproduction (Theile, 1980).

For this investigation, an extended definitiontwe aittribute colouration will be used based on

the definition by Salomons (1995), which is givarchapter 2.4.
Definition of the attribute colouration for thisviestigation:

The perceived colouration of a system is the aadilidtortion, which alters the sound colour

when switching between different source or recgpositions.

In contrast to the attribute sound colour, coldoratan be said to either exist, or not to exist.
This means, compared with the exploration of thendocolour, a much simpler experiment
paradigm can be used which only aims to detecétistence of any colouration and to quan-

tify the degree of colouration.

The differences between the colourations appearirthe experiment were expected to be
subtle. In spite of this, these differences coelitlito fundamental discoveries regarding per-
ception properties and aliasing perception. Heaaeethod had to be found that was capable

of detecting a small colouration in a reliable approducible way.

8.2.2 Test method

For the sound colour experiment, a modified MUSHRAthod was used. The MUSHRA
method (multi stimulus test with hidden referenod anchor, ITU-R BS.1534) is known to
give comparable and reproducible results, as tiie sanchors are used in each trial. With this
procedure, the grades of the different trials asslencomparable, and the influence of time-
variant aspects such as the order of the stimdistamer fatigue is avoided. Furthermore, the

anchors span a recurrent scale which defines thgeraf possible differences of the experi-
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ment and thus optimises the subjects’ use of thke sEor the sound colour experiment, this
aspect necessitates anchors that provide a goodo§gassible colouration. The colouration

is largely due to spatial aliasing, meaning thatcal inadequacies in the upper frequency
range are the main cause (see chapter 4.2.5). Quarsty, the relevant anchor has to be of a

similar nature, with different degrees of specatigiation.

In pilot experiments a suitable anchor was fouhd; being the reference signal, processed
with sine-ripple spectra of different ripple deptffisr a discussion of sine-ripple spectra see
Supin et al., 1999). The ripple depth (amplitudehef sine) is defined as the difference be-
tween the maximum of the first half wave and z&ige anchors were used; the ripple depth
was 0, 1, 2, 3 and 4 dB. The utilised anchors laogvs in Figure 8-1:

frequency (Hz)

Figure 8-1: Anchors of experiment 2: sine-ripple spectra from 625 to 20.000 Hz. The ripple
density is 2 (ripples per octave). The ripple depth is 0, 1, 2, 3 and 4 dB. The anchors were
designed in order to sound not dissimilar to spatial aliasing.

As described, it was decided to assess the colonrathich was defined as an intra-system
parameter. This means that only one system has &sdessed in each trial, which makes the

experiment design easier. In each trial 9 diffesdgials were reproduced. These were:

- the reference (direction -5°)

- three stimuli in other directions than the refeee(td0°, 3°, 15°). The directions were
chosen such that the differences between referandestimulus direction were un-
equal for all stimuli.

- the hidden reference

- four anchors (see Figure 8-1)
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Figure 8-2 shows the multiple stimulus graphicarusterface of the experiment. The sub-
jects could switch between the 9 different stinyliclicking on the buttons ‘REF’ or ‘A’-
'H’. A click in the grey area switched between thst two chosen stimuli, so that the subjects
were not distracted looking for the relevant bustofihe order in which the 9 stimuli were
arranged was chosen randomly by the MATLAB cordgaipt. The trial could not be finished
before all stimuli had been replayed once. Only system was reproduced in each trial. The
order in which the different reproduction systenerevassessed was chosen randomly by the

script.

- ) HelmiMushra ;Jﬂll
Hérversuch: Beurteilen Sie die Klangfarbe!

Triad 1 of 4 : Trald

extrem versehiadan a = - - - - - = - - - - -

kein Untarschied [ = - = 5 o = g = 2 = = =

o 1o e o) o) o)
Play / Pause Next Tiial |

Wersuchsperson

Figure 8-2: Screenshot of the multiple stimulus graphical user interface display of the ex-
periment. The software was programmed in MATLAB. The software recorded the grades and
controlled the outputs of the test PC which was connected with the audio PC running Nu-
endo and the BRS auralisation plug-in. The German labels denote the task of the experi-
ment ("Horversuch: Beurteilen Sie die Klangfarbe’ means ‘Listening test: Assess the sound
colour’) and the two grade descriptions (*‘extrem verschieden’ means ‘extremely different’
and ‘kein Unterschied’ means ‘no difference’).
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8.2.3 Virtual acoustics system: BRS

For practical reasons, a virtual reproduction basea binaural system utilising headphones
and head-tracking was used. This system, knownR& @inaural Room Synthesis, see e.qg.
Horbach et al., 1998, 1999; Rathbone et al., 20085 developed at the IRT (Institut fur
Rundfunktechnik, Munich) and was realised as a \W8&g-in (IRT, 2007) that can be run
within the host software Steinberg Nuendo. The R€3t running the MATLAB-based multi-
ple stimulus GUI, sent audio signals to the audiy Rinning Nuendo and the BRS plug-in,
see Figure 8-3.

Real room
Loudspeaker
and
dummy-head
BRIRs
) J
MATLAB
Synthesise systems
Calculation of filters
Y
MUSHRA
Stimuli NUENDO ] Headtracker
Switch incidence directions| | BRS Processor directional information |
Evaluate timbre
Auralisation
¥
1 n Listener w/

ﬁ‘%?‘@‘%?_il ----- H headphones &
| & | headtracking

Virtual room

Figure 8-3: Experimental system architecture, diagram from Hanselmann (2006)

The BRS filters were changed after each trial oleoto assess the next reproduction system.

BRS is a convolution-based system, i.e. it needausal measurements of BRIRs (Binaural
Room Impulse Responses) to correctly reproducevithgal sources. The filters used in the
BRS system were produced by utilising a databa€gRitRs measured in the listening room
of the IRT. By using this database, a natural BBiRRn arbitrary system consisting of single

loudspeakers in different directions can be produdde resulting BRIRs are produced by
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superimposing the BRIRs of the single loudspeakéthe system according to the driving
function of the system. A larger distance of ordiviiual loudspeaker is simulated simply by
a time delay and an according decrease of the tduble BRIR. A disadvantage of this pro-
cedure is that the reverb level is erroneously elsad. Hence, systems containing large dif-
ferences between the distances of the individuaddpeakers would not be auralised cor-
rectly. Furthermore, all individual loudspeakers aligned such that their 0°-axes are aiming
the listener. This is a consequence of the measmepnocedure of the database. In this pro-
cedure, the dummy head was installed on a turntaiidethe measurements for the different
directions were derived by rotating the dummy héat not the loudspeaker). Both com-
promises have no effect on the direct sound extmpthe assumption that the individual
loudspeakers are ideal monopoles. The compromreesad expected to be relevant for this

experiment.

Hence, the resulting BRIRs may be called quasiratbecause they do not exactly equal
BRIRs that would have been measured from the agistystem, but do contain all relevant
acoustical information without a meaningful compise The BRS system produces out-of-
head-localisation, which is a prerequisite of angamingful experiment about spatial and
timbral attributes. Only successful out-of-headaltsation avoids a system-inherent colour-
ation of the binaural reproduction (Rathbone et 2000). This is a very important aspect,
because the timbral fidelity of the test systerslithas to be better than the best source in
order to create correct grades. The results destiibsection 8.3 show that this is difficult to
achieve. In reality, some system-inherent coloaratemains even for head-tracked binaural
systems, which is presumably due to the use ofimdinidualised HRTFs or tracking errors
(Rathbone et al., 2000). Nevertheless, the syssenomsidered suitable for the task of the
experiment because the timbral differences appganithe experiment are mostly larger than
the assumed timbral differences due to the BRS8ysEurthermore, the negative influence
of the BRS system is equal for all systems of tkeament and should therefore not bias the

differences between the measured colourations.

A pilot test of this experiment was repeated oeal system to prove the applicability of the
BRS system by one subject, see Figure 8-4. Thaltfferent stereophonic techniques, level-
panning and time-panning, were assessed for tlmdouation. The results show that the
mean assessed coloration is slightly bigger and/éin@tion is higher for the BRS system. It
cannot be proven but it is assumed that this dewidtom real reproduction does not change

the colouration differences between the reprodoctistems.
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Comparison between BRS and real room

extremely coloured)
T

Colouration

not coloured, 5
o]
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Panning method

Figure 8-4: Pilot test, diagram from Wegmann (2005): Validation test of the virtual acoustic
system BRS. The colouration grade is assessed for the two stereo systems AL (level pan-
ning) and At (time panning), in both the virtual BRS environment and the real room envi-

ronment. Mean and 95% confidence intervals are shown for one subject and four trials. The
single blue dots denote individual results.

8.2.4 Stimuli

The stimuli of the experiment were dry pink noisgds of length 800 ms, with a fade-in and
fade-out time each of 50 ms (see also chapter)7 Ba2se were regarded to be most sensitive
to changes in the sound colour. The noise burstre@sated after a break of 500 ms until the
‘Pause’-button was pressed. The parameters ofdise bursts were chosen after a validation
in preliminary tests. The multiple stimulus GUI sedre was programmed such that the
stimulus was always completely reproduced withdwdnges. Pressing the buttons ‘REF and

‘A’ —‘H’ or the grey area (see Figure 8-2) ledaswitch between sources/anchors during the
subsequent break between the stimuli.

The dry stimuli were convolved in real-time withetltorresponding BRIRs of the current
system and azimuth to result in the binaural stimssessed by the subject.

8.2.5 Test procedure

The experiment took place in the same room as #asuorement of the BRIR database, this
being the ITU-R BS.1116 compliant listening roontled IRT. The subjects were sitting such
that the visual scenery matched as closely as lpgedtie acoustic scenery produced by the
virtual acoustics system. This means that they pesitioned in front of the real WFS test

array which was built of 32 small broadband spesak&his array was not active in the ex-
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periment, but it served as a visual anchor to sughe acoustic illusion. In this author’s ex-
perience it is mandatory for any virtual acoustistem to provide this visual anchor (even if
it was perfect), because the visual cues are irapbfor distance perception. A successful
perception of source distance was hypothesiseé twruxial for sound colour perception (see
chapter 3.6.2).

The subjects were asked to grade the perceivediradion of the stimuli in the multiple
stimulus GUI window (Figure 8-2) on a 5-grade sc@ely the extremes of the scale were

labelled with verbal descriptions:
Is there a timbral difference between the referesmoe the stimulus?

0='no difference’ (German: ‘kein Unterschied’)

4='extremely different’ (German: ‘extrem verscheex)

The attribute ‘colouration/timbral difference’ wdsfined as the perceived sound colour dif-
ference between the reference and the chosen sim@ilsmall training phase introducing
possible colourations was performed before the rexgat. Furthermore, the first two trials
were not used in the data, as the subjects neaaed 8me to accommodate to the experi-

mental conditions.

The test was split into a minimum of three sessionsrder to avoid listener fatigue. The

subjects were allowed to interrupt the test andicoa it at a later time.

8.2.6 Systems under test

Table 8-1 lists the systems assessed in the exgetritngether with the relevant system pa-
rameters. These are the name of the system, thberurh utilised loudspeakers (in order to
estimate its complexity), the spatial aliasing treqcyfai.s, the OPSI crossover frequency
f.ross @nd the depiction of the colour code in the tablee colour code is explained in Table
8-2 below.

