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The history of sound reproduction starts with tieention of the phonograph by Thomas
Alva Edison in 1877. The apparatus consisted ofaplstlagm with a stylus that transferred
sound waves into indentations in a piece of tinfoihpped around a rotating cylinder. In order
to reproduce the “stored' sound, the cutting stiyagsto be replaced by a playback stylus, slid-
ing through the grooves with less pressure (Butbettw1977). Edison presented his apparatus
as a human voice recorder.

The acousto-mechanical phonograph integrated tessential components for sound
reproduction: the recording transducer, the recgrdnedium and the playback transducer.
Through the application of electricity it was nad¢er necessary to keep the essential parts
together in one single machine. In the 1920s telenser microphone (Massa 1985) and the
electrodynamic loudspeaker (Hunt 1982) were subgssntroduced. These transducers
would basically remain unaltered until the presemijke the recording medium. Flat record
discs were already common practice, but still m@dmpete with cylindrical records. Other
media like metal particle tape and magnetic disar@ disc') were also considered, but proved
premature (Camras 1985).

Until 1930, sound was reproduced in mono. The sscoé motion pictures in the 1930s
ushered in an era of multi-channel sound. Greatgqaang work was done by Blumlein (1931),
who patented a system of sound pickup and reprimatuthat we would now call intensity
stereophony. Steinberg and Snow (1934) used tlpaeed microphones to record sound,
intended for playback through loudspeakers plaeéiddenter and right. The work of De Boer
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(1940) was of great importance for the understapdih stereophonic imaging. Multi-track
recordings on magnetic tape became possible jtest @Aforld War II, but the public had to
wait until 1958 before two-channel stereophoniords became commercially available. The
16-inch long-playing vinyl disc, played at 33.3 rpwould grow extremely popular in the next
quarter of a century.

In the early 1970s, an attempt was made to extemehimber of reproduction channels.
A variety of multi-channel systems was proposetlecbvely known as quadraphony (see e.g.
Eargle 1971 and Cooper et al. 1972). Two additibmadspeakers were placed to the back or
sides of the listener. The demand of compatibildyced researchers to develop so-called
matrix systems, with four reproduction channelsogled in two transmission channels. Due to
lack of standardization and moderate sound quaiiydraphony failed to conquer the con-
sumer market.

The concept of matrix systems, however, was noh@dr@ed by motion picture industry.
Cinema already had a long tradition in multi-chdrseind, and Dolby Stereo became a stan-
dard encoding matrix in the 1980s. Two-channelrtaurd sound' recordings on videotape (for
use at home) could be decoded to four channels:defter, right and rear. Surround sound
entered the living-room.

Meanwhile, a great improvement in sound reproductjoality was offered by Compact
Disc, introduced in 1982. This optical medium pd®s two-channel recordings with enlarged
recording duration, bandwidth and dynamic rangé¢hef (digitally stored) audio signals. It is
expected that digital techniques will give a nevwpidse to multi-channel audio and video sys-
tems in the near future.

In this thesis a new method of sound reproductsopresented. This method is close to
the physics of sound fields, because it attempte-treate the original sound field. Therefore
the original sound field is decomposed in its eletagy temporal and spatial properties, trans-
mitted, and finally synthesized to produce the ioagsound field again. This approach, based
on wave field synthesis (Berkhout 1988 and Berkletwl. 1993), offers a large listening area
with equal and high reproduction quality for aliténers. Besides that, the sound engineer is
given a powerful tool to re-arrange sources withiegrading the sound image. Acoustic cor-
rections to the original sound image can easilafyaied, and if desired, the original acoustic
impression can be replaced by the ambience offerelift room.

This chapter will give a survey of room acoustiosl @sycho-acoustics. Afterwards the
concepts of stereophonic reproduction systems belldiscussed. Chapter 2 is a treatise on
wave field synthesis. The driving functions for thgnthesizing loudspeaker arrays will be
derived from the starting point of the Kirchhoff-Hdoltz integral. Two types of loudspeaker
arrays will be discussed in Chapter 3. In Chapténetdesign of the complete reproduction
system is described. Finally, Chapters 5 and éngitéo give an objective and subjective qual-
ification of the reproduction system in comparisomther systems.



Sound is a propagating pressure fluctuation irual flif the medium is homogeneous,
sound will extend radially, thus creating spheriaaves (Figure 1.1). The magnitude of the
pressure fluctuations is inversely dependent ordisi&ance to the source of the sound. For an
omnidirectional or monopole source, the sound piregscan be written as:

s(r—r/c)

plr.t) = ; (1.1)

wherer is the distance from the sourtas the timec is the propagation velocity (340 m/s in
air at 1 atm., 20° C), argft) is the source signal. This equation states tmatsburce signal
remains unaltered during propagation, except foamplitude.

u\f\/\j\/\/\ ﬂbﬂbﬁQovﬂgﬂpﬂvhﬁ“vﬂvﬁg“végﬂhb

Figure 1.1 Snapshot of the sound pressure of a monochromatind source in free space. The magnitudes are
displayed as grayscale levels. Cross-section awvsthe momentary magnitude of the pressure. Theedse of
the envelope is inversely proportional to the distaof the source.
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A well-known measure related to sound pressuréasdecibel (dB). The dB-scale is a
relative scale: the root mean square of the souedspre is compared with a reference
pressure. The sound pressure level (SPL) is giyen b

Prms

L, = 20log (1.2)

Py
with po = 20nPa, the pressure of a just noticeable 1 kHz tonpdople with normal hearing.

If sound is produced inside a room, the wave framits reach the walls within a few
milliseconds. Most of the sound energy is bouncackbnto the room; only part of the energy
is absorbed by the walls. The reflected sound waillebe bounced repeatedly by successive
walls until it has vanished by absorption. In a Bm@om, e.g. a living-room, one is hardly
aware of these reflected waves during a conversafichand-clap, however, provides enough
peaked energy to let the reflections decay audilie effect is much stronger in a large room
such as a concert-hall or a church, while it iseabsn free field. In acoustics, listening to a
hand-clap has evolved to measuring an impulse nsgpdmpulsive sounds, such as produced
by alarm pistols, have been replaced by much mordrallable measurement signals like
sweep-tones (Berkhout et al. 1980) and bursts aiman length sequences (Rife 1989).

The impulse response is widely regarded as the meaningful characteristic in room
acoustics. Many acoustic parameters related toecthall acoustics, such as the reverberation
time T60, can be derived from it. For measuremehimpulse responses, an omnidirectional
sound source (a loudspeaker system producing sphgrsymmetric sound waves) is placed
at a position of interest, e.g. on stage where caligistruments are found during concerts. The
measurement signal, fed to the sound source, e&vegt by a microphone in the audience area
and processed afterwards to give a unique impuésponse for that source-receiver
combination.

Figure 1.2 shows an impulse response measured shoabox-shaped concert-hall.
Within a few milliseconds after the direct sound tikflections arrive. The reverberation tail is
said to begin where the reflection density is sghhihat no individual reflections can be
discriminated anymore, which is usually after 80 1120 ms. An important property of
reverberation is that its sound pressure levestfeady state signals is more or less independent
of the source-receiver distance. If the steadyeswturce signal is switched off, the
reverberation level will decrease approximatelyedin in time due to absorption (i.e. the
reverberation tail in an impulse response decap®mantially). The reverberation tinTgg is
defined as the time it takes before the sound predsgvel has dropped by 60 dB. Typical
values forTgp are about 1 second for lecture halls, 2 secondsoiacert-halls and 5 seconds for
cathedrals. Concert-hall acoustics is reviewedntcby Beranek (1996).
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Figure 1.2 Impulse response of ti&tadsgehoorzadh Leyden, the Netherlands. The time-axis is a@jmvith
the arrival of direct sound. Source and receiver B8 m apart. Some strong early reflections cdh ksti
distinguished, but later reflections tend to vanrsheverberation.