The length of the array was 6 m. The OPSI systetifised phantom source speakers which
were spaced by 168 cm. Thus, in total 4 phantoncsospeakers were used. They were
placed symmetrically to the middle of the arrayeTistening position was at a distance of
1.5 m from the middle of the array. In other worth&® BRS system synthesised the systems

at this distance.
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System Spacing of | No. of Fotas [HZ] Foross [HZ] | Fatias > Foross
loudspeakers |loudspeakers

Real Sources . ~ 1 . - - (24000)

Stereo 173 cm 2 - -(0)

OPSI_3 ‘ 3 cm ‘ 200 ‘ 9600 ‘ 750 :
OPSI_3 ‘ 3 cm ‘ 200 ‘ 9600 ‘ 1500 1
OPSI_3 ‘ 3 cm ‘ 200 ‘ 9600 ‘ 3000 1
OPSI_3 ‘ 3cm ‘ 200 ‘ 9600 ‘ 6000 -
WFS_3 3cm 200 9600 - (24000) !
OPSI_12 12 cm 50 2400 750 1
OPSI_12 ‘ 12 cm ‘ 50 ‘ 2400 ‘ 1500 =
OPSI_12 ‘ 12 cm ‘ 50 ‘ 2400 ‘ 3000 !
OPSI_12 ‘ 12 cm ‘ 50 ‘ 2400 ‘ 6000 !
WFS_12 ‘ 12 cm ‘ 50 ‘ 2400 ‘ - (24000) !
OPSI_24 ‘ 24 cm ‘ 24 ‘ 1200 ‘ 750 .
OPSI_24 ‘ 24 cm ‘ 24 ‘ 1200 ‘ 1500 !
OPSI_24 ‘ 24 cm ‘ 24 ‘ 1200 ‘ 3000 !
OPSI_24 ‘ 24 cm ‘ 24 ‘ 1200 ‘ 6000 !
WFS_24 ‘ 24 cm ‘ 24 ‘ 1200 ‘ - (24000) !
WFS_48 ‘ 48 cm ‘ 12 ‘ 600 ‘ - (24000) I

Table 8-1: Systems under test. The WFS systems are labelled by the loudspeaker spacing
which is 3, 12, 24 or 48 cm. Systems containing significant aliasing are marked red (arrow
downwards). Systems with unnecessarily low crossover frequency are marked blue (arrow
upwards). Systems containing no aliasing and an as high as possible crossover frequency

are marked green (arrow right).

faias > foross; the crossover frequency is unnecessarily low 1

faias = foross; the crossover frequency is optimal -

faias < feross ; the crossover frequency is too high, there issalg
in the signal

Table 8-2: Three categories of OPSI systems, the same colour code is used in Table 8-1,

Figure 8-8 and Figure 8-14.
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The frequency responses of the OPSI systems apdsitions according to the ear positions
of the subjects are listed in Figure 8-8. There,dlferent contributions in the OPSI signals
are shown separately: the frequency response &VE® signal, its contribution to the OPSI
signal and the frequency response of the high-gagsantom source response. Using these
figures, the OPSI systems can be classified imeetlcategories, marked in the same colours

as in Table 8-1. This classification is descrihed able 8-2.

8.3 Results

Figure 8-5 shows the colouration grades of the émahors and the hidden reference. It can
be confirmed that the anchors span the whole sifatelouration grades. The results of the
four anchors are similar for all systems, whichfogars that the anchors do indeed act as a

recurrent scale that makes the results comparable.
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Figure 8-5: Results of the experiment: Colouration grades of the four anchors and the hid-
den reference. The mean of all trials is shown for each subject (left diagram) and each sys-
tem (right diagram).

Figure 8-6 and Figure 8-7 show the results of tkgegment. In Figure 8-6 the perceived
colouration is shown for each system and OPSI ox@sdrequencyc..ss Figure 8-7 sorts the
results of the OPSI and WFS sources Ry, In these figures the labels of the WFS and OPSI

systems describe the spacing and the crossovereineyf...ss as shown in Table 8-2.
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Figure 8-6: Results of the experiment: the perceived colouration is shown for all systems of
the test. The category is the OPSI crossover frequency in Hz.
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Figure 8-7: Results of the experiment: the perceived colouration is shown against the OPSI

crossover frequency in Hz. The category is the WFS loudspeaker spacing in cm.
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The following tables show whether the measurededifices are significant. A significant

difference due to the LSD test at a significaneellef 95% is denoted by an asterisk (*).

a) WFS_3:
fCl‘OSS 750
1500
3000 *
6000 *
pure WFS *
b) WFS_12:
fCI‘OSS 750
1500
3000
6000 *
pure WFS *
c) WFS_24:
fCI‘OSS 750
1500
3000 *
6000 *
pure WFS *
d) feross= 750 Hz:
System WFS_3 WFS_12
WFS_12
WFS_24
€) feross= 1500 Hz:
System WFS_3 WFS_12
WFS_12
WFS_24 *

f) feross= 3000 Hz:

System WFS_3 WFS_12
WFS_12 *
WFS_24 * *

0) feross = 6000 Hz:

System WFS_3 WFS_12
WFS_12 *
WFS_24 *

h) Pure WFS:

System WFS_3 WFS_12 WFS_24
WFS_12 *

WFS_24 *

WFS_48 * *

Tables 8-3: Significance tests of the differences in Figure 8-6 and Figure 8-7. A significant

difference due to the LSD test at a significance level of 95% is denoted by an asterisk (*).
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The main results of the experiment can be depiasefllows:

1. The reference, i.e. the real source does not haept@mal colouration grade (=0).

2. The real source and the phantom source, as wétieagptimal WFS_3/OPSI_3 sys-

tems have the best colouration grades.

3. The perceived colourations of the WFS and OPSEksystgenerally increase with in-

creasing array loudspeaker spacings.

4. An OPSI system can significantly reduce the perxzigolouration in comparison to

the corresponding WFS system.

5. The more the aliasing frequency exceeds the cressiwequency, the larger the
colouration. In other words: the colourations ims® with the amount of aliasing in

the signals.

6. When the crossover frequency is reduced below 3@00the colourations also in-

crease.

7. The achieved results are plausible, can be suftigi@xplained and thus are consid-

ered to be reliable.

8.4 Discussion of the subjective results
The discussion is organised by the list of obs@matabove.

Observation 1:

The reference, i.e. the real source does not havepéimal colouration grade (=0).

The least noticeable colouration is achieved withreference sources of the experiment. The
chosen HRTFs of the different reference sourcegaken from the same database, they are
congruent except for a rotation that correspondbiéadifference in sound incidence angles.
However, the grade for the reference source i9nethich would mean that no colouration

had been perceived. There are several reasorsefoeinaining colouration:

Firstly, no perfect real conditions exist in thgpexment. The difference between the experi-
mental system and the acoustic reality is primanilthe HRTFs, which were non-individual.
Other possible parameters leading to a non-pefteation of the virtual acoustics system
may be latency, headphone calibration and the absgia visual support for the acoustically

perceived sources (Rathbone et al., 2000).
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Secondly, there is an inherent problem with thjgetpf measuring procedure: the change of
position of the virtual source not only leads tdifference in sound colour, but also to a no-
ticeable difference in localisation attributes. Teeurce direction or distance, (or both)

change, which might influence the sound colour @gtion of the listener. The general postu-
lation that none other than the parameter undeérstesuld change in an experimental setup
cannot be fulfilled. Under ideal conditions thisadlge of localisation attributes can be per-
ceived as such, and it should be possible to éiffemte between these and the colouration

attribute.

Thirdly, it cannot be generally assumed that remirees at different locations sound the
same. The spatial decoding process associatessenWRRTF filtering (Theile, 1980), this

however does not imply that colouration due to phsition-dependent effect of the HRTF
can be fully avoided. This is particularly truethie localisation stimulus discrimination may

be impaired because of imperfect rendering toots (@ individual HRTFs).

Observation 2:

The real source and the phantom source, as weh@sptimal WFS_3/OPSI_3 systems have

the best colouration grades.

As expected, the real sources and WFS_3 sourcesthawest colouration grades. The spa-
tial aliasing in the WFS_3 system leads to a siedjradation in its sound colour perform-
ance, whereas the OPSI_3 with crossover frequen€i@d00 Hz and 6000 Hz have slightly
better grades. It may also be surprising that tenm sources (red bar) achieve the same

optimal grades.

Observation 3:

The perceived colourations of the WFS and OPSeBsysgenerally increase with increasing

loudspeaker distances.

The sound colour performance deteriorates withemsing WFS loudspeaker distance and
thus with an increased aliasing in the signal. €Rperimental results show that only the
WFS_24 system achieves slightly better grades tharWFS_12 systems, which cannot be
explained at this point. The objective analysishef next sections leads to a possible explana-

tion of this result.

Observation 4, 5 and 6:

An OPSI system can significantly reduce the peeckoolouration in comparison to the cor-

responding WES system.
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The more the aliasing frequency exceeds the cressmquency, the larger the colouration.

In other words: the colourations increase with #mount of aliasing in the signals.
When the crossover frequency is reduced below Bl2Qthe colourations also increase.

Figure 8-8 shows an overview of the used systems.green, blue and red frames illustrate
how good the chosen crossover frequency matchesphtal aliasing frequency. Corre-
sponding to Table 8-1 and Table 8-2, the greentddpboxes show the conditions in which
the crossover frequency is chosen ‘optimally’, iteere is no aliasing and the crossover fre-
guency is not too far below the aliasing frequeridye red (dashed) boxes show the condi-
tions in which there is aliasing in the signal @hd blue (solid) boxes show conditions in

which there is more phantom source contributiom thauld have been necessary.

A possible interpretation of the results is: an OBR&tem applying the optimal crossover
frequency (green box) always achieves the besilpesesult for any WFS loudspeaker dis-
tance. When the crossover frequency is too highaliasing in the signal) or too low too
little WFS information) the sound colour performans degraded. Note that the OPSI sys-
tems OPSI_3/750 Hz, OPSI_12/750 Hz and OPSI_24H5@roduce a similar signal, as
there is a perfect WFS signal below the same cvesgoequency and similar stereo bases for
the stereo part. It makes no difference whetheruhaliased WFS signal is produced by a 24
cm-spaced, a 12 cm-spaced or a 3 cm-spaced arhey.same is true for the systems
OPSI_3/1500 Hz and OPSI_12/1500 Hz.

A reduction of the crossover frequency below 30@0é4ds to a degraded sound colour per-
formance. This can be read from the results ofQR&|_3 system. The same rule is valid for
the other systems, only that the existence of iatial the signal gives even worse results.
This also means that for best results, the crosdosguency cannot be reduced further than

the aliasing frequency.

Observation 7:

The achieved results are plausible, can be wellaéxed and thus are considered to be reli-

able.

The plausibility of the observed results is higihey can be suitably explained by the pre-
sented interpretations. The mentioned differencesignificant (see Tables 8-3). The grades
for repeated stimuli show a good match. The colmumagrades of the anchors used were

rather similar for all trials, see Figure 8-5.
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8.5 Objective analysis

An objective analysis of the experiment stimuli nbegd to a better understanding of the ob-
tained results of the listening test. The perceis@duration may for instance be ruled by the
actual differences in the resulting ear signalss Would make the analysis considerably eas-
ier and would enable a solid basis for quality prigoh and optimisation. The existence of

this dependence is also the key to the fundamentdtion of the applied perception mecha-

nisms.

The objective analysis includes an analysis ofdlsystem parameters:
- The free-field transfer functions
- The free-fieldoinaural transfer functions

The free-field transfer functions are analysedroteo to confirm the correct simulation of the

reproduction systems and to evaluate the degreeroéctness of the sound field. They are
plotted here to provide an overview of the systefthe experiment. Figure 8-8 shows the

free-field transfer functions of the 15 OPSI systesimulated at a distance of 1.5 m from the
array. The free-field transfer functions can besiipteted as the simulated response of two
omni-directional microphones spaced at ear distém¢lee listening area. The red and green
graphs show the WFS and the stereophonic parteo€dimbined OPSI signal. The figure is

organised as a table in which the x-axis contdiesfitve different crossover frequenciggss

and the y-axis three different WFS loudspeakerisgaéx.

The OPSI principle can be easily retraced by tigaré. The perfectly flat response below
faias: the aliasing and the stereophonic comb filtedrgclearly visible. The different systems
are classified by coloured frames that indicate kel the crossover frequen€y,ss matches

the spatial aliasing frequenty,s. The colour code corresponds to Table 8-2.