Consider a trumpet being played on stage while @aphone has been placed in the
audience area. Disregarding the directivity pattdrthe trumpet, it is possible to calculate the
pressure at the microphomgt), if the impulse response(t) for the corresponding source-
receiver combination is known:

p(t) = Ih(f'}-v[,(r—f')dr' , (1.3a)
or, by introduction of the convolution symbol (agtk),

p(t) = hit)=s, (1) - (1.3b)

wheres,(t) is the trumpet's output signal as would be reedridy a microphone close to the
horn. Note that for causal impulse responses therldime boundary &) of the integral is
replaced by 0. It may be more appropriate to rewtliis equation in the frequency domain.
After substitution of the inverse Fourier transfooih(t), given by
h(1) = - jH{m)e“”&fm (1.4)
2m :

and a similar expression fag(t) into integral (1.3a) we can evaluate the Fouramsform

P(w) = Ip[!)e_ﬂmdr (1.5)

to
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Plw) = Hw)S (w), (1.6)

according to the rule “convolution in the time-damaquals multiplication in the frequency-
domain'. In terms of signal processing it can bd #aat the trumpet's spectrum is filtered by
the transfer function of the concert-hall. Any atkgstem with the same transfer function can
replace the influence of the concert-hall on thensbof the trumpet. But there is more to a
concert-hall than only this one-dimensional trangfmction. Most of the spatial information
of the sound field is missed in the sigpé). Listening to the signgd(t) would give a faint
idea about the spatial environment, but it wouitittaprovide aspatial sound image Spatial
perception of sound is the subject of the nextgrayzh.

Some basic knowledge on the perception of soundeisessary to understand the
requirements for a sound reproduction system. Timeam auditory system is able to retrieve a
spatial sound image of an acoustic event. TablgiVds a few examples of such sound images
that would occur to a listener by careful listenifwghile disregarding information of other
senses).

Table 1.1 Examples of sound images

acoustic event tempordl information spatial information

classic concert the melody of a cello; |concert hall; the cello is to the right;
the timbre of the tenor |the singer is in front of the orchestra

jazz concert rhythm of a snare drumja small jazz-club; the stage is to the left
words of a singer the snare drum echoes from the backwall

street scene klaxon of a car; narrow street; the car is nearby;

(film) scream of a cat the cat is far-away

nature scene shouting of a shepherd; | vast moor ("dry' sound);

(documentary) rumbling of a herd the shepherd is behind the herd

aThough spectral and temporal aspects of sounduaie djstinct from a perceptual point of view, thene
physically equivalent via Fourier theory.

By introspection of a sound image, the auditoryesyscan distinguish to a certain extent
between temporal information and spatial informatibemporal information is mainly related
to the sound source, but can also be influenceddatial conditions. Spatial information
depends primarly on the geometry of the room, buatiits turn dependent on the kind of

" A spatial sound image is possible if the impulssponses are measured at both ears of a (dumnt)ristead
of with one free standing microphone, see Secti6érbl



source signal. A clear distinction between tempeanadl spatial perception is therefore not
possible.

Three important phenomena of spatial hearing aseudsed briefly here: localization,
spaciousness and perception of reverberation. IFinalremark is made on the interaction
between the auditory and the visual system.

The localization of sound sources is due to a coatlwn of directional and distance
hearing (Blauert 1983). In anechoic circumstandis, localization blur of sources in the
horizontal plane is in the order of 1° (straigheadh). To the sides this is higher: 10° (Figure
1.3). In the median plane also a value in the oodlelr0° is found. Directional localization of
impulsive sounds in the horizontal plane is indejgert of the room reverberation time
(Hartmann 1983). It is therefore believed that tinst arriving wave front (direct sound)
establishes the direction of the auditory event.

The human auditory system uses interaural timeemtiffces (ITD) and interaural level
differences (ILD) for localization in the horizohf@lane. Sound arriving at the head from left
will reach the left eardrum earlier than the riglardrum. For frequencies below 1500 Hz the
ITD is the main cue, while for higher frequencibs ILD plays an important role, next to the
ITD of the envelope of the ear signals. Directiohahring in the median plane is based on
head and torso cues, i.e. on spectral effectsfivhdiion from head and torso. In case of con-

Figure 1.3 Accuracy of auditory directional localization.

" Localization blur is the smallest change of soyresition that can just be noticed by a subject.
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flicting ITD's, ILD's and head and torso cues, ti® cue is dominant as long as low
frequencies are incorporated (Wightman et al. 1992)

For distance hearing in anechoic circumstancesfererece sound is needed: if the
listener is unfamiliar with the sound, the estindatistance depends only on the loudness, not
on the real distance. This implies that the cumeatf the wave front is not a cue for distance
hearing, at least not for far-away (>1 m) sourdés. nearby sources (<1 m), frequency-
dependent diffraction of the waves around the hm@adwides distance cues. In reverberant
spaces, the main cue for distance determinatigdheidevel difference between direct sound
and reverberation. Such a judgement is based ofat¢héhat the reverberation level is more or
less independent of distance, while the direct ddatiows the 1r-law.

In the foregoing, attention was paid to direct sbamd reverberation. For a relatively
long time the perceptual effects of reflections evecarcely understood. Since the late 1960s
the notion has grown that reflections are respdadidr a sense of spaciousness as found in
good concert-halls. Barron (1971) recognized thpartance of early lateral (from the sides)
reflections, since they contribute to a “spatialpriession’. Potter (1993) refers to this
impression as ‘subjective broadening of the sounuice'. He found that frequencies above
1500 Hz do not contribute significantly to spacioess. Bradley et al. (1995) suggested that
there may be two distinct notions of spaciousnéapparent source width' and ‘listener
envelopment’, each connected to different temppaats of the impulse response. In their
opinion the apparent broadening of the sourcelaa@ to thesarly lateral reflections, arriving
no later than 80 ms after the direct sound. A sefsavelopment is felt due tater arriving
lateral reflections.

A gradual transition from late arriving reflectiots reverberation is made after about
100 to 120 ms, where the fine structure of theemibns has more or less a stochastic nature.
Reverberation is perceived as a gentle slurrintp@fsound. Reverberation is appreciated if no
particular direction of incidence can be associatél it: if the direct sound stops abruptly, a
diffuse and smoothly decaying sound is left.

The perception of a sound image may be influendeohgly by other sensations,
especially those of the visual system. E.g. if alstues are presented to the listener as well,
these will dominate in localization. This phenomem® known as the ventriloquist illusion. It
states that sound will be localized at the appavental source if the discrepancies between
visual and auditory cues are within certain bouiesar

It is the aim of this research to develop a repotidn system that can be used either with
or without accompanying vision (e.g. film or telgian). The requirements for a reproduction



system must therefore be attuned to the more dantmodse of sound reproduction in absence
of vision.

# $

For many reasons it may be desired to record gmwdece the acoustic properties of a
sonic event. For instance, a musical performanoeoosy be attended by a limited number of
people. By recording the event, and afterwardsngglbr broadcasting the recording, many
more people are given the opportunity to have @onobf the original performance. If the
suggestion of the reproduced event is so strorgathiatener can hardly distinguish it from a
real event, acoustic virtual reality becomes fdasiln this paragraph, requirements for
realistic sound reproduction are discussed.

Since it is thought that the purpose of a repradacsystem is to evoke the same sound
image as would be done by the original sound fialdexact copy of the original sound field
would be the simplest criterion. However, seerhm light of the perceptual limitations of the
auditory system, a less demanding set of criteribswffice. Such criteria must be based on
psycho-acoustic knowledge. The question is theeefohich attributes of the (original) sound
image are relevant? The answer can be dividednpaeal and spatial attributes. In general,
temporal requirements will be fulfilled if highlynlear reproduction equipment with sufficient
bandwidth and dynamic range is used. The spatigiirements follow the attributes of spatial
hearing:

1. Correct localization. Direction and distance of reproduced sources shapproach the
position of the original sources as close as ptessib

2. Correct spaciousnessThe spatial impression of the original acousticiemment should
be preserved.

3. Correct degree of diffuseness of the reverberantdid. The reproduced reverberation
must sound equally diffuse as the reverberatiadhanoriginal environment.

The most important demand is however that the albegairements should be satisfied in a
large listening areg large enough to accommodate several listeners.the motivation for
the present research to come to a reproductionandtiat offers equal conditions for sound
imaging in a large reproduction room. It is fouhdttconventional reproduction methods have
severe shortcomings at this point. An understandinthe underlying theory of present day
reproduction systems is necessary to identify tneses of these problems. In the following
paragraphs a review of current reproduction metheods/en.
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Two reproduction channels are a minimal conditiensipatial sound reproduction. Two-
channel reproduction basically falls apart in tweoups of techniques, distinct by their
objectives.

1. True stereophony aims at the reproduction oétaral sound image, such that a listener
will get an accurate impression of the original isagvent. This reproduction method is
mainly used for classical music. In its purest foiwnly two microphones pick up the
sound, and no manipulation other than storage oredium and power amplification is
allowed to their signals, before feeding them to taudspeakers.

2. The second group of reproduction techniquess&luo create an artificial sound image,
not necessarily related to one specific sonic eveapular music is usually (re)produced
this way. Microphones are placed as close as dedsitthe sound sources ('close miking’),
so that each microphone signal contains the direm;reverberant, sound of only one
source. The signals are recorded separately on la-tragk recorder and are often
manipulated by various signal processing toolsalfyna two-channel mix is made for
reproduction.

In most recordings (for television, radio and plagk at home) a mixture of both techniques is
used. Purely stereophonic recordings are rare.h@nother hand, in popular music, ‘close
miking' is not always appropriate: whenever a ratsound is required, such as for acoustic
piano and choir, stereo microphone techniques d¢ahaoavoided. Since it is the aim to

investigate natural recording techniques, the formethod, i.e. two-channel stereophony, will

be discussed in more detail.

Since the introduction of two-channel stereophomgimeffort has been made to develop
reproduction equipment and techniques that offaredccurate sound image to the listener. A
combination of a specific loudspeaker configuratam stereo microphone techniques are the
means to attain this goal.

% x

Two identical loudspeakers are placed in front bé tlistener, in the way that
loudspeakers and listener constitute an equilateaaigle (Figure 1.4). The length of the sides
of the triangle is preferably about 3 or 4 metditse room in which the sound is reproduced
should have a reverberation time that is shorbmarison with the reverberation time of the
rooms in which the recordings were made. Strongetbns should be avoided. Therefore, the
listener as well as the loudspeakers should beraeslistance (1 or 2 meters) from the walls
and the ceiling. The ideal position of the listeisetalled the "sweet spot'.
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Figure 1.4 Stereophonic loudspeaker arrangement. In thalatdnconfiguration, the listener and the left and
right loudspeaker constitute an approximate ecqgriddtrriangle J, = 30°).

% ) $

Stereophonic imaging is divided in two basic repicitbn techniques that use
loudspeaker feeds that differ either in intensityio phase. The philosophy behind these
imaging methods will be explained in two subsediacalled intensity stereophony and time-
based stereophony.

)

If there exists an intensity difference betweenlthelspeaker signals, a phantom source
will be heard somewhere between the loudspeakds.pbsition of the phantom source is a
smoothly varying function of the applied intensilifference. Intensity stereophony provides a
stable and well-defined image position for a listeat the sweet spot. Since there are no phase
differences between the left and right channed/ldws for monophonic reproduction by just
summing both signals, which is an important advg@iahen mono-compatibility is required.

Imaging with intensity stereophony can be undedtop studying the local wave field
near the sweet spot. If two loudspeakers, in spdr@oic arrangement with anglel g are
sufficiently far from thex-axis (Figure 1.4), plane waves may be assumed ftloase
loudspeaker at the sweet spot. The resulting squedsure at the x-axis is given in the
frequency domain by

P(x,w) = Rexp(jk x) + Lexp(—jk x) (1.7)

whereR andL are the sound pressures of the right and left loegser signals at the sweet spot,
and k, = k sinJo thewavenumbein the x-direction, seeFigure 1.5a. This equation carbe re-

" Stereophonic image sources are called phantonessur
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written as

P(x,0) = (R + L)cos(kxsinthy) + j(R - L)sin{kxsindy).

The resulting phase function along thaxis, defined as

3P, @)}
o) = wan{ Gy )

can be approximated for low frequencies (tax) $ kx) yielding

@{x) = Rt ka sinty, -

(1.8)

(1.9)

(1.10)

Since the phase function is linearxifat least neax = 0), locally a plane wave is reconstructed.
The angle of incidencg of that plane wave is found from its phase funcas

kxsiny = @(x),

(1.11)

leading to the well-known stereophonic law of si(€kark et al. 1958 or Bennett et al. 1985)

Si.l'l'l.[,l_ = mfpil‘lﬂn .

(1.12)

The imaging properties of this law are displayedrigure 1.5b. The predicted image direction
Is in good agreement with perceptual results (Btali@83). If the level difference exceeds 30

lett louder

image direction (deg)

right louder

-0 =20 =10 0
intensity difterence (dB)

10 20 3

Figure 1.5 a.A plane wave at the x-axis as produced by a faryasearce at an anglé,. b. Image direction

versus interchannel intensity difference dgr= 30°, according to the law of sines (1.12).
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dB the image appears in one loudspeaker. A smowdrling function is found in between the
extremes. Because locally a wave front is constdjctlirectional hearing with intensity
stereophony is close to natural directional hearing

The behavior of the wave fronts in a larger listgnarea is studied by using the exact
expression for the sound pressure field. The swsérpn of the sound pressure of the left and
the right (monopole) loudspeaker in the frequermyadin yields

Si(wexp(—jor, /c)  Splo)exp(—jor,/c)
+

P(r,0) = , (1.13)

ry "r
with r_ andrg the distances to left and right loudspeaker. Furseidal signals§ andSg, an
interference pattern is produced as shown in Fidufe The wave fronts arriving at the
listener's position are tilted towards the loud&peeavith the higher magnitude. Along the
central axis (ahead of the listener), the interfeeepattern shows regions where the local form
of the wave front is more or less the same asdhatsingle source somewhere between the -
loudspeakers. There are, however, large phasetioassbetween neighboring regions, visible
as light and dark shading. The width of the locave fronts depends on the wavelength and
the angle between the loudspeakers as seen frohstdreer's view-point: the further he moves
away, the smaller the angle (at infinity this anglezero and plane wave fronts will be
received).

difference: 0 dB difference: 6 dB

Figure 1.6 Momentary pressure distribution in a 5x5 area as a result of level differences between two
loudspeakersf (= 400 Hz). The (momentary) phase is positive altght regions, while it is negative in the dark
regions. Iso-phase lines are drawn at phase O m@falternating) to indicate the orientation of thedl wave
fronts.
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a. No level differenceb. The right loudspeaker has a 6 dB higher intersitgl.

The frequency dependence and the angle of incid@nadrection of propagation) of the
local wave front can be investigated for the listeposition. Therefore, the exact expression
for the phase function, calculated from (1.13)taken. The angle of incidenge is now
obtained from the phase difference between twavereatx = x; andx = x, (Figure 1.7)

(¢ S{P(x,, @)/ Plx, 0)} 2nc
y(w) = asm(mz}.xdlan%{P(xz, m).’P{xl,m]}) W< 5— | (2.14)

Ax

with Dx = x; — x; the spacing between the receivers. Note thatetustion is exact for plane
waves with angular frequenay, and still very accurate for spherical waves i tource
distance is larger tharbx. Equation (1.14) is ambiguous for wavelengths nahan the
spacing Dx; these are not considered by restricting the andrtéquency tav < 2pc/Dx.

If Dx = 17 cm is taken, the receivers may be thoughdsokars. It should be noted,
however, that (1.14) cannot be used to predictatttaal image direction (as perceived by a
listener) because it does not take into accountewdifraction around the head, and
furthermore, no binaural localization model is irpmrated. Nevertheless, it is a useful
equation to gain insight in the (local) propagatitrection of wave fronts.

The angle of incidencg is shown for four values of the interchannel isignlevel
difference in Figure 1.8. For low frequencies the@ge source direction is in agreement with
(1.12). For higher frequencies the image directiollapses. This can be understood as follows.
The width of the local wave fronts decreases witbreasing frequency. For frequencies
approachind = ¢/ Dx the receivers ("ears’) will reach the borderseflocal wave fronts.

Figure 1.7 The frequency-dependent angle of incidence isutailed from the phase difference between two
receivers.
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It is well known that the listening area for stgyRony is restricted to the central axis.
For listeners at off-axis locations the phantomrseutends to shift towards the closest
loudspeaker. It can be shown that there is a stfoeguency dependence for the image
direction as calculated from the phase differerte®/een two receivers (centered off-axis). In
Figure 1.9, Equation (1.14) has been applied fposition 0.5 m to the right of the sweet spot.
For very low frequencied € 200 Hz) the receivers are still in the samelleeve front region.
For higher frequencies the phase relation betweemeiceivers is unstable, as can be seen from
the strong fluctuations of the image direction.