The frequency responses of Figure 8-8 can helmatyaing the sound field and its physical
parameters. However, for this investigation, thiegsasfer functions are not as interesting as
the actual ear signals, and more precisely theerdifice between the ear signals of the
sources. Hence, the differences between the bingaresfer functions from different source

positions is the decisive physical measure.
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Figure 8-8: Free-field transfer functions (omni-directional microphones at ear distance).
Frequency responses are smoothed with critical band filters. The figure shows an arrange-
ment of the OPSI systems by loudspeaker spacing (y-axis) and crossover frequency f.oss (X-
axis). The colour code of the frames corresponds to Table 8-2.
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The BRS system utilises ear signals that must aotii@ room acoustics in order to produce
out-of-head-localisation. For the analysis, onlg tlirect sound without the reflections and
the reverb tail is used, as the differences betwikerBRIRs are mainly in the direct sound.
Furthermore, the direct sound in particular is asl to be salient for the perception of

colouration in this experiment.
‘Internal spectrum’, ‘central spectrum’

This investigation adopts an easy approach to gindithe perceived colouration. The pre-

diction utilises a combination of the left and tigtar signals, and literature suggests the ‘in-
ternal spectrum’ or ‘central spectrum’ for thiskd8ilsen, 1977; Zurek, 1979; Kates, 1985;

Briiggen, 2001a, 2001b; Salomons, 1995). The cespeadtrum is generally considered as the
spectrum evaluated by the auditory system aftefateisation of the source. It is generated
by averaging the left and the right power dengitgcs$ra. Raatgever and Bilsen (1986) intro-
duce the CAP (central activity pattern) functiorieh is a realisation of the central spectrum
model including weighting functions for frequencgndnance and reflection delay time. As

the input signals for the prediction describedhis tthapter were binaural signals, a further
weighting could be omitted. The weighting of delaies is not adequate for WFS due to the
dense sequence of the individual loudspeaker signahe response of a WFS signal. Zurek
proposes a compression of the amplitude spect@édfie central averaging — it should be
noted that his motivation was the best fit of thechAterion (see below) and not a fundamen-
tal explanation of the meaning of this compresstuch a compression is not applied in this

investigation.

Furthermore, a critical-band filtering is performeéfore the averaging to simulate the fre-
guency analysis properties of the auditory systé&his critical band filtering is realised

through a Patterson filter bank.

The central spectrum is the starting point for edpstion of the colouration. The next section

will introduce this aspect.
‘Spectral alterations’

The intra-system spectral differences in the biaktnansfer functions between the repro-
duced sources, processed after the central spetheony, will be referred to aspectral

alterations. The spectral alterations of the experiment'seys are given in Figure 8-9.
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Figure 8-9: Spectral alterations = intra-system binaural transfer function differences be-
tween the reference direction and the other source directions, processed after the ‘central
spectrum’ theory.
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8.6 Prediction of the colouration perception

The perception mechanisms described in chaptedi8es fundamentally. One of their main

differences is the relevance of the actual existiagsignals for perception. It is hypothesised
that the superimposed signals existing in sterewmighdstening are not directly processed as
is the case for a single source. A certain proeedfisignal stream segregation or decolour-
ation may be effective and change the listenerieguion. A prediction of the perceived

colouration based solely on the spectral alteratimay therefore lead to different results for
the different system types because it does not it#tkeaccount the hypothesised listener’s

ability to segregate or decolour.

The prediction is attempted by performing a regogsanalysis. It is based on the measured

spectral alterations and the perceived colouragaihered in the experiment.

Predictors

The spectral alterations are a frequency-dependeasure. Thus, in order to enable a predic-
tion based on the spectral alterations, the retewdormation has to be extracted and con-
verted into a single value. The goal is that thes parameter correlates with the perceived

colouration. In the literature, different proposfalsthis task exist:

- Ag-criterion: measure defined by Atal et al. (1982¢newed definition by Salomons
(1995): “Coloration is perceptible if the maximum modulatidepth (i.e. the level
difference between maxima and minima) of the spectonvolved with auditory fil-
ters) exceeds a certain thresholdhe Ay-criterion was used as a quantitative meas-

ure in this investigation. This will be called thg-measure.

- Peak-to-trough ratio: measure that is similar tgnfeasure, used in (Krumbholz,
2004) and (Zurek, 1979).

- Byo-criterion: measure defined by Atal et al. (1962¢newed definition by Salomons
(1995): “Coloration is perceptible if the area of the autweelation peak belonging
to the delay time of the most dominant reflectioceeds a certain threshold,Bior-
malised on the area of the peak at zero delay tinfdhe By-criterion measures
colouration due to a distinct reflection and is soitable for the task of this experi-

ment.

- Spectral deviation (SD): standard deviation ofgpectral alterations on a logarithmi-
cal frequency scale. It measures the mean deviafidhe spectrum from its mean

value. The standard deviation has to be calculated the graph in logarithmical
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frequency representation to correspond to audjtergeption. This measure was used

by Berkley (1980, cited in Briggen, 2001a). It $&d in this investigation as well.

- De-criterion: measure that is similar to SD, use@alomons, 1995)

These predictors are comparably crude measuresutbalefined without a precise psycho-
acoustic justification. It cannot be expected thaty fully agree with actual perception. One
problem is: the difference between two spectra dagsincorporate the absolute spectrum
which is likely to have a significant influence perception. For instance, it is known that
peaks are more prone to be perceived than notskesFigure 8-10 and (Bucklein, 1981).
Furthermore, there is no weighting applied to cdeisthe unequal influence of different fre-
guency bands on the colouration perception (Tsakirial., 2005). Briggen (2001b) detected
a ‘dominant contribution to colouration’ of frequees below 2 kHz. The mentioned meas-
ures will provide a rough prediction and the reswill show if this is sufficient for the aim

of this investigation.
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Figure 8-10: from (Biicklein, 1981): Audibility of peaks and notches at 3.2 kHz. 100% of the
subjects detected the peaks of 10 and 20dB, whereas only 10% detected the 10dB notch
and 40% of the subjects detected the 20dB notch.

Regression

It can be seen from Figure 8-11, Figure 8-12 amglifeéi 8-14 that the regression based on
predictors A-measure and spectral deviation produce rather gesdlts in terms of the
qualitative distribution of the results. The qualiff the regression can be read from tHe R

values (R= squared correlation coefficignt

+ predictor A-measure: R= 0.69

« predictor spectral deviation SD?R 0.69
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« multiple regression using predictorg-heasure and spectral deviation SB=F0.76

The multiple regression based on both predictgrmm@asure and spectral deviation SD leads
to a better performance in spite of the high catreh of the predictors of 0.81. The relevant

statistics do not confirm collinearity.

Spectral alterations of stereo and WFS

The differences in the frequency responses whiohbeadeduced from Figure 8-8 and Figure
8-9 show that the stereophonic contribution isedéht from the WES contribution regarding
shape and amplitude. It would seem that the stb@up signals generally have less spectral
alterations in the higher frequencies. The predscghown in Figure 8-11 and Figure 8-14
confirm this observation. The rationale can be tbbg analysing the time domain signal for
the two cases stereo and WFS. The superpositiredfvo (or more) loudspeakers creates a
comb filter, which is defined by the path differerfeetween the signals at the receiver’s posi-
tion. This path difference defines the peak-to-pdiskance in the frequency response which
is constant throughout the whole frequency range. Jreater this peak-to-peak distance, the
smaller the fundamental frequency of the combrfiléaend the lower the frequency for which
more than one peak falls into one critical bandsTheans that stereophonic signals with a
large path difference between the two loudspeattensot have significant comb filtering in
the higher frequency ranges due to the smoothindpdygritical band filtering. The minimum
path difference is significantly larger for sterbopic setups than for WFS. This is particu-
larly true for a two-channel stereo setup in whioh two loudspeakers are positioned in suf-
ficiently different directions (usuallyt 30°). Also, head shadowing further decreases the
comb filter effect for frequencies above 2 kHz.r8tghonic setups that do not correspond to
these descriptions are indeed known for worse catmn properties. Examples include a
stereo setup at the side of the listener, or a&ateetup consisting of more than two loud-

speakers which reproduce coherent signals.

A surprising result of the subjective data desctilmethe last subchapter was the difference in
the colouration grades of the systems WFS_12 an® \@# (see Figure 8-6). It was ques-
tioned why the system WFS_ 24 was graded better tiarsystem WFS_12. Indeed, both
chosen predictors show the same property (Figurg)8The prediction grades WFS_24 bet-
ter than WFS_12. This confirms the quality of tihediction for the pure WFS systems.
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Figure 8-11: Results of the experiment as predicted by different measures based on the

spectral alterations. Left figure: A,-measure, right figure: spectral deviation SD. Compare

with Figure 8-6.
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Residuals

Two figures can be observed, which are relateti¢caccuracy of the prediction. Figure 8-14

shows the prediction against the mean colouratiades of the experiment. The standardised
residuals of the regression based on predictorar8DA-measure are shown in Figure 8-13,

where positive residuals correspond to an undematitn of the colouration and negative

residuals to an overestimation of the colouration.

The results show that the prediction quality isedefent on the type of system. The systems
containing aliasing (red, solid arrows in Figurd®-red colour in Figure 8-14) are mostly
underestimated in their colouration, whereas trstesys without aliasing but with a stereo-
phonic contribution (blue and green arrows in F&8¢13; blue and green colour in Figure
8-14) are mostly overestimated. This means thapéneeived colouration of the stereophonic
systems is lower than was predicted by the speaitexiations. This leads in to confirming the

hypothesis that stereophonic perception is diffefrem conventional auditory perception.

Regression based on SD and A0

2,0 .

- | 7| . match of f_cross
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Figure 8-14: Regression analysis: The mean colouration grades of the experiment are
drawn against the mean predicted values. Green and blue systems (no aliasing) are pre-
dicted and graded better than red systems (with aliasing). These colours correspond to
Table 8-1 and Table 8-2. Systems containing stereo (green, blue, purple) are rather overes-
timated, aliased systems (red) are rather underestimated in their colouration by the predic-

tion.
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8.7 Discussion of the prediction

Prediction accuracy

The prediction described in the preceding secsosoimewhat vague. It cannot be the aim of
this investigation to find a more accurate predittior several reasons. Firstly, the achieved
results already show a certain difference betwbensystems, and indeed this difference is
more interesting rather than absolutely accurageo&dly, a more accurate prediction would
result in an enormous increase of complexity, edicepthe scope of this task within the in-
vestigation. Lastly, even if this was done anddbmplexity was increased, it is not expected
that the perception would be simulated significabitter. Literature shows that colouration
perception is a difficult task and that a reliablgective measure does not yet exist as long as

binaural perception is considered (Briggen, 20T%Bkiris et al., 2005).

In spite of the crudeness of the chosen measuresprediction results in an unexpectedly
high correlation. This means, the results of thiehing test described in this section correlate
to the relevant predictors to a surprisingly higlyke. The Rvalue of the prediction based
on all test signals is®R0.76 whereas the prediction based only on the YMES signals even
result in R=0.81.

Spectral alterations
The results of both the objective and subjectivasuees show some basic properties of the
OPSI principle and therefore may help reveal soamcbproperties of stereophonic percep-

tion.

The prediction leads to the conclusion that the IGIP8 stereo sources show less colouration.
Keeping in mind that the prediction is based orogmdtion perception as suggested by the
summing localisation theory, this theory seemsdaconfirmed by the results. The spectral
deviation SD and the Ameasure of the OPSI sources are in most casetesithan those of
the pure WFS sources as described in the precediign. Also the predicted colouration of

the pure phantom sources is much smaller tharoftthe pure WFS sources.

This leads to the conclusion that the existing spealterations most likely influence colour-
ation perception also for stereophonic sourcesedims that a stringent function of the asso-
ciation model cannot be derived from these resaighis would result in a higher independ-

ence of the colouration from the spectral deviation

On the other hand, the analysis of the residualSigare 8-13 and the regression in Figure
8-14 showed that the sources containing stereophsighals were overestimated in their

colouration. This supports the idea of an existiegolouration of these signals. Though the
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decolouration of the perceived signals existspisinot seem as effective as would be sug-
gested by the association model. It can be hypishetshat decolouration due to stream seg-
regation as suggested by the association modelrdiidead to a full separation regarding the
colouration perception. Consequently, this wouldhméhat the auditory system is only able

to some degree to recognise the original sounducolexperiments by Briggen (2001b)

showed that the perceived sound colour of a bihaigaal often equals the predicted sound
colour as perceived by the less coloured ear. ierotases, however, this ‘binaural advan-

tage’ was larger.

Relationship between locatedness and colouration

In a preparatory pilot experiment, different st@teanic techniques were used to create the
phantom source shift. A phantom source shifteceloglldifferences was compared to a phan-
tom source shifted solely by time differences. Tasults of this comparison showed that
colouration was higher for the time difference ghansource compared with the level dif-
ference phantom source, see Figure 8-4. Furtherteedocatedness was found to be infe-
rior. The prediction based on the spectral altenstiwould suggest the same result. Again, the
conclusion is: the colouration performance of ttereophonic reproduction depends on the

spectral alterations to a certain degree.

A second conclusion may be even more importamtat observed that the attributes located-
ness and colouration are related. The time-panhadtpm sources were inferior in terms of
both locatedness and colouration. It would be @#ting to know whether the imperfection of

one attribute implies the imperfection of the other

A second pilot experiment was performed in ordereteeal the relationship between colour-
ation and aliasing frequency. As it was plannegéadiorm the experiment on a real WFS
setup, the aliasing frequenfy,s had to be increased with the help of a specialqrore. It is
known (see chapter 9.3.1) that for focussed sowaaecrease in the source-listener distance
leads to an increase fjf.s. Therefore, the source-listener distance was ddnyepositioning a

focussed source at different distances. Hencgam@s high as 7 kHz could be produced.

The expected dependency between aliasing and edloorwas detected, but more impor-
tantly, an anti-correlation between locatedness atduration was found. It turned out that
the source-receiver distance was a parameter idfiog the results significantly. Figure 8-15
shows plots with the results of this pilot expenmé& he sources with the decreased focussed
source distance were more difficult to localise &ad an increased colouration. Thus, the
decreased locatedness apparently also influeneedahnd colour properties of the virtual

source. The relationship between these two atghig shown in Figure 8-15c. The result of
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the stereo setup (semi-solid circle) identifiedgmidicant difference between stereo and WFS
reproduction. The experiment showed that only teees source can show good colouration
grades along with rather bad locatedness gradésrdsult can be interpreted by discriminat-
ing between the localisation of the separate log@kgr signals — which is successful — and

the fusion of the phantom source which creategliffigsion of the localisation.
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Figure 8-15: Second pilot experiment (after Augustin, 2004) applying focussed WFS
sources at different source-listener distances. The attributes colouration and locatedness
are gathered independently. They are plotted against the aliasing frequency and against
each other. High figures mean good locatedness and large colouration respectively. The

parameter is the source-listener distance.
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Theile hypothesised that the success of the latassociation determines the success of the
decolouration (Theile referred to it as ‘inverdeefing’). He explained that in the case of an
increased colouration in stereophonic reproductios is due to a decreased success of the
location association stage. In his experiment, [Ehattificially deteriorated the success of the
location association stage, for example by intrauydelays to one of the ears. These signals
have the same central spectrum as natural sigoathdy are not natural. This indeed caused

an increase of the perceived colouration (The®&0).

8.8 Summary of chapter 8

WEFS properties

Spatial aliasing introduces colouration to theuattsources in WFS. Aliasing is particularly

disturbing because it changes rapidly with souncéistener movements and considerably
large amplitude peaks and notches are noticeabte tige highest frequencies. The colour-

ation can be predicted with comparably good acgubgcan analysis of the spectral altera-

tions of the ear signals. Colouration generallgependent on the aliasing frequency and the
shape of the aliasing, i.e. the peak/notch distamtkthe spectral deviation. In the experi-
ment, a significant difference in the sound cologproduction between the different WFS

systems was found.

Perception of stereo

Stereo showed the least colouration of all systémaddition, the spectral alterations were
smaller for the stereo and OPSI sources. This mératghe spectrum of the source is often
flatter in the case of stereo compared with typ\&S. Though comb filtering exists, the
better spectrum can be explained by the head sliagand the smoothing due to critical

band filtering.

However, both the stereo and OPSI sources weredaetter than predicted from the spec-
tral alterations of the ear signals. Hence, theegrpental results show that the perception of
stereo is to be regarded differently from that oF$V This suggests the existence of some
kind of decolouration which leads to an improvemehsound colour perception in stereo
reproduction, similar to the decolouration of arsbsgource in a reflective environment. It is
hypothesised that the decolouration is successfidoan as the auditory system is able to
segregate the interfering sound contributions. T¥as similarly described by Theile in his

‘association model’.
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A stereophonic reproduction therefore has advastager WFS, because in WFS the discrete
loudspeaker signals cannot be segregated due itoddesity in arrival time and incidence

angles.

The segregation cannot be considered as leadiag ibeal separation with regard to localisa-
tion and sound colour perception. The described @hdr experiments have shown that a
certain dependency of the perceived sound colouthensuperimposed sound field exists.
This leads to the hypothesis of a partial decokiaman stereophonic perception. It can be

considered an interpretation of Theile’s assoamtmdel.

OPSI performance

The sound colour properties of a WFS virtual sowae be optimised by avoiding aliasing.
Both theoretical and practical investigations halrewn how an introduction of stereophonic
techniques to WFS can help avoid colouration actsfal he results show that both the spec-
tral alterations are minimised and the colouratmarception is improved by the OPSI
method. The theoretical assumptions and the ptsapOPSI, being a hybrid reproduction

technique of WFS and stereo, are confirmed in fpe@ment in relation to colouration.
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9. Experiment 3: Relevance of the wave front curva-

ture for distance perception in WFS

9.1 Introduction

The aim of the investigation described in this ¢bafs to examine the auditory perception of
the distance of WFS virtual sources. The studgssricted to an evaluation of the validity of
the wave front curvature for distance perceptiormdixred (or static) listening position. Theo-
retical investigations aim to find evidence for thastence of distance-dependent differences
in the ear signals. The experiments examine thiartie perception of nearby virtual WFS

sources as well as natural sources under aneohiititions.

The chapter starts with this introduction, presenthe objectives of the investigation. Sec-
tion 9.2 introduces the experimental setup on witheh simulations in section 9.3 are also
based. The experiments are presented with an inttimeh of their design (section 9.4) and a
description of the results for real sources (secfd), and for the virtual sources (section
9.6). Further considerations on the reproductiohe#d shadowing in WFS are presented in

section 9.7. A summary and the conclusions arengiveection 9.8.

This investigation is based upon the discussionpréteding chapters. The basic cues for
distance perception were described in chapter .2THhé specific properties of WFS for the
reproduction of source distance were discussedcapter 4.3.5. Finally, a comparison be-
tween WFS and stereo regarding this attribute vemfopned in chapter 6.5, where the ra-
tionales for the investigation described in thigier were developed and the objectives de-

fined.

This investigation is restricted to the possibliéedénces between WFS and stereo at a fixed
listening position only. This means that cues amd to both reproduction techniques, or
available only with listener movements, are ignoréde investigation concentrates on the
remaining differences regarding the physical progeof the sound field that could provide a
cue for distance perception. These differencesisbnosly in the reproduction of the wave
front curvature. This study reveals the meaninthefcues related to the wave front curvature

in WES on a fixed listening position.

As a solution for multiple or moving listeners, theecific advantages of WFS are apparent,
and some of its properties are superior to oth@orkiction techniques. However, the role of

these properties on the acoustic perception ateal fistening position has not yet been suffi-
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ciently investigated. On a fixed listening positioeither the size of the listening area nor the
possibility to move therein are relevant, and thusuperiority of WFS regarding distance

perception cannot be claimed based on existing latye.

Due to the focus of this investigation on the wéeat curvature, the virtual sources have to

be at a close distance to the listener becausettoeg are the potential cues valid. Hence, the
virtual sources used in this experiment are foalisseirces. The specific perceptual proper-
ties of focussed virtual sources in WFS need talibeussed separately: the weight of the
direct sound cues is apparently higher compareattier virtual sources due to the increased
direct-to-reverberant energy ratio. Furthermore,itfiluence of any reflections from the array

speakers themselves is considered particularlyribisty because the array reflections arrive
before the early reflections of the virtual souss®l therefore can hardly be masked (see
Figure 4-19 in chapter 4.2.8). Hence, erroneous &uredistance perception exist which can-

not be overridden by the acoustics of the virteain and the direct sound cues would be the

only correct cues to be interpreted by the audisystem.

For these reasons, the (elsewhere very importssuigiof reflections and reverberation is left
aside in this investigation. Concentration is pporuthe direct sound cues for the perception
of (nearby) sources and their reproduction over VdR8ys. These can be examined under

anechoic conditions.

9.2 Setup for experiment and simulations

The experiment aimed at measuring the perceiveadrtie of nearby virtual and natural (real)
sources. An experimental setup was created inrtaeh@mic chamber of the IRT, Munich. Its

volume is 80mand its floor size is 4.5 - 6°mits lower limit frequency is 80 Hz.

Figure 9-1 shows the array/source/listener geom@&tng listener’s ear axis is perpendicular
to the WFS array (synthesising a virtual source)) the real source respectively. The right ear
points to the (virtual) source; the left ear isnedt away from the (virtual) source. This head
orientation was chosen because the binaural diféex®e are maximum for this case. The vir-
tual or real source is denoted by the dotted loealsgr in Figure 9-1. The subjects could

move their head freely.
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The distance between the source and the centiedistener’'s head is called the source dis-
tanced. The distance between the array and the listenealled the array distanee Fur-

thermore, the distance between the source andrideia the source positian(=a — gd.

Table 9-1 and Figure 9-2 show which distandesd corresponding source positiansere
chosen. In the case of WFS, positive source positamrrespond to focussed sources, hega-

tive source positions correspond to sources behimdrray.

The non-focussed virtual sources behind the arte0(m and 1.90 m) will be indicated by

dash-dotted lines in the figures of the next sectio

The linear WFS array consists 0f= 16 loudspeakers with an interspacingsf= 17 cm.
This makes an array length of 2.55 m. Tapering peaformed using a spatial window (Han-
ning window), equalisation was performed accordmthe WFS driving functions (see chap-
ter 4.2.1).

As a real source, a single small loudspeaker ofythe ELAC 301 (width = 9.1 cm) was cho-

sen. Further details on the experiment design epectkd in section 9.4.

= e e e e e S = S ST ----
Z
e i i i R o i ] —_———-
........ ' N
Source
d Position a
Source Array
Distance Distance

Figure 9-1: Array-source-listener geometry for the simulations/experiments: the (virtual)
source (red dotted loudspeaker) is located on the ear axis which means the sound propa-

gates perpendicular to the listener’s line of sight.
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Figure 9-2: Illustration of the experiment geometry with all source positions of the experi-
ment. Illustration from (Kerber, 2003).

Source distancal Source positionz
1.90m -0.65m
1.50m -0.25m
1.10m 0.15m
0.85m 0.40m
0.65m 0.60 m
0.45m 0.80m
0.25m 1.00 m

Table 9-1: Source distances d and corresponding source positions z used in the experiment.
Two of the virtual sources (written in italic) were synthesised behind the array, the others

in front of the array.
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9.3 Theoretical analysis of the real and the synthe  sised wave field

Before the experiment is described, theoreticabnlagions and simulations are presented in

this section which will be an important basis farexplanation of the experimental results.