30 T L L T ‘-|/
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Figure 1.8 On-axis imaging with intensity stereophony. Hoaitof receivers: 8.5 cm to the left and the right
the sweet spot.
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Figure 1.9 Off-axis imaging with intensity stereophony. Riosi of receivers: 41.5 cm and 58.5 cm to the rifht

the sweet spot.
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If a small time delay is applied to the loudspea&ignals, a phantom source is heard
towards the loudspeaker with the earliest signale Tmaging mechanism is based on the
theory that the interaural time difference (ITD)the main cue for directional hearing. For a
real source, the maximal ITD (for a source 90°cgffiter) is approximately 0.7 ms. In other
words, 0.7 ms is the largest natural signal deletyvben both ears. If two loudspeakers are
used, with an increasing interchannel delay froto @.5 ms, the image will gradually move
towards the earliest channel (Bartlett 1991). Hfisct is referred to as "'summing localization'
(Blauert 1983). If crosstalk from right loudspeakefeft ear and from left loudspeaker to right
ear could be neglected, a delay of 0.7 ms wouldrmeigh to place the phantom image entirely
to one side. Apparently, the resultant signalshat tivo ears suffer from crosstalk, and an
exaggerated delay is necessary to shift the inmged loudspeaker.

For time-based stereophony, the perceived direaifothe phantom image is strongly
dependent on the source signal (Blauert 1983)aifaw band signals (1/3 octave band pulses
and sinusoidal signals) are used, the directiothefimage between the loudspeakers is not
uniformly increasing with increasing delay time.ig bffect can also be heard with single tones
in music reproduction: successive tones playednatinstrument sometimes appear to come
from different directions.

The effect is studied by looking at the reprodueexve field. Figure 1.10 displays the
pressure distribution for an interchannel timeat#hce of 0.5 ms and 1.0 ms. In comparison
with Figure 1.6 it is clear that a time differenisetween the microphone signals leads to a
shifted interference pattern. By further delayihg teft channel, the pattern will shift until it is
eventually returned to the starting-point.

Note that even for low frequencies the phase diffee between the two receivers (‘ears’)
on either side of the central axis can be highsTiillustrated in Figure 1.11 by applying
Equation (1.14) for two receivers placed at eithide of the sweet spot. The image direction
suddenly blows up when the phase difference betweerreceivers is high. This behavior
seems to be in agreement with the previously meetioobservations that localization of
sinusoids suffers from divergence.

In general, the sound image produced by time-bas#dophony does not correspond to
a sound image heard in natural situations. The entligection varies from listener to listener,
is affected by small head movements, and is qigteasdependent (Lipshitz 1986).



17

difference: 1.0 ms

a. b.

Figure 1.10 Momentary pressure distribution in a 5x3 mrea as a result of time differences between two
loudspeakerds & 400 Hz). Contour lines are drawn at zero presfuremphasis of wave fronts.
a. 0.5 ms time differencé. 1.0 ms time difference.
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Figure 1.11 On-axis imaging with time-based stereophony. iRwsdf receivers: 8.5 cm to the left and the right
of the sweet spot.
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Microphones can be classified on the basis of ttieactivity characteristics. There are
two main types of directivity patterns: omnidirectal and bidirectional (Figure 1.12). From
these two, most other patterns can be construetgdihe cardioid pattern is a sum pattern of
the omnidirectional and bidirectional pattern. B@reophonic sound reproduction a set of two
microphones is used to pick up the sound at sonséardie from the source(s). The
configuration of these microphones and the appatprdistance to the sources is largely a
matter of taste of the recording engineer, thougiaasification of microphone techniques,
each with their own drawbacks and advantages, eamdde. A thorough overview has been
given by -Streicher et al. (1985) and Bartlett (IP®Dnly the main classes are described here:
coincident pair, spaced pair and combined techsique

N A

(114

(180

210 _ 330 210

240 B

Figure 1.12 Directivity patterns of commonly used micropharesOmnidirectional or pressure microphobe.
Bidirectional or velocity microphone (with lobes ianti-phase). The pattern follows dosc. Cardioid
microphone. The directivity pattern is given by %%icosj .

/ ) $

Two directional microphones are mounted closelgdoh other (nearly touching) while
aiming at the left and right sides of the sourceaafFigure 1.13a). Intensity differences will
arise, but phase differences between the signalexsiuded. Therefore the method perfectly
fits the requirements of intensity stereophony. Tleser the source is to the axis of one of
both microphones, the larger the intensity diffeeebetween the channels. A special form of
coincident pair techniques is the Blumlein pairotwelocity microphones crossed at 90°, see
Figure 1.14a. This technique was originally devebtbjpy Blumlein (1931) and is famous for
its excellent localization properties.
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Figure 1.13 Stereophonic microphone techniquasCoincident pair or XY-techniqud. Spaced pair or AB-
technique.

The microphones signals of a Blumlein pair are gilog
L{m) = S(w)cos(f +459), (1.15a)
and
R(w) = S(w)cos(ff—457), (1.15b)

whereSw) is the source signal anld the source angle. Note that the cosine factonesept
the directivity of the velocity microphones. Clagk al. (1958) combined these signals to a
formula for the intensity differen-ces at the laftd right channel for the Blumlein pair:

— = nf. (1.16)

Finally, from (1.16) and the law of sines (1.12)atlows that stereophonic imaging with a
Blumlein pair is described by

siny = tanf} sind, (1.17)
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Figure 1.14 a A source at anglb is seen by a pair of crossed velocity microphobe&tereophonic imaging

with a Blumlein pair according to the “law of sihgl = 30°).

Figure 1.14b plots the true source direction b regjaihe direction of the sound image
Apparently, the Blumlein pair has fair imaging chiities, though the images are slightly
closer to the center than the true sources. Intipeaca disadvantage of the used velocity
microphones may be that they are equally senstisotnd from the rear as from the front. If
the direct/reverberation ratio of the signals idaw, other directional microphones, such as
cardioids can be used for intensity stereophony.

In most contemporary stereophonic recordings alsot snicrophones are used. In
addition to a main microphone pair, the signalsno€rophones close to the sources are
recorded as well. For that purpose directional opbones are often used, but omnidirectional
microphones may be preferred sometimes for souatitgueasons. The signals, that primarily
contain the direct sound of one or a few sourcesadded to the main microphone signals via
a panoramic potentiometer circuit (pan pot) onrheing console. This circuit distributes the
signal energy between left and right channel. Tioeee imaging properties as described for
coincident pair signals also apply for panned dgna

An advantage of the use of spot microphone sigsalsat the direct/reverberation ratio
and the balance between various sources withistdreophonic image can be controlled better.
The balancing engineer is able to add more direohd if the image is too reverberant, or
amplify the sound of one source in favor of othédso, artificial reverberation or other signal
manipulation can be used on spot microphone signals



21

+ ) $

The second class of microphone techniques is tlaeesppair or AB method. This
method is appreciated for its ability to reprodacspacious sound image. Two microphones,
mostly with omnidirectional characteristics, araqad some distanakapart (Figure 1.13b).
The sound from a source that is off-center has feerdnt travel-time to each of the
microphones. If a source is at a large distancepened to the distancog between the two
pressure microphones, the pressure difference eaneljlected, and the time delay to the
farther microphone is the only signal differencmaging with a spaced pair technique is
therefore described by the theory of time-basecgphony.

It has been argued yet, that an exaggeration ofapipied time delays is necessary
because of the situation during reproduction, wheresstalk' from the loudspeakers to the
opposite ears must be compensated. A second coatjmms necessary due to the absence of
a shielding head between the microphones duringrdedy. Interaural level differences, that
accompany the interaural time differences undeurahttircumstances, are missing. Except
extra time delays, sometimes a shielding disc (8cbr sphere is used in between the spaced
microphones. This method is closely related to dmakrecording and reproduction (Section
1.6.5).