9.3.1 Physical deficiencies of focussed sources in WFS

As discussed in chapter 4.2.3, a WFS virtual soisro®t a perfect copy of the real source for
several reasons. This applies to virtual sourcdsntethe array, as well as to focussed
sources. Focussed sources furthermore have a lspitias in WFS. They are not derived
from basic WFS theory. Boone et al. (1996) stdabeie might argue that the situation with a

virtual source in front of the array is not in agment with the Kirchhoff theory, which states
that the source must be behind the array. Howewer,synthesized virtual source is not a
true source and could also be present due to asfing transducer behind the array, indicat-

ing that the theory is applicable indeed.”

Focussed sources have different properties comparadrmal virtual WFS sources behind

the array. These properties will be summarisediggection.

*w’

Figure 9-3: Snapshot of the pressure field of a focussed source, synthesised by a WFS ar-
ray. The virtual source emanates a sine wave of a frequency well below f,;.s. The array
speakers are indicated by blue circles. Tapering is applied. The sound image is not correct
for listening positions between the focus point and the array. The pink circle indicates a

possible listening position.
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Listening Area

The correct wave front is synthesised only behindHe propagation direction of the array)
the focus point. In other words, for correct petuep the source has to be between the lis-
tener and the array. In fact, the wave front cumeats synthesised correctly also between the
source and the array. However, in this area, tbpggation direction of the sound is reversed,
meaning that the sound emanates from the arrapainés desired, from the source. A snap-

shot of the pressure field of a focussed sourgéven in Figure 9-3.

Spatial aliasing

Spatial aliasing limits the correct synthesis @& ound field in the upper frequency range. It
depends on the travel time differences betweercadjarray loudspeakers. Above the spatial
aliasing frequencyas, the sound field is neither spatially nor specyrathrrect. In the case of
focussed sources in WFS, the travel time differefmween adjacent WFS array loudspeak-
ers are rather small. The contributions of theyalwadspeakers are synthesised such that they
focus in one point, this being the virtual sourosipon. That means that their travel times are
designed such that they arrive at the source paosdt the same time. Consequently, at a
small distanced from the source, the travel time differences betwadjacent array loud-
speakers are very small. This malkgs very high. For greater source distances, the frave
time differences are bigger, leading to a decredggd This can be seen in Figure 9-4 in
which the frequency spectra of focussed sourcefiffarent distances are shown. The in-
crease 0f,,s With decreasing source distances can be deducedtirese graphs. In the ex-
ample in Figure 9-4,s is about 3 kHz for a source-receiver distance.®il. A decrease of

the source-receiver distance by a factor of 2 léadsdoubling ofyas .

The spatial aliasing frequenéyi.s of a non-focussed source is significantly lowee do the

bigger travel time differences.

Low frequency level

For a focussed source, the level of the lower feagies does not increase with decreasing

virtual source distance in the same way as fordrigfequencies (which follow th% -law).

This leads to a distance-dependent level roll+othie lower frequency bands. This failure can
be explained by the nature of acoustic focussinghé context of ‘time-reversal acoustics’
(or TRM = ‘time reversal mirror’), Fink (2002) deglues that focal points always have a

minimum size ofA/2. This also applies to focussed sources in WE@nHR-igure 9-4 it can be

seen that only for distances roughly abav2, the frequency spectrum is flat. With further
decreasing distances the focal point size is undgrieading to a lack of level increase for

the lower frequencies, i.e. a loss of low frequescOne can of course equalise the frequency
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response with respect to a reference receiveriposit the cost of an over-emphasis of low

frequencies for larger distances.

=51, 2=1, dx=0.17, harming-tapering, terts-smoothed
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Figure 9-4: Spectrum of a focussed source at different source-receiver distances d. The
spatial aliasing frequency can be deduced from the graphs as well as the low frequency
roll-off. (d see legend (in m), source at z=1 m, linear WFS array, n=51 loudspeakers with

an interspacing of Ax=0.17 m, tapering by Hanning window)

Diffraction effects

The diffraction effects have to be considered dé#ifely in the case of focussed sources. The
relevant time difference of the truncation that entids the creation of diffraction effects is
very small. This makes the fundamental frequencyhefresulting quasi-comb filter rather
high leading to significant rippling depending dre tsource-receiver distance (see also de
Vries and Berkhout, 1981). The ripples can be padiberved in Figure 9-4. In the frequency
spectrum they are located between the low frequén®t decay and the unaliased, flat fre-

guency area.

Figure 9-4 also illustrates the amplitude distiidoit i.e. the relationship between source dis-
tance and the sound pressure level of the sousmd &oubling of the distance leads to a de-

crease of less than 6 dB as it would be in the ohsatural sources. Hence, the spatial inten-

sity decay fails to meet th% -law. This is due to the reduction of the synthelmsensions

to the horizontal plane (see chapter 4.2.7). Fercthrrectly synthesised contribution, the spa-

tial amplitude decay can be described by the fallgwiormula. The amplitudes of the incor-
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rectly synthesised contributions in lower and higfrequency bands decline differently,

which in general means less strongly.

p~L ; (after Verheijen, 1998)

Jda

Level of a virtual source measured at a certaitadi®e from the source
with  p =sound pressure,

d = source distance,

a = array distance.

for the geometry see Figure 9-1.

To summarise, the desired flat frequency responselieved only for the mid frequencies,

the range and position of this correctly synthebsantribution depends on the distaicnd

the array set-up. The spatial intensity decay iallemthan suggested by tI% -law.

9.3.2 Origin of the simulations

Different aspects are likely to influence the expental result and therefore a careful separa-
tion of influential parameters is necessary. Thesameters are analysed in a number of fig-
ures in the following subsections. Two aspectsamaysed separately: on the one hand the
influence of the properties of the sound field Iftsee. the amplitude distribution, spatial

aliasing, etc, and on the other hand the impadteald shadowing. Hence, the sound field is

analysed both with and without the influence oflteener’s head.

The following measures are important for this asialyFigures containing analyses of these

measures are summarised in Table 9-2.

a) The distribution of the sound pressure level fal @nd virtual sound field- this is the
sound field_withouthead shadowing. Figures showing this measure attenvin bold
fonts in Table 9-2.

b) The ear signals for real and virtual sound fieldthis is the sound field withead shad-

owing. Figures showing this measure are writteiteiinc and redfonts in Table 9-2.

In the following Table 9-2, column 1 lists figuresntaining the level spectra at different
distances, while columns 2 and 3 list figures cioitig the leveldifferencespectra at differ-

ent source distances.
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Row 1 corresponds to the reference source (‘raaked, a single loudspeaker. Row 2 gives

the plots for the WFS virtual sources.

Source Level spectra ‘No-Head ILD’, ILD
see chapter 9.3.3

Real source Figure 9-5 Figure 9-6 Figure 9-9

WES Virtual Sources | Figure 9-7 Figure 9-8 Figure 9-10

Table 9-2: Summary of the diagrams in sections 9.3.3 and 9.3.4

The derivation of these figures needs some exptanat

Figure 9-9 was derived from an HRTF (Head relatedsfer function) measurement using
the dummy-head Neumann KU 100i and small ELAC 3Gi#lth = 91 mm) loudspeakers.

Figure 9-5, Figure 9-6, Figure 9-7 and Figure 9e68enderived from simulations. These simu-
lations are based on the following assumption: WHES array consists of ideal monopoles

and the real source is an ideal monopole, too. figans the intensity decay of both the sin-

gle array loudspeakers and the real sources obey}{t -law. The simulations only include

simple calculations of travel time and amplitudealeof the involved (secondary) sources.

Figure 9-10 is a simulation based on an HRTF da®lpaeasured in the IRT listening room
using the dummy-head Neumann KU 100i and the lcemlsgr K&H 0100. These HRTF

data are available for azimuth directions at alugem of 6° (that is, 60 measurements in the
horizontal plane). The respective HRTFs used ferdimulations necessitate a finer resolu-
tion and therefore are derived through an intetpmiain the frequency domain. Due to the
fact that the HRTF database was measured usingingdummy head recording the 0° axis
of a loudspeaker, this simulation is also basedhenassumption that the array consists of

ideal monopoles.

9.3.3 ‘No-Head-ILD’ as a measure of the sound field without head shadowing

The levels of a real source observed from certaimce distanced (for the setup see Figure
9-1 and Figure 9-2) were simulated in Figure 9r5thie simulations the levels at the two po-

sitions of the ears were calculated, i.e. two pmsitat a

distance= d + (eardistancg?) ;
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The ear distance was set to 17 cm.

As there is no head in this situation, no head @lvad) occurs. However, due to the similar
geometry, i.e. the same distance between the tvesumement positions, the level difference
between these two signals is called the ‘No-Hedd-Illt corresponds to an ILD measure-
ment except for the fact that no head shadowingu@ing pinna and ear canal effects) oc-

Ccurs.

The % -law dictates a level increase with decreasingadis# as can be seen in Figure 9-5.

p~

1
d b

Level of a real source measured at a certain disthom the source
with  p = sound pressure,

d = source distance.

The spatial intensity decay of the reference loadkpr ELAC 301, measured on the central

axis, was experimentally proven to perfectly mbaet % -law.

Also, the leveldifferencebetween left and right ear positions increaseh décreasing dis-
tance. This level difference is plotted in Figur6.9n this graph the ‘No-Head-ILD’ is simu-
lated.

It should be remembered that with regard to augitlistance perception, it is important that

in particular the low-frequency ILCF € 3500 Hz; Brungart and Rabinowitz, 1999c; see chap
ter 2.5.1) depends on the source distance for pesobrces. It can be seen that for real
sources the ‘No-Head-ILD’ is present, and thandded depends on the source distance if

distances of roughlg < 1 m are considered.
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Figure 9-5: Level of a real source at distances = d + (ear distance/2). Solid line: right ‘ear’,
dashed line: left ‘ear’. Source at 90°.
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Figure 9-6: '‘No-Head-ILD': level difference AL between ear positions in the sound field of a

real source at distance d. Source at 90°.
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Figure 9-8: ‘No-Head-ILD’: level difference AL between ear positions in the sound field of a fo-

cussed source at distance d. Source at 90°.
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Figure 9-9: Interaural level difference ILD in the sound field of a real source at distance d.

Source at 90°.
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Figure 9-10: Interaural level difference ILD in the sound field of a focussed source at dis-

tance d. Source at 90°.
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Now the virtual sources are considered:

In Figure 9-7 the level spectra of focussed souatahifferent distances are plotted. As men-
tioned in section 9.3.1, the impact of diffractieffects, low frequency roll-off and spatial
aliasing is significant. A flat frequency resporas®l — as a consequence — a significant and
consistent ‘No-Head-ILD’ (Figure 9-8) is presentyofor a certain mid frequency range. The

width and position of this range depends on thecgodistance.

A ‘No-Head-ILD’ is indeed present in the importdow-frequency rangeL =~ 1.2 dB) al-
though it is not as large as in the case of asealce (compare Figure 9-6). Furthermore, the
‘No-Head-ILD’ does not change with different distas and thus cannot be used as a cue for

distance perception.

9.3.4 The head in the WFS sound field

The simulations in Figure 9-9 and Figure 9-10 shbw ILD in the real and virtual sound
field. Similar to the ‘No-Head-ILD’ depicted in tHast section, the focussed sources can only
partially produce significant differences betwedére iLD corresponding to different dis-
tances. This can be seen from Figure 9-10. Diffeerin the ILD remain only in a small fre-
guency range. The ILD of real sources is plotteHigure 9-9. From the graphs in this figure,
it may be concluded that for distances below ropdghim the ILD differs significantly and

thus one may deduce the source distance fromLtbislone.

A further simulation, described in section 9.7, wlasigned to unveil how head-shadowing is

reproduced in WFS and whether a longer WFS arrayearoduce a more adequate ILD.

9.4 Listening tests: experimental design

Continuing the descriptions of the experiment sétugection 9.2, the experimental design is

depicted in the following subsections.