SOUICe area

e

( -\llﬂ'u
LN R

17 cm

Figure 1.15 The ORTF microphone technique uses two cardiaidgled 110°, and spaced by 17 cm.
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Various other stereophonic microphone techniqueseanployed. Most of them can be
regarded as intermediates between coincident aaxkdgechniques. They attempt to combine
the benefits of both classes while avoiding thegadvantages. An example is the ORTF
system, originally designed by the French BroadegsOrganization (Figure 1.15). This
system has been tuned to yield stable images ve#sonable spaciousness. Subjective
comparisons of stereophonic microphone techniquegy@en by Ceoen (1972) and Bartlett
(1991).
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Because two loudspeakers with correlated signasuaed, stereophonic reproduction
suffers from comb filter effects. In an anechoiwisnment, which, of course, is not a natural
location for reproduction, the spectral distortisreasy to perceive. The thick line in Figure
1.16 shows the response at a receiver placed 8.0 dime right of the sweet spot for two
identical signals fed to the loudspeakers. At 240a kHz (n is a positive integer) the left and
right loudspeaker contributions are in anti-phdké¢he receiver is moved 0.5 m to the right,
much more notches occur, but they are less deept®room reflections in a normal listening
environment, the comb filter effects are partly kemkby reflective sound.
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Figure 1.16 Simulated stereophonic responses. Left and tmidspeaker are driven by identical signals. The
receiver positions are 8.5 cm (thick line) and 585(thin line) to the right of the sweet spot.
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A special form of two-channel stereophony is biaaweproduction. During recording,
two microphones are placed at the entrance ofdheanals of an artificial head. A headphone
is used to reproduce the recorded sound. Binaoradjing is based on the assumption that a
listener would perceive the same sound image whéth&ere present at the recording session
or at the reproduction site, if the sound pressirlis eardrums in the latter situation is an
exact copy of that in the former. It is not surprgsthat binaural reproduction can offer an
extremely realistic 3D sound image.

A few disadvantages of binaural reproduction aretineed here. When the head is
moved (during playback), the recorded ear signalaat vary accordingly, which may violate
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the realism of the sound image. A second objedBodue to shape of the dummy torso and
pinnae (shell of the ear). Because these exteref¢ctors and diffractors may differ
considerably from the listener's own torso and a&mnthe head related transfer functions
(HRTFs) from source to dummy ears will differ frahre listener's own HRTFs. Therefore, the
perceived image may sound not as natural to akrers. And finally, coloration of the
binaural signals due to HRTFs will disqualify théon use with other reproduction techniques.

For a better understanding of current surround daystems and the effort taken to
remain compatible with two-channel stereophonys itvorthwhile to study the problems of
guadraphony. Though commercially considered a diaspiadraphony used premises and
principles that are still of interest.

01 )

It was recognized that two loudspeakers were niet tabre-create a true 3D image of the
original sound field: sound coming from the sidég, back and above were lacking. If only the
horizontal plane was considered, at least two Ipedkers were required to fill the gap (Figure
1.17a). This suggested that at least two more atldianels were necessary. However, not any
extra playback channel would contribute as muchhi® total stereo image as the front
loudspeakers: with each extra channel more redwydaas added. Moreover, compatibility
with two-channel records was an important demandol@tion was therefore sought in matrix
systems (Ten Kate 1993).

A matrix equation describes how the loudspeakenadgyare related to the original
signals. Most quadraphonic proposals use a 4-Zénse: four initial (studio) channels, two

L > =

O
A D dy © Iy

d. b.
Figure 1.17a. Quadraphonic loudspeaker arrangemienSurround sound loudspeaker arrangement, sucteas u
by Dolby Surround and some other systems.The sodreignalS can be delayed by a few tens of milliseconds to
ensure that sound is not localized at the surrdondispeakers.
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transmission channels and four loudspeaker chan@eth systems consist of a 2x4 encoding
matrix and a 4x2 decoding matrix. The transmissiwennels are encoded as

Lr

L, IR TR PR E R Rp (1.18)
R, ayy Ay Ay Ay | Ly

Ry

whereLr , R-, Lr andRg represent the signals of initial channels for fegtt, right front, left
rear and right rear loudspeakers. The transmissi@mnels must serve as reasonable two-
channel reproduction channels for compatibilityuiegments. The quadraphonic loudspeaker
channels, denoted with primes, are retrieved byldm®ding scheme

L'p byy by
R _ |P21 boaf | L] (1.19)
L'g by by |R,
R'r| _bcu by
. . 9 2 2
Power conservation yle|CuTF+a§£ = 1for ;e {1,2 3, 4} andb,j+b§j+f;§lj+b4; = 1 for

je {1,2}. A 4x4 matrix results after substitution of (1.18) (1.19). This matrix can be
optimized according to certain premises (Earglel]97

Besides disagreement on the number of channetspbkcurity about the recording stra-
tegy and the aims to be achieved, caused a stagnatithe development of multi-channel
surround (Gerzon 1977). At last, Dolby Laboratoiigsoduced the Dolby Surround system.
Being derived from their cinema surround sound daath Dolby Stereo, this domestic system
became successful as well.

0 2

The Dolby Surround system uses a left, center,tragid surround channel recovered
from two transmission channels (Figure 1.17b). Sacleonfiguration is appropriate if a
television set is used in combination with audiaraels. The central phantom image, as heard
between left and right loudspeakers, is now anchdre the central loudspeaker. The
transmission scheme is given by (Dressler 1993)

L,= I g G—jﬂ
R, 0 ¢ 1 jg

with ¢ = %.ﬁ (or =3 dB) and is a 90° phase shift. The loudspeaker signalsem@vered as

, (1.20)

Lo O
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L I g 0 —jg||L
C ~ |4 1 g 0)C
R 0 ¢ 1 jgllRl" (1.22)
5 Jg 0 —jqg 1[|S

Crosstalk between adjacent channels is —3 dB, withile—¥ dB between opposite channels.
The Ssignal is bandlimited from 100 Hz to 7 kHz, encddeith a modified Dolby B-type
noise reduction and phase shifted over + 90°. Siheecrosstalk would lead to intolerable
blurring of the image resolution (Bamford et al9%y additional active processing is done by
a Pro Logic Decoder. The decoder detects the darnhdieection in the playback channels and
then applies enhancement in the same directionngmaportion to that dominance.

Compatibility with two-channel stereophony is supipd to such an extent that a fairly
satisfactory downmix is given. However, the harrme&ldo stereophonic imaging by the
encoding procedure is rather contrasting with tlaee ctaken in setting up an accurate
stereophonic sound image (see Section 1.6).

Ambisonics has its roots in quadraphonic matrixi@goper et al. 1972) and has been
proposed as a successor of stereophony (e.g. Gée&m and Lipshitz 1986). Ambisonics
uses a different microphone and imaging technidpa@ tstereophony. It pursues local wave
front reconstruction: a listener at the sweet gpoeives wave fronts that are copies of the
original wave fronts. In this section a simple eydaris given with the following assumptions:

1. Analysis and reconstruction are restricted temall area of the order of a wavelength.
Therefore all incident waves in the original and teproduced field may be considered to
be plane waves.

2. Analysis and reconstruction are restricted &ftbrizontal plane.
3. Four loudspeakers are used for reconstruction.

4. Only the zeroth and first order spherical harit®mre taken into account. These can be
measured with pressure and velocity microphonepedaively.

Only the first restriction is essential for ambisortheory. The second and third
restriction are made here for simplicity in derigai while the fourth restriction originates
from the practical circumstance that second andherigorder microphones have not been
constructed yet.

Consider a plane wave with an angle of incidepceith respect to the-axis (Figure
1.18a). Pressure and velocity at the origin aremgivy

Py =P, (1.22)
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Vi(y)

V.(y) Vsiny | (1.23b)

with P the pressure an® the velocity of the plane wave. Ambisonics usespacial
microphone with nearly coincident diaphragms tous@P, Vx andV,. These signals can be
encoded for transmission in so-called UHJ formaerg@n 1985), and recovered at the

reproduction site, where the loudspeaker inputscateulated according to (Bamford et al.
1995)

Veosy , (1.23a)

| .
L, = §(Py=2pgcV cos@, = 2pocV sing, ) (1.24)

with L, the feed, and , the direction of then" loudspeaker, wittN the total number of

loudspeakers, andqc the acoustic impedance of a plane wave. For ttagement shown in
Figure 1.18b, loudspeaker signals (1.24) are eteduas

Ly = 5(Py+2pecVy) (1.25a)
Ly = 1(Py+2pyeV,) (1.25b)
Ly = 1(Pg=2poc V) (1.25c)
Ly = 1(Po=2pcV,) . (1.25d)

Figure 1.18 Ambisonic reproduction exampla. Plane wave incidence at origim. Reconstruction of the plane
wave by composition with loudspeakers.
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The reconstructed wave at the origin is found lpesposition of the loudspeaker outputs. The
pressure is given by summation of all contributions

Po=XL, =P, (1.26)

and the velocity by summing andy components (note that opposite loudspeakers have
opposite signs for their velocity components)

] 1
Vs _F’(;r_-{': b= pu(.‘[Ll + (L)) = Vi (1.272)
1 |
Vi=—22 L = —J[L,+{=L,))]| =V
v [.)“(-"§ n p{]cl[ 2t { 4}] o (127b)

Though in theory the original pressure and veloattg fully recovered, problems may arise
due to the prescription that opposite loudspeakerse anti-phased velocity information.
Certainly such cancelation is very critical, andl wrobably require careful adjustment of the
decoding circuitry and accurate positioning of Ispelakers. At high frequency, moreover,
cancelation of oppositely propagating waves wilt nocur at all, because firstly, there is a
delay between left and right waves at the listenears, and secondly, the head shields the
wave field.

0 )

The first surround sound project in motion pictimdustry has been Disney's discrete
six-channeFantasiain 1941. Since then, various systems have beegrazl of which Dolby
Stereo has been most successful. This surrounddssystem decodes two channels from 35
mm optical prints into left (L), center (C), rigfR) and surround (S) loudspeaker channels. It
is the professional version of the Dolby Surrouystem, as described in section 1.7.2.

In the 1990s, the digital era in cinema was enteved three non-compatible digital
surround sound systems: Dolby Stereo Digital, Rigitheater Systems and Sony Dynamic
Digital Sound (Blake 1995). All systems employ tbe-called 5.1 format: a discrete six-
channel configuration with L-C-R-S1-S2 and a subf@ochannel (Figure 1.19). For cinemas
with less than five loudspeaker clusters, alsoraettthannel or four-channel sub-set can be
decoded from the 5.1 format. On the other handresxbons up to the 7.1 format are supported
as well (see Figure 1.19).
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Figure 1.19 Surround sound configurations. The S1” and S2b6snd loudspeakers are optional.
a. The 5.1 surround sound format.The 7.1 surround sound format.
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With the arrival of advanced widescreen televisioey opportunities for the audio
industry were provided. A recommendation of the 4RU1991) committee has standardized
multi-channel transmission formats and loudspeakemgements. The transmission format is
5.1 (five wide band channels and one narrow baruvsafer channel) with three front
channels and two surround channels (denoted asa8/&) be compatible with motion picture
formats and arrangements. Also, sub-sets of thidiguration are possible, such as 3/1, as
used by Dolby Surround, and 2/0, which is the cativeal two-channel stereophony. Others
propose the use of side surround loudspeakersar&ilS2” in Figure 1.19, because the imaging
of lateral sources and reflections is problematithwonly front and rear loudspeakers
(Griesinger 1996 and Zieglmeier et al. 1996).

Preparation of audio signals for the 3/2 systeraiigely an extension of stereophonic
imaging. Reports on recordings for the new standaehtion conventional microphone
techniques. Schneider (1996) reports that a comrait AB pair could not provide a
satisfactory pan pot mix for the frontal channelCland R. Finally, three discrete microphone
signals, with 3 dB attenuation for the central atelnwere used for these channels to image a
symphony orchestra. Spikofski et al. (1992) propmseversed ORTF-pair (Figure 1.20a) for
the surround channels. Theile (1996) uses a simiarophone configuration for overall sound
pick-up (Figure 1.20b). He argues that the centemnel should be ignored as long as no
adequate three-channel main microphone existanigav2/2 configuration.
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Figure 1.20 a ORTF-pair used for surround sound pick-npModified ORTF-pairs for a 2/2 system.

Since the early 1970s, the audio industry is vaimyng to enrapture the public for
multi-channel reproduction. The motivation for thesfforts was the general idea that the
listener should be enveloped with sound, as in rahtsound fields. However, sound
reproduction and two-channel stereophony are sythonymous to the consumer. The
commercial failure of multi-channel sound so fas,regarded to be caused by moderate
enhancement of sound quality and lack of standatidiz.

It is believed that these problems have been owegcby digital technology and a
standardized surround format, the so-called 3/th&br Though presented as an innovative
solution, the new surround sound proposals stéinldeavily on stereophonic imaging.
Therefore, important drawbacks of stereophony withvoidably be adopted as well.

In this chapter, a reformulation of the aims amgureements for sound reproduction has
been given. It is shown that stereophony canndillfaslich demands: imaging is restricted to
an extremely narrow listening area. Outside thesaaspatial and temporal distortion of the
sound image occurs. The main goal of the presesstareh is to develop a method of sound
reproduction that offers a natural high qualityrsimage in a large listening area.
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This chapter gives the theoretical basis for sfpattarrect sound reproduction by apply-
ing the concept of wave field synthesis (Berkho2B8 and Berkhout et al. 1993). It will be
shown that — starting from the Kirchhoff-Helmholtave field representation — a synthesis
operator can be derived that allows for a spatia #mporal reconstruction of the original
wave field. The general 3D-solution (Section 2.2h ®e transformed into a so-called 2¥2D-
solution (Section 2.3), which is sufficient for oestructing the original sound field in the
(horizontal) plane of listening. For that purpodenaar array of loudspeakers is used to gener-
ate the sound field of virtual sources lying behihd array. A special manifestation of the
operator appears in the case that sources in d&fothie array need to be synthesized. In that
case, the array radiates convergent waves towai@sua point, from which divergent waves
propagate into the listening area (Section 2.3.2).

For finite or corner-shaped arrays diffraction ascin most situations diffraction waves
cause no serious distortion of the perceived samage. However, if the main contribution of
the wave at a certain listening position is geregtaiear a discontinuity of the array, diffraction
can have audible effects. Solutions for diffractése offered in Section 2.4.

Discretization of continuous source distributionas hinfluence on the frequency
response and the spatial behavior of the synthetsiaee field. Section 2.5 discusses artefacts
and solutions. Finally, related research in th&fef wave field synthesis is summarized in
Section 2.6.

31
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From Green’s theorem and the wave equation, thehKoff-Helmholtz integral can be
derived for the pressuf®, at a pointA within a closed surfacg(e.g. Skudrzyk 1954 or Berk-
hout 1982)

P, = 4ip (PRG— GR P)nds, 2.1)
S

whereG is called the Green'’s functioR,is the pressure at the surface caused by anagbitr
source distribution outside the enclosure, amgthe inward pointing normal unit vector to the
surface, see Figure 2.G should obey the inhomogeneous wave equation famoaopole
source at positioA

R°G +K°G = —4pd(r —r ). (2.2)

%\\\~ (e

Figure 2.1 The pressure in a poiAtcan be calculated if the wave field of an extesmairce distribution is knov
at the surface of a source-free volume contaiking

The general form of the Green’s function is givgn b

G = —eXp(r_jkr) +F, (2.3)

whereF may be any function satisfying the wave equatig)(with the right-hand term set to
zero. For the derivation of the Kirchhoff integfak 0 is chosen, and the space variabie
chosen with respect #

f= X2+ (Y= yp) 2+ (2= 22) (2.4)

Thus G represents the wave field of a point sourc&.imhe physical interpretation of
these choices is that a fictitious point sourcetnivesplaced irA to determine the acoustical
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transmission paths from the surface towakdSubstitution of the solution f@ and the equa-
tion of motion

P .
% = —wr gV, (2.5)

into integral (2.1) finally leads to the Kirchhafftegral for homogeneous media

P, = 4_1p [ P1+;krcosj exp(—jkr) + jwrovnw }ds. (2.6)
S r

The first term of the integrand of (2.6) represemtdipole source distribution driven with the
strength of the pressuReat the surface, while the second term representsrepole source
distribution driven with the normal component oé harticle velocity/,, at the surface (Figure
2.2). The original source distribution may be ahlleeprimary source distribution; the mono-
pole and dipole sources may be calledstbeondarysource distribution.