9.4.1 Test panel selection

The perception of the distance of dry sources uadechoic conditions is a very difficult task
for a test panel. Although a certain validity oéttlirect sound cues for the nearby region is
expected, these cues are fragile and their deteidioot simple (Brungart and Rabinowitz,
1999a, 1999c; Brungart et al., 1999b). Thereforg erperienced audio researchers (exclu-

sively from the staff of the audio systems depantintd the IRT) participated in the experi-
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ment. Some results of naive listeners were coliiefiie comparison. They showed no rela-

tionship between reference distance and perceigtainde, and were therefore ignored.

The data of the seven persons who performed batriements are shown here. All subjects
were male and their age was between 20 and 60. bliotteem had any known hearing im-

pairment.

9.4.2 Two separate listening tests

For each type of source (real, virtual) a sepaegewas performed. There were two reasons
for the separation: firstly, the different instéltens would have disturbed each other. Fur-
thermore, the sound colours of the two differenirses were, although equalised, noticeably
different and it could not be excluded that theng®aof sound colour between the examples
would play a role in the distance judgments ofltsteners. The tests had a duration of 2 - 20

minutes each.

9.4.3 Test signals

Pink noise bursts were chosen as the test sigheldtiration was 1000 ms including 100 ms
onset and offset. This signal was tested as saifablan optimal detection of source distance
changes as found in a pilot test. This burst waeated 6 times with an interval of 400 ms.

The envelope of the first 4 (of 6) bursts of th&t s#gnal is plotted in Figure 9-11.

time (s)
Figure 9-11: Envelope of the pink noise bursts used in the experiment. Diagram from (Ker-
ber, 2003).

For each distance the assessment was repeatetiiiesr except for the distances 45, 85
and 150 cm for which it was repeated seven timbis Makes a total number of 37 test sig-
nals. Due to the existence of two different teghal groups (described in the next subsection)
74 signals in total were presented in a randomrostiéch was the same for all participants in

both experiments.
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9.4.4 Method of ‘conflicting cues’

It is known from literature (see chapter 2.5.1) @nldlas been informally verified by the au-
thor that the relative level of the test signals/eg as a crucial distance cue when no other
cue is available. In order to avoid a distance in€eigt due to the perceived level alone, and
also to check the validity of binaural cues, a sgdenethod of randomly varying the receiver
level was applied. This method aimed to isolatelével factor in the assessment of the re-

sults.

Both test signals witlsonstantsource level and signals withrandomsource level were re-
produced. The test signals witbnstantsource level consequently had a natural variagfon

the receiver level at the listening position duezdoiations in distance, i.e. a variation of the

receiver level after th% -law. The test signals with trandomlychosen source level con-

sequently hadho natural variation of the receiver level at thedisng position. Hence, the
two different cues used for distance perceptioneflebinaural cues) were either conflicting
or non-conflicting. The signals with constant s@utevel are referred to ason-conflicting
cues-signals, the signals with randomly chosen sowegellasconflicting cues’signals. By
this method it was possible to judge which roleeleand binaural cues play in the listener

judgment of the respective sources.

‘non-conflicting cues’- signals ‘conflicting cues’- signals
Distanced Source level | Receiver level in  Source level | Receiver level ir;
incm in db db(A) in dbyg db(A)
25 0 69.2 -9.2 60.0
45 0 65.4 -34 62.0
65 0 62.0 -9.1 52.9
85 0 60.0 -4.6 55.4
110 0 57.9 +75 65.4
150 0 554 + 13.8 69.2
190 0 52.9 +5 57.9

Table 9-3: Source and receiver levels of the experiment stimuli. ‘Non-conflicting cues’ and
‘conflicting cues’-signals are listed separately. Note that in the case of the ‘non-conflicting’-
signals the source level is constant and the receiver level decreases with increasing dis-

tance.
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The levels for the ‘conflicting cues’-signals wemesigned according to a special scheme.
Thus, they were not truly random, but arose fropemutation of all receiver levels. In Table

9-3 the relevant source and receiver levels fon gies of signals are shown.

9.4.5 Experimental setup

The test geometry has already been introducedcitinged.2. The experimental setup for the
test with the real sources is shown in Figure 9712 experimental setup with the WFS array
can be seen in Figure 9-14. The picture is takem fanother perspective. However, the ge-
ometry for both test setups was the same excephéoreproduction systems. A curtain was
set up to hide the active loudspeakers and thaitipn. The curtain consisted of an acousti-
cally transparent material. As the listeners wesged at a distance of 1.25 m from the array,
the 6" and 7" test sourced = 1.5 and 1.9 m) were synthesidsehindthe array. The subject

was located at a seat behind the curtain, seed-&i3.

9.4.6 Elicitation of responses

Various methods for the elicitation of distancegoénts from listeners are used in the litera-
ture (see Nielsen, 1991; Shinn-Cunningham, 2000n@art and Rabinowitz, 1999a; Zahorik,
2002). This difficult task has been realised in plst, for example with some visible dummy
loudspeakers which have to be selected by th@tewl after the test sound is heard. Through
this method the test results are shifted towardsaHoudspeaker positions (‘ventriloquism
effect’). To avoid this effect, a graphical eli¢citm method is sometimes used and the test
panel is requested to draw the perceived sourcéiqggoen a response sheet. However, the
relationship between the perceived acoustical esadtthe drawn figure is not straightfor-

ward.

Another specific problem in the investigation oistichapter is the orientation of the head,
which was chosen to be perpendicular to the satireetion (see Figure 9-1). Thus, a meas-
urement scale cannot be installed in the direatibthe notional sources. Their visual repre-

sentation in the listener’s line of sight is neeegs

For these reasons it was decided to apply a diffeneethod. A custom-built cableway

equipped with a movable, silent dummy loudspeakéont of the listener was used. Pictures
of this set-up are shown in Figure 9-13 and Fidfiel above. After each test signal, the lis-
tener had to adjust the distance of the dummy loemlser so that it matched the apparent

distance of the auditory event. A laser beameailest on the dummy loudspeaker indicated
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the adjusted distance on the curtain which couth tire recorded by the experiment supervi-

sor. In a preliminary test the validity of this rfnet was verified.

Figure 9-12: The left side of the curtain: The Figure 9-13: The right side of the curtain:
single real loudspeaker at a distance d The dummy loudspeaker ‘cableway’ is used
to indicate the perceived distance

I[ L L ——

”~
|

FEA

Figure 9-14: View of the experimental setup with the WFS array installed. The curtain was
shifted aside for the photo in order to enable the view of the array. In the foreground three
loudspeakers are visible with which the preliminary training phase was performed. Pictures
from (Kerber, 2003).
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9.4.7 Training of participants

The task required of the listeners was challengiiigerefore it was necessary to make them
sensitive to the audible changes as caused byngatlye distance of a source. In a short train-
ing session before both listening tests, the stbjgere presented with a small set-up of three
visible loudspeakers, located at distamtes50, 80 and 110 cm (see Figure 9-14). They were
requested to toggle between the three loudspeblepsessing one of three keys on a key-
board. When one loudspeaker was selected, thedaat (dry orchestral music) was repro-
duced only through this loudspeaker. The reprododivel was randomised each time the
key was pressed. The range in which the randonh Vea® chosen was adjusted for all loud-

speakers so that the different distances couldeadtto different receiver levels.

Initially, the participants were fairly confused the fact that the visually perceived distance
of the loudspeakers did not correspond to theiitaydperception regarding the source level.
The levels seemed to change randomly and couldenased for a distance judgment. In this
way the listeners learned to listen for other exislacoustic cues. After some time (2-3 min-
utes) all participants who were included in the ekpental evaluation reported that they

were able to use non-level cues for distance juagme

9.5 Listening test 1: distance perception of nearby real sources

Figure 9-15 and Figure 9-16 show the results offitlse distance perception experiment. The
results of all selected participants are plottedhim form of a histogram. The darkness and
size of the grey boxes indicate the number of testdmbined in a certain distance range.
The red graph shows the mean of these resultshanblde graph (which belongs to the blue
y-axis on the right) indicates the relevant recelegel of the reference sources in a reverse
axis style. The distances are plotted on a logsttaje according to the properties of the audi-

tory system.

It can be see from Figure 9-15 that the naturdldiemals are perceived quite consistently,
containing an overestimation of source distarttesl m and an underestimation of distances
d > 1 m. This under and overestimation of distanseséll known from literature (Zahorik,
2002).



9. Experiment 3: Relevance of the wave front cumet 184

190

150

perceived distance (em)
Level at Listening Position (dB)

i i i I i i i
23 435 65 85 110 150 190
reference distance (em)

Figure 9-15: Real sources, natural cues
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Figure 9-16: Real sources, conflicting cues
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Figure 9-16 shows the result for the ‘conflictinges’ test signals. The blue curve indicates

the permuted receiver level values. The resultkigfigure can be split into two regions:

For distancesl > 1 m there is virtually no relationship betweer tierceived and the refer-
ence source distance. Instead, the perceptiortésndi@ed by the respective receiver level as

can be deduced from the similarity of the blue sstticurve.

For distancesl < 1 m a certain correlation between perceived afeteénce source distance is

observed whereas the receiver level is less relevan
These observations lead to the following conclusion

- Apparently a certain perception of distance is fsslue to the binaural cues con-

tained in the direct sound only.

- It appears that the upper limit of distance peirocepdue to binaural cues is at about 1

m.

- The results are similar to the results of Brungad Rabinowitz (1999c), who meas-

ured the region ofi< 1 m.

9.6 Listening test 2: distance perception of nearby virtual sources

Figure 9-17 and Figure 9-18 show the results fentitual sources. In Figure 9-17 the repro-
duced receiver level corresponds to the refereoaece distance. Now, in contrast to the real
sources (see Figure 9-15), the differences betwégrerceived distances are much smaller.
The degree of over- and underestimation respegtigekignificantly higher. Although the

graph increases monotonically, its gradient is Bnaindicating a loss of auditory cues for
distance perception. Additionally, the actual diseof the WFS array (1.25 m) could play a

certain role.

The results of the test using the ‘conflicting ctsgnals are plotted in Figure 9-18. Once
again, the range of the perceived distances iy fainall. The results make clear that the re-
ceiver level (level at the listening position) idal for the perceived distance. There is no
relationship between perceived and reference sadistance. Instead, the correlation be-

tween perceived distance and receiver level is.high
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Figure 9-17: Virtual sources, natural cues
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Figure 9-18: Virtual sources, conflicting cues
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In Figure 9-19 and Figure 9-20, the data of Figwt6 and Figure 9-18 are plotted once
again. This time, the results are sorted accorttiribe receiver level to check the correlation.
Obviously, the correlation in the case of the WH$ugl sources is high. Note that Figure
9-17 and Figure 9-20 look very much the same. Trdicates that no auditory distance per-

ception cue exists that conveys the actual distahtee virtual source.

This means that at a fixed listening position, ¢hevature of the wave front of dry WFS vir-

tual sources is irrelevant for distance percepfidns is true for the virtual sources created in
the experiment and may be generalised to othey @md signal conditions as long as the
conditions that cause this (analysed in chapter @3not change. The discussion in section

9.7 will show whether the length of the array play®le for the creation of realistic ILD.

A solution for the problem of reduced spatial artople decay with linear WFS arrays could
be an extension of the WFS array into two dimerssisnch that it covers a whole plane. In
that case, the amplitude distribution could berogsted (see chapter 9.3.1) and the precondi-
tions for auditory distance perception could berioepd. The investigation by Komiyama et
al. (1991) uses such an array-design for an inyatstin into distance perception. They indeed
detected a successful distance perception of Viftgassed sources. Their conclusions, how-
ever, are not deduced from experiments under thme sagorous conditions (no isolation of

the level cue).
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Figure 9-19: Real sources, conflicting cues, sorted by the level at the listening position
(same data as in Figure 9-16)
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Figure 9-20: Virtual sources, conflicting cues, sorted by the level at the listening position
(same data as in Figure 9-18)
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9.7 Head shadowing effects in WFS

The simulations and experiments described in tleequling sections showed a lack of cues
for distance perception cues in the sound fieldoofissed sources in WFS. In this section,
further focus is put on the effect of the headhe YWFS sound field. The following simula-

tions give further opportunities to analyse théufais described.