SinceA can be anywhere within the volume enclosedSpthe wave field within that

Figure 2.2 The pressure in a poiAtcan be synthesized by a monopole and dipole saistriibution at a surfa
S. The strength of the distributions depends onvtdecity and pressure of external sources measatréte sul
face.

volume is completely determined by (2.6), wherdwsintegral is identically zero outside the
enclosure. This can be understood in an intuitie@mer by considering that the positive lobes
of the dipoles interfere constructively with the mopolesinsidethe surface, while the nega-
tive lobes of the dipoles exactly cancel the simgisitive lobe of the monopoles (see also Fig-
ure 1.12)outsidethe surface. Apparently, part of the complexityte Kirchhoff expression is
involved in canceling the wave field of the secaydsources outside the closed surface. For
the application of the Kirchhoff integral in wavelfl synthesis, this cancelation property is of
less importance. Therefore, two special solutidnthe® Green’s function are chosen that will
considerably simplify the Kirchhoff integral, beait the cost of a fixed surface geometry and a
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non-zero wave field outside the closed surfacecddfse, the wave fieldisidethe closed sur-
face is correctly described by these solutionsynas the Rayleigh | and Il integrals.

The Rayleigh | integral can be found by choosimgagicular surface of integration for
integral (2.1) and a suitable functiénin (2.3). The surface consists of a plane at0 and a
hemisphere in the half spaze 0, as drawn in Figure 2.3. All sources are ledah the half
spacez < 0, so for any value of the radiRghe volume enclosed I§{ andS; is source-free. If
G(r) falls off faster than or proportional tor1lthe Sommerfeld condition is satisfied and the
integral over this part of the surface vanishesR® ¥ . The pressure iA is now found by
substitution of (2.3) in integral (2.1):

p,= L pl [exp(—jkr) N F} _[M + F}% ds, (2.7)

4p In r
S

whereS, is the infinite plane surface at 0.

z<0

primary source
distribution > >

Figure 2.3 The integral for the Rayleigh representations wres a hemisphere surfaBgand a plane surfa.

The aim is to choose a functiéthat causes the first term of the integrand tasharior
that to be true, the normal component of the gradieF should have a sign opposite to that of
the normal component of the gradienteofp(—jkr) aor . This élthe case for
exp(—kr")

r.I

F= (2.8)

which is the pressure of a monopoléathe image oA mirrored in the plan&,. OnS;, r'=r
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applies and therefore

F_ 1 [exp(—jkr')}‘nr'

_ _%[exp(r—jkr)] (2.9)

which causes the first term of the integrand of 2o vanish indeed, yielding the Rayleigh |
integral after substitution of (2.5)

P, = % jwrovn[w}ds. (2.10)
s

This equation states that a monopole distributiothe planez = 0, driven by two times the
strength of the particle velocity components pedpariar to the surface, can synthesize the
wave field in the half spa@> 0 of a primary source distribution located sornexe in the other
half spacez < 0 (see Figure 2.4).

z=0

z<0 i+ z>0

\

\ H
primary sources ® \

\ \ -

% ) )/ / )

, / , / /+

‘s

+

H
secondary sources

Figure 2.4 With the aid of the Rayleigh | integral the waveldiof a primary source distribution can be synttex
by a monopole distribution at= 0 if the velocity at that plane is known.

Note that such a distribution of monopoles williedd a ‘mirror’ wave field into the half
spacez < 0, since there are no dipoles to cancel this vii@le. Therefore the Rayleigh | solu-
tion can be applied for synthesis if the wave fielthe half space< 0 is of no interest.
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In order to find the Rayleigh Il solution, a furantiF is required that will eliminate the
second term of (2.7). The situation as depicteigure 2.3 is considered again. A choice

_exp(-jkr')

F = :
r

(2.11)

will obviously have the desired effect, becausiatplane of integratiori = r applies, causing

the second term of (2.7) to disappear. This ti@egpresents the wave field of a monopole at

A, together with an anti-phase monopoldaflhe Rayleigh Il integral can now be derived as
Py = = PIHK

2p
Slr

cog exp(—jkr)ds. (2.12)

This expression states that the wave field in tdédpacez > 0 can be synthesized by a distri-
bution of dipoles, driven by two times the strengftthe pressure (measurea at0) of a source
distribution in the half space< 0 (Figure 2.5). Note that such a distributiordigfoles will ra-
diate a ‘mirror’ wave field into the half spaze& 0, the pressure of which is in anti-phase with
the pressure at> 0.

Z:

z< 0 =
.
prlmary SOUFCGS \
% 3 ), /
/_

secondary sources

/

Figure 2.5 With the aid of the Rayleigh Il integral the waveld of a primary source distribution can be syr
sized by a dipole distribution at= 0 if the pressure at that plane is known.

In principle, the Rayleigh | and Il integrals cam bsed to synthesize the wave field of
any primary source distribution by a planar arr&dyoodspeakers. The discretization of the
operators, from a continuousstribution of secondary sources to a discrateay of loud-
speakers, will be treated in Section 2.5. In teigtisn an intermediate step is made, from pla-
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nar to linear distributions. Such a reduction ofmensions is allowed as long as the
requirements for spatial sound reproduction aregegspected (Section 1.5).

A derivation of the Rayleigh | and Il integrals tiwo dimensions (abbreviated: 2D) is
given by Berkhout (1982). Analogously to the 3uatton, the wave field of a primary source
distribution can be represented by a distributibsexondary sources at a straight line. How-
ever, the 2D analogy of a secondary point sourbaves as a line source in 3D, i.e. instead of
the 1o -law, alo/r -law is followed. Such solutions arelitife practical value for wave
field synthesis. Therefore, Vogel (1993) has preploa different approach, resulting in an
expression for a so-called 2%:D-operator. This dperean be regarded as an intermediate
form between the 3D and 2D Rayleigh operators, Umedhe secondary sources have 1/
attenuation while the derivation is given in a gan

De Vries (1996) assumed monopole characteristicghio primary source and incorpo-
rated arbitrary directivity characteristics of gecondary sources (loudspeakers) in the synthe-
sis operator. He showed that the characteristich@fsecondary sources and the primary
source are inversely interchangeable. Furtherniesesimulations show that if the directivity
patterns of one or more array loudspeakers defriate the others, serious synthesis errors
may occur. Therefore all secondary sources shoaNeé fdentical characteristics. The deriva-
tion given here starts off with arbitrary charastiges for the primary source, and monopole
characteristics for the secondary sources. It fedlthe treatment given by Start (1996), who
derived an expression for the 2%2D-operator by reduibe (exact) 3D Rayleigh | surface inte-
gral to a line integral.

The position of the primary source is not restddiethe half plane behind the secondary
line source, as will be shown in Section 2.3.2. phesence of sources in front of the loud-
speaker arrays may contribute strongly to the imetgon of the listener.

A summary and generalization of 2¥2D-operatorsvgigin Section 2.3.3.

#$ !
Consider a primary sour&in thexzplane, as drawn in Figure 2.6. The pressure Géld
the primary source will be given by

P(r,w) = S(w)G(j I w )ZREKD (2.13)

whereSw) is the source function ar@(j, J , w) is the directivity characteristic of the source
in the far-field approximation Kr >> 1 ). Across th&y-plane, a secondary source distribution
with monopole characteristics is situated, which syinthesize the wave field of the primary
source at the receiver positi®according to the Rayleigh | integral (2.10)

1

IDsynth = 2_

jwrovn(r,w)[wpdy (2.14)
xy-plane

with V,(r, w) the velocity component of the primary source parpcular to they-plane. The
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Figure 2.6 The Rayleigh | integral is evaluated for a primsoyrceSand receiveR, both located in thezplane
Vectorr points from the primary source to a secondaryoMr at the linem. VectorDr points from seconda
source to receiver. The projections onxkaglane are denoted by subscript 0.

surface integral will be reduced to a line integiaing thex-axis by evaluating the integral in
they direction along the linen. By applying the equation of motion (2.5) to Eqoiat(2.13) it
follows that

jwr gV (1, w) = —1}"_n P = —S(w). |:G(j Jw )M} (2.15)