9.7.1 Isolation of the impact of head shadowing

In the following simulations, the ILD is considertmbe a result of two different influential

aspects:

a) Level differences due to different distances of tive ears to the source (max. 17

cm). This level difference is called ‘No-Head-ILD’.

b) Pinna effects, influence of the ear canals anddisedowing’. They are, for the sake

of simplicity, called ‘head shadowing effects’.

The ‘No-Head-ILD’ can be calculated easily, as shawchapter 9.3.3. The influence of the
head shadowing on the other hand, can be deduoed freasurements of ILD and ‘No-
Head-ILD'. In the approach of this investigatioh,jd mathematically derived from simply
subtracting the ‘No-Head-ILD’ from the ILD. In othevords, the ‘No-Head-ILD’ and the

head shadowing effect add up to the ILD.

Although this is a very simple approach, it offars opportunity to compare real and virtual

sound field.

9.7.2 Simulation of a long array

As shown in the previous sections, a linear WF8yadoes not create sufficient ILD for the
listener to create a cue for distance perceptiore @ the main shortcomings of the test setup
is the limited array length of 2.55 m, leading teignificant loss of level for lower frequen-
cies as mentioned in chapter 9.3.1, and as camrde ia Figure 9-4. Furthermore, for low
frequencies, not only the level decreases, butthksteveldifferencedbetween different posi-
tions in the sound field vanish. Although the ars@®e of the experiment setup is quite typi-

cal, it remains interesting whether a significard kcould be synthesised by a longer array.

To prepare for the discussion in the next secttosimulation of a long array, the so-called

‘super-array’, is performed in this section. A slation setup was created using an array of
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length 21.3 m and a decreased interspacing of YA emt.25 cm. This results in a number of

array loudspeakers af= 501.

This new simulation setup enables a further viewthef characteristics of the WFS sound
field. The ‘super-array’ shows low frequency arteéfaas well but it is capable of reproducing
a flat frequency response for focussed source$réguencies above approximately 1 kHz.
This can be seen from Figure 9-21. This figure loanvell compared with Figure 9-7, where
the responses of the normal short WFS array arershd/ith a longer array, at the price of

additional ripples, a better reproduction of lovirequencies is achieved.

As a result, significant level differences can aoproduced at lower frequencies (Figure
9-22, compare with Figure 9-8). According to thedtetical considerations of chapter 9.3.1.,

the level differences are smaller than those cabgedal sources (see Figure 9-6).

This ‘super-array’ is the basis for the discussbthe next subsection.

9.7.3 Simulations of head shadowing

With the help of the parameter ‘head shadowingcéfféhe influence of the head being pre-
sent in the sound field can be studied. ILDs defifrem measurements with a dummy head
being in the sound field of a real source in anchoiE chamber are shown in Figure 9-23
(this figure is a repetition of Figure 9-9; the tés oriented perpendicular to the direction of

the source).

The head shadowing effect, derived by calculathey difference between the ILD and the
‘No-Head-ILD’ is shown in Figure 9-25. It can beesethat the head shadowing effect, simi-
lar to the ILD in general, differs significantly lgrfor very close sources (< 65 cm). Presuma-
bly, when the source is close to the head, h&gction differs significantly compared with

that of a more distant source.

In the frequency band from 1 to 5 kHz, the headlshéng effect can create an additional
level difference of approximately 5 dB for a sountel5 cm distance. It is plausible that this

level difference can serve as an auditory cue.
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Figure 9-21: Super-array: Level of a focussed WFS virtual source at distances = d + (ear dis-
tance/2). Solid line: right ‘ear’, dotted line: left ‘ear’. Dash-dotted lines: non-focussed sources.
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Figure 9-22: Super-array: ‘No-Head-ILD’: level difference AL between ear positions in the
sound field of a focussed WFS virtual source at distance d. Dash-dotted lines: non-focussed

sources. Source at 90°.
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The virtual sources are analysed in Figure 9-24Figdre 9-26. Figure 9-24 shows the ILD
for various source distances derived from virtualrses. It can indeed be seen that the ILD
increases with decreasing distance, albeit notraagly as for the real sources, which are
analysed in Figure 9-23. This corresponds to tkelt® of the previous figures. The differ-

ences from Figure 9-22 can be identified in Figdu24 rather well.

A further view on the virtual source’s charactecisis offered in Figure 9-26. Here, the head
shadowing effect is presented. In contrast to ¢faé¢ source, the head shadowing effects of the
virtual sources show nearly no dependence on taesalistance. The ripples, which could
already be seen in the ILD and the ‘No-Head-ILDe a&till existent, albeit significantly
damped. They could perhaps be a consequence @dnmeasurements, but this cannot be

deduced from these simulations.

It is surprising that the head shadowing effecarafsom the small ripples, is the same for alll
source distances. Although derived from differesst tsetups (e.g. different loudspeakers at
the measurements), a comparison of Figure 9-25Faguate 9-26 suggests that all virtual
sources create the same head shadowing, whicle iselid shadowing of a real source at a
distance ofd > 1 m. This leads to the following possible asstiomp the head shadowing

effect of a focussed virtual source depends onltherdistance of theeproduction array

This does not mean that the ILD are the same forirlial source distances. It can be seen
from Figure 9-24 that indeed certain differences ttuthe source distance are present. It may
be doubted whether these differences are big entughkrve as an auditory cue. However,

they are bigger than in the setup that was usétkeiexperiments of this chapter.
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Figure 9-23: Interaural level difference ILD
in the sound field of a real source at dis-
tance d. Source at 90°.
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Figure 9-25: Head shadowing effect in the
sound field of a real source at distance d.
Source at 90°.

10 10° 10
frequency (Hz)

Figure 9-24 : Super-array: interaural level
difference ILD in the sound field of a focus-
sed source at distance d. Source at 90°.

Dash-dotted lines: non-focussed source
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Figure 9-26: Super-Array: head shadowing
effect in the sound field of a focussed
source at distance d. Source at 90°.

Dash-dotted lines: non-focussed sources



9. Experiment 3: Relevance of the wave front cumeat 194

9.8 Summary of chapter 9

The properties of WFS focussed sources with reggadistance perception were considered
in theory and through listening tests. Althoughwember of cues mentioned in chapter 9.1
influence distance perception, this investigatiooused on highlighting the existing differ-
ences between WFS and stereo at a fixed listermsgign, namely the cues related to the
wave front curvature. Both theoretical and pratticeestigations showed that WFS fails to
reproduce these cues. Nearby sources, synthessén docussed sources in WFS, do not

give rise to correct distance perception whenelellcue is factored out.

The rationale for this failure is on the one handresufficient focussing of low frequencies
which causes the absence of crucial low-frequeh&y Dn the other hand, head shadowing
was insufficiently synthesised in the simulationkiak could point to a general failure of
WES.

One way to balance the described deficiency of Wi-oduce ILD for distance perception
is to apply natural acoustics to the virtual soufideese additional cues can possibly make up
for the lack of binaural direct sound cues. Howedéeturbing reflections caused by the WFS
array itself may hinder the perception of the distaof virtual sources in front of the array.
Another way to reduce faulty distance perceptiotoiallow the listeners to move within the

listening area where idiothetic cues could imprdigance perception (see chapter 6.5).
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10. Summary, conclusions and outlook

10.1 Introduction

This research was motivated by the need to com¥&® and stereo in general, and for cer-
tain applications in particular. WFS has alreadgrbesed in various applications, and the
need for a sound reconstruction technique suchfS kés not always been apparent. Thus, a
direct comparison between WFS and stereo seemedsay in order to provide a solid basis
for the choice of one of the two alternatives. Tthissis has addressed some important aspects

of such a comparison.

The most important differences between WFS anésteere identified and discussed. These
were found in the quality of the directional imaginn sound colour reproduction and dis-
tance perception. Furthermore, only WFS has thelubgy of reproducing a sound field with
a real acoustical perspective, a property whidmportant for a moving listener. This differ-
ence is so clear from a theoretical examinatiothefphysical and perceptual principles that it
does not need to be discussed in the same defitie wpinion of this author. This capability
opens WFS for applications in which stereo canmoused at all. Thus, the comparison in

this thesis is focussed on the perceptual propeidiea non-moving listener.

The thesis started with an introduction chaptewtich set the scene for the theoretical and
experimental comparison of the two systems. In tgrap the main attributes of localisation,
sound colour and distance perception were discuasg@ nomenclature was defined in order

to prepare the ground for the discussion in therothapters.

In the following sections a summary and conclusiofigshe research is provided for each

main topic of the thesis. Section 10.7 gives aipolton possible further work in the field.

10.2 Pre-existing knowledge on the perceptual prope rties of WFS and

stereo

The discussion in chapters 3 and 4 summarisedutinert status of knowledge on the percep-
tual properties of these reproduction techniqués. fbcus was put on the attributes that were
examined in the course of the thesis, more precitbe attributes of localisation, sound col-

our and distance perception. In addition, the piatgiroperties were reviewed, as well as the

general perception principles which are the bamisafdiscussion of perceptual capabilities.
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By exploring similar and dissimilar properties, winiwas continued in chapter 6, a direct and

structured comparison was enabled.

Perception mechanisms

A fundamental difference between the two soundadypetion techniques may be found in
the general perception mechanism (chapter 3.6). different approaches to explaining
stereophonic perception were introduced, more gecihe theory of ‘summing localisation’
(e.g. Blauert, 1997 and the ‘association modelThgile, 1980). The summing localisation
theory assumes a physical synthesis of the louliepeignals in order to create a substitute
source that physically resembles a real sourcedegpthe essential localisation cues. This
theory assumes the principle of perception to leestime for WFS and stereo. It was shown
to what extent a synthesis as proposed by thisyhaacceeds, and on the other hand what
contradictory results are obtained. The latterudel in short, the missing explanation for the
suppression of perception of comb filtering in stghonic hearing. Furthermore, the per-
ceived phantom source direction, in particularia tase of interchannel time differences,
cannot be predicted nor explained sufficiently lwmsaing localisation. The association
model can offer an explanation for these phenomieeeause it assumes the presence of two
different processing mechanisms. The first stagabie to separately locate the individual
loudspeaker signals by a comparison of the earkignith a known pattern. The second
stage will fuse their coherent signals after a tiocadependent inverse filtering. Hence, the

ear signals are not directly evaluated for loctitisaand sound colour perception.

The fundamental perception mechanism has impoctamtequences for the prediction of the
perceptual properties of stereophonic listeningulihming localisation were assumed, stereo
would not perform as well as WFS. If a completectioning of source localisation after the
association model were assumed, stereo would gaetlprm even better than WFS, because
with regard to perception it would not suffer fromterferences of the loudspeaker signals as
in WFS.

Localisation

Existing literature suggests that the localisafiooperties of stereo differ significantly com-
pared to those of natural sources. The phantonteauas reported to be less focussed and
the locatedness was clearly lower (e.g. Martinl.etl@99b; Silzle and Theile, 1990). In spite
of that, directional imaging between the loudspeslke possible with sufficient accuracy for
many applications. The localisation properties dfSV more precisely its directional accu-
racy and perceived image focus, were reported ttebdy as good as for real sources as long

as the spatial aliasing frequency was above a bfrit5 kHz (Start, 1997).
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Sound colour

The perceived sound colour of a phantom sourca&asvk to be significantly different from
that of a natural source (Silzle and Theile, 19®¥yspite that, in the experience of sound
engineers the timbral difference between adjacemtcge directions on the same stereo loud-
speaker setup is rather small (Wittek, 2000a). ©hdifferent in WFS, where movements of
source or listener cause an audible change inpdw#as aliasing (Start, 1997). Both the spatial
aliasing frequency and the reproduction room infiee the perception of colourations in
WEFS (Start, 1997; de Bruijn, 2004).

Distance and depth, acoustical perspective and listener movements

The capabilities of reproducing a sound field vddpth were discussed on the basis of a gen-
eral differentiation between two different typeslistening area (chapter 6.4). These two
types correspond to a reproduction with and witreoueal acoustical perspective which en-
ables the listener to move in the sound field amitkvcreates an accurate sound image for
listeners at different locations. WFS has the gbi create this real acoustical perspective
and thus enables listener movements and a corréisigoohange of the individual ‘view’
angle on the acoustical scene. Stereo can produgeoae ‘view' angle of the acoustical
scene. Different types of distance perception eue® also differentiated. A successful dis-
tance perception was asserted to be produced Isyticatare essentially available in stereo as
well, more precisely the monaural cues (level,aite-reverberant energy ratio, etc) and the
binaural cues (reflection pattern). A differencdhiese cues potentially exists only due to the
‘binaural differences’ cue, which is a cue relai@the wave front curvature. That is produced
only in WFS.

10.3 The OPSI method

A new method of avoiding spatial aliasing in WFSswaoposed in chapter 5. The idea of
OPSI (‘Optimised Phantom Source Imaging in wavdf@lnthesis’) is the substitution of the
high-frequency contributions of the WFS array bgresbphonic reproduction. The OPSI
method avoids the effects of aliasing and thus agssimed to result in advantages regarding
the perceived colouration of the reproduced sougld.fA pilot experiment determined the
maximum allowed deviation between the perceivedadtions of the low and the high fre-
guency contribution in an OPSI signal, which watedathe OPSI localisation error. Practical
results on the perceptual performance of the ORS8haod were obtained in the experiments

summarised below.
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10.4 Experiment 1 on localisation properties

After defining a set of research questions, whidrendiscussed in chapter 6.2, the subse-
quent chapter 7 described an experiment on thdidatian properties of WFS, OPSI and
stereo. The experiment included measurements gigheeived azimuth and elevation direc-
tions of various sources which were reproducediyle loudspeakers, different WFS arrays,
and a stereo setup in an anechoic chamber. Ini@ddibe attribute locatedness (=the spatial
distinction of a perceived source) was eliciteddbrgct subjective assessments in the listening

test.

The directional accuracy of all systems was cordanOnly small differences in the standard
deviations of the perceived directions could bentbérom which differences in the image
focus could have been deduced. A significantlydaigfandard deviation was found only for

the phantom sources.

Clearer differences between the systems were fautidregard to the attribute locatedness.
These differences led to the conclusion that tlsalisation performance of natural sources
can be considered as a reference which cannotlevechieved by the WFS system with an
aliasing frequency as high as 7.5 kHz (loudspesgacingAx = 4.2 cm). In spite of that, this
WEFS system was still significantly better than YWES system with an aliasing frequency of
2.5 kHz (.x = 12.7 cm) with regard to the assessed locatadiiéss confirms the assumption
that an increase of the aliasing frequency aboeeptieviously proposed limit of 1.5 kHz
(Start, 1997) leads to significant improvementshi@ localisation performance. Spatial alias-
ing seemingly has an impact on the localisatiofigperance although the dominant contribu-
tions for localisation were identified to be in tlosver frequency bands (Wightman and Ki-
stler, 1990).

The locatedness of the OPSI system was gradedasitailits corresponding WFS system
with (Ax = 12.7 cm). It seems that omitting the aliasedtgoutions and replacing them with

phantom sources has no negative effect on theidatiain performance. This validates the
OPSI concept, at least regarding the propertiafirettional imaging. The locatedness of the
phantom sources was graded worst, which also @onels to the larger standard deviations

of the perceived directions mentioned above.

10.5 Experiment 2 on sound colour properties

The experimental investigations on the sound cofmaperties of WFS, OPSI and stereo

were described in chapter 8. Its research quesw@ne defined in chapter 6.3. The experi-
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ment was performed using BRS, which is a virtuaustic system including head-tracking.
In this way it was possible to simulate arbitrarfF8/systems, even an ideal WFS system
exhibiting a loudspeaker spacing as low as 3 cne. Jubjects were able to switch between
sources at different locations to evaluate thegieed sound colour difference between these
sources. In this way, the perceived colourationugiieg within one system was obtained.
The colouration was graded with the help of a mldtstimulus graphical user interface em-
ploying reoccurring anchors which spanned a rarigifierent colourations. Thus, the meas-
ured colouration was referred to the same scatbaazomparison could be made between the

results for the different systems.

Again, the OPSI concept could be validated, bectheseolouration of the OPSI system was
smaller than that of the conventional WFS systehhe choice of the crossover frequency
was shown to be essential because both too higbsaayver frequency, causing spatial alias-
ing, as well as too low a crossover frequency, aessarily omitting correct WFS contribu-

tions, causes an increase of the perceived coloorais a conclusion, it was shown that the
crossover frequency must be above the aliasinguénecy. Furthermore, with regard to

colouration, the crossover frequency may be asdewB000 Hz without causing negative

consequences as long as the aliasing frequenbpie8000 Hz.

The effect of spatial aliasing on the perceiveaamtion could clearly be shown. A decrease
of the spatial aliasing frequency led to an inceeaisthe colouration. A theoretical prediction
of the colouration based on the spectral alteratioihthe ear signals was successful. This
means that the frequency spectra of the ear sigoaksrn the perception of the sound colour.
For the WFS systems a good prediction of the cakiam was achieved whereas the systems
containing stereophonic contributions and lackipgtial aliasing were mostly overestimated
in their colouration. In other words, the perceivaouration was smaller than predicted.
Indeed, the best OPSI systems and pure stereo peeceived with the least colouration,
which was as low as the colouration of the ‘id&FS system4x = 3 cm) and the natural

reference sources.

The good results for the stereophonic systemsdebd conclusion that some kind of partial
decolouration is active in stereophonic perceptimnit a decolouration as proposed in litera-
ture in the context of early reflections (Salomat@95; Briggen, 2001a, 2001b) or based on
the association model of Theile (1980). The congoariof perceived and predicted colour-
ation showed that decolouration could improve tbec@ived sound colour substantially. In
spite of that, some dependence on the spectrahtidies of the ear was still found. Hence, a
stringent functioning of a decolouration processeobon the association model could not be

proven.
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10.6 Experiment 3 on the effect of the wave front ¢ urvature in WFS

The experiment described in chapter 9 investig#hiedrole of the wave front curvature in
WES for a listener at a fixed listening position.ligtening test was performed employing
both real as well as WFS virtual sources at clasglces (& 25 cm) from the listener. In
WEFS, focussed sources (=sources in front of theyamwere used. The subjects were trained
to use the ‘binaural differences’ cue for distapeeception in advance of the experiment. The

level cue could be isolated from this cue by utilysa test method of ‘conflicting cues’.

The experiment was performed in an anechoic chanitbex head of the subjects was ori-
ented perpendicular to the direction of the (higdsurce in order to provide maximal binau-
ral differences. A special cableway equipped witdumnmy loudspeaker was available in
front of the listener to be able to elicit distajadgements from the subjects. The subjects
could pull wires to position the dummy loudspeadiea continuously variable distance which

was to correspond to the perceived distance afgbeduced source.

It was shown that - as reported in literature (Bjan and Rabinowitz, 1999c¢) - distance per-
ception is possible for nearby real sources dubirtaural differences. The low-frequency
ILD significantly changes with decreasing sourc&atice and can be evaluated. Simulations

showed that the ILD depends on the distance-depérdad shadowing as well as on the

distance-dependent level difference due to}}ﬁelaw.

The focussed WFS sources of the experiment couleneate a correct distance perception.
The distance judgements were created solely byeted cue regardless of the reproduced
source distance. Simulations showed that indeecrih&al cues for distance perception of
nearby sources do not exist in the sound field pred by focussed sources. The reason is
that acoustical focussing is restricted to a mimmsize of the focal point of half the wave-
length. Hence, the important low frequency ILD caasnot be reproduced sufficiently. Fur-
thermore, it is suspected that in WFS the headwstiad is ruled by the distance of the array

and not by the actual source distance.

10.7 Outlook on possible further work in the field

Perception mechanism

This thesis aimed at identifying and investigataspects in the comparison of the perceptual
properties of WFS and stereo that had not beersiigated sufficiently before. A number of
disagreeing properties were indeed found and wesestigated in a direct comparison. Start-

ing from this comparison of perceptual propertihs,research also tried to find rationales for
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the observed phenomena. However, the proposed retigas could not sufficiently be
proven and can only be regarded as hypothesesnctidning of Theile’s association model
or any other mechanism that results in a decolmuraif stereophonic signals seems rather
plausible after studying the results of this the$isis research, however, was not primarily
aimed at exploring the fundamental perception meisihas. A specific investigation in that
direction would be better suited to illuminate tradidity of the mentioned hypotheses. The
association model is a rather broadly defined cphadich has to be translated to the more
specific processes in spatial perception and ttmiisequences on the perceptual properties.
As another option, other rationales could existdarimprovement of the perceived sound
colour. The hypothesis of a binaural decolourati@s mentioned in the literature in the con-
text of early reflections (Salomons, 1995; Brigg&dla, 2001b). An investigation incorpo-
rating stereophonic reproduction in that contextid@ive rise to similar results regarding the

binaural advantage in sound colour perception.

Perceptual properties of WFS

This investigation dealt with the properties of Wiw&h regard to localisation and sound
colour at the same time. These two groups of ptigseare strongly related to each other,
because any change in the reproduction of WFS, denethod such as OPSI or the diffusion
of the WFS driving functions (chapter 4.2.5), hasirapact on both the perceived attributes
of localisation as well as the sound colour. Heaceimprovement of WFS may result from a
trade-off regarding the quality of these attributBarther investigations that may have to
balance different alternatives should bear in ntir@lgeneral priority which is given to sound
colour in spatial perception (Rumsey et al., 200¥nce, further attempts at avoiding the
perceptual artefacts of spatial aliasing may betmosmising. The OPSI method is one ap-

proach in that direction, but it is not the onliop.

The literature has considered the artefacts of \(#pStial aliasing, diffraction effects, reduc-
tion of the reproduction dimensions to the horiabptane) in order to find improvements for
practical applications. However, the influencelw# teproduction room on spatial perception
has been dealt with less thoroughly, although dassidered by this author to be one of the
main reasons for an impaired spatial perceptioWksS. Some attempts have been made to
use the WFS array to cancel distinct reflectionshm horizontal plane, but the possibilities
are limited and the general problem of faulty reluciion room reflections from floor and
ceiling cannot be solved in this way (e.g. Spof¥)& Corteel and Nicol, 2003). Hence, as a
result, the virtual source is often perceived atdistance of the array regardless of its synthe-
sised physical distance. As mentioned in this théshapters 2.5 and 6.5) the difference be-

tween WFS and stereo regarding the capabilitie®@foducing source distance are smaller
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than generally assumed due to this problem. WF@&geher, has been targeting an essential
enhancement of the spatial reproduction. Solutionthis inherent problem have to be found
when the full potential of WFS for the reproductimidepth, distance and acoustical perspec-

tive is to be demonstrated.

Comparison of WFS and stereo

New stereophonic formats such as 7.1 or 22.2 (Hakn&s al., 2006) are being discussed at
present, which employ an increased number of lcealsgrs that are partly located in a sec-
ond, elevated plane above the listener. These ferali@egedly have the potential to produce a
sound field exhibiting an enhanced spatial qudbtymultiple listeners. These formats sug-

gest themselves as an alternative to WFS as long esal acoustical perspective is desired.

As discussed in this thesis, in principle no disadages can be identified in stereophony for
the creation of a spatial sound field exhibitingwate depth and distance as well as accurate
properties of directional imaging and sound col@production. However, investigations on
suitable methods for a practical implementatiorafenhanced spatial sound field based on
these formats and on the related bottlenecks dkdasking. These investigations can not
only be performed by sound engineers during pralctiork, but rather psycho-acoustic prin-
ciples have to be applied and explored and thuesarek has to be carried out in this field. In a
number of applications, these formats appear t@ lzagreater potential than WFS to effi-

ciently reproduce a spatial sound field in an edéghlistening area.
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