In the chosen geometry of Figure 2.6, Witk atan( x/z) andJ = atan( y/«/x* + ), this ex-
pression is written as

ex kr) sin Gcosm]le
JWr V. (r, w) = S(w) IO(J ) sinj_fG , cog sid_1G rJ

PSK - o Gcog cod . (2.16)

The integration along the lima can be carried out by applying the stationary phasthod
(Bleistein 1984). This method is concerned witlegrals of the form

¥
I = f(y)exp(jf (y))dy. (2.17)
¥

Equation (2.14), with substitution of (2.16), indeeakes this form. The amplitude part is
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1 §(w) sinj ‘IE cog sid ‘HG 1+ jkr
r

) = 2p rDr rcos] ] g3 T ©Gcogcod (2.18a)

in which the variableg, r andDr implicitly depend ory, whilethe phase is given by
f(y) = —k(r +Dr). (2.18b)

Forf >> 1, the approximate solution to (2.17) is

1> 150201 (40) [ (2.19)

whereyy is the stationary phase point &ridy,) the second derivative dfevaluated ay,. The
stationary phase point is defined as the point e/h@f) reaches its stationary value, i.e. where
f'(y) = 0. From inspection of Figure 2.6 it follows that

Yo = O, (2.20a)
(and thereford , = 0),
f(yp) = —K(rg+Drg), (2.20b)
f2 ARl 2.20
(Yo) = — roDr g , (2.20c)

1 S(w) sinj 1G(,0,w) ., 1+jkrg
2pr0Dr0 o T o

f(y,) = G(j,0,w)co§ . (2.20d)

Forkry >> 1, the second term f{f/,) is dominating, and therefore (2.14) is finallgueed to

— ¥ . .
_ ffk* | Dro . . exp(—jkrg) exp(-jkDrg)
Peynth = S(W) 25, Tor DrOG(J , 0, w)cos JE) o dx. (2.21)

Integral (2.21) states that the contributions bfatondary sourcéd along the linem can be
approximated by the contribution of a secondarypsource at the intersectionmfwith the
x-axis. The driving functio®,(x, w) of that secondary monopole point source iat

Q. (% W) = aw)& /rf—rDrG(j ,0,W)cos w, (2.22a)

yielding for the integral (2.21)
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¥

I:)synth =

QX W)%dx, (2.22b)

in which the subscripts of the variablgsandDry have been dropped for convenience.

It will be verified here that the obtained drivifgnction is valid within the approxima-
tions of the stationary phase method. Thereforerttethod is applied to integral (2.22b). This
time, the amplitud§x) and phasé(x) function are

f(x) = [S)(r\:\? " Dr G(j ,0,w)cog (2.23a)
and
f(x) = —k(r+Dr) (2.23b)

respectively, in whiclp, r andDr are implicitly dependent ox Again a stationary phase point
has to be found. From Figure 2.7 it is obvious thigs at the intersection of the lifSwith
the x-axis. Introducing as the vector pointing from primary source toistetry phase point,
the second derivative of the phase function ofintegrand of (2.21) is found as

% 79+ Dz,
Dz,

f2 (xo) = —k : (2.24)

wherez, and Dz, are the respectivdistancegpositive) of the primary source and the receiver
to thex-axis. The amplitude part of the integrand, evadait the stationary phase point, yields

_ S(w) [jk | Dz . .
f(xp) = _DrJr— 20 Zo—+ DZOG(J o 0,w)cog . (2.25)

Realizing that cos = (z5+ Dzy)/(r + Dr), substitution of (2.24) and (2.25) into (2.19)e&g

exp(—jk(r +Dr)) '

Peynth = S(W)G(j o, 0, W) 0 +Dr)

(2.26)

Comparison of this expression with the true wae&lf(2.13) shows that the synthesized wave
field is equal to the true wave field of the primaource within the plane containing this source
and the distribution of secondary sources. Nowidanshe situation of different receiver points
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Figure 2.7 The phase functiotk(r + Dr) approaches its stationary value = X,. The value ok is found at th
intersection of the linRSwith thex-axis.

which all are on the line = Dz, as shown in Figure 2.7. By choosing the drivingction

. D _.
Q. (% W) = S(W)J% /ZO+—Z[())ZOG(j , 0, W) oS w, (2.27)

where the factor/Dr &r + Dr) in Equation (2.22a) has beerdfix:ejDzo 9z, + Dz,) , the
synthesized wave field is still correct for all thexeivers at the line= Dz, This adjustment
yields a driving function that is independent of tleceiver position at the liree= Dz, and is
therefore practically realizable in a wave fielagesis system. Notice that the amplitude of the
synthesized wave field is not correct at otherixeredistances.

This effect is investigated in a simulation. Figdr® shows the wave field of a monopole
source, i.eG(j ) = 1. The source signal is a repetitive broadl@adssian pulse (shown in the
upper left corner). Figure 2.9 shows the wave fsldthesized by a distribution of secondary
sources with monopole characteristics, the drivimmgction being given by (2.27). Vertical
cross-sections of the synthesized (dotted) andnadigvave field are shown in Figure 2.10. At
the linez =Dz, (atz= 2.5 m in the cross-section) the synthesized Viialeis correct in ampli-
tude and phase, while elsewhere it is correct msphand slightly deviating in amplitude in
comparison to the true wave field of the primaryrse. This deviation is a consequence of
reducing the Rayleigh-operator from planar to Imgeelding a gain factog/DzO Az, + Dzp)
that gives the correct amplitude at one receiver. lihe pre-satference lineBy choosing an
appropriate distance for the reference line, thplénde errors can be kept small in a large lis-
tening area.
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v

Gaussian pulse

Figure 2.8 Wave field of a pulsating monopole source. Thewasrimdicate the position of the cross-section st
in Figure 2.10.

Figure 2.9 A line distribution of secondary monopole sourcgstisesizes the wave field of a pulsating mona
source.The arrows indicate the position of thessigesction shown in Figure 2.10.
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sound pressure

0.5 ] 1.5 2 2.5 3 3.5 4 4.5
z(m)

Figure 2.10 The sound pressure along the central cross-sedaifdrigiure 2.8 and 2.9. The solid line repres
the pressure of the original primary source (positz = —1 m). The dotted line shows the synthesizedsure c
the secondary sources. The driving function is dueit®z, = 2.5 m, so that the middle synthesized pulse Inez
the original one closely. The synthesized puls& neal.1 m is about 1.5 dB stronger than the origomed, whil
the synthesized pulse at 3.9 m is 0.5 dB weaker than the pulse of theary source.

A second example, shown in Figure 2.11, demonstithie synthesized wave field for a
primary source with non-trivial directivity functioG(j ) = cos{ —90°), which is a dipole
source with its zero pointing downwards (see aigoiife 1.12b). The source signal is a sinu-
soid. Clearly, since the left and right lobes @ thpole have opposite phase, the alternation of
dark and light zones is reversed between left ayid half of the picture. A distribution of sec-
ondary sources in Figure 2.12 is used to synthélseeave field of this primary source show-
ing good comparison with Figure 2.11.
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sine wave

Figure 2.11 Wave field of a monochromatic (single frequencyjalié source with directivity characteristics
G(j ) = cos[ —90°).

e T

Figure 2.12 A line distribution of secondary monopole (+++) sms synthesizes the wave field of a monoc
matic dipole source. The primary source has divigtcharacteristic&(j ) = cos{ —90°).
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Instead of a distribution ahonopolesources, alsdipole sources can be used to synthe-
sized a wave field. Starting from the Rayleighdtrhulation (2.12), it can be shown analo-
gously to the derivation of the monopole drivingndtion that in this case the synthesized
wave field is equal to

= _ ¥ . exp(—jkDr)
synth — Qd(x’ W)JkCOW de (2288_)
¥

wherey is the angle between the normmafto the secondary source line) and the direction o
the receiver (see Figure 2.18), is the dipole driving function given by

D _.
Qux W) = W) 5 |-G, 0,w S, (2.280)

wherez, andDz, are the respective distancesS#ndR to thex-axis.

. X-axis ,
/
Dz, L/
/
/
MR
L /
. /
/ reference
; line

Figure 2.13 The wave field of a primary source can be syntleebiy a secondary dipole source distribution &
the x-axis.

From the principle of reciprocity between sourcel aaceiver, which states that the
acoustic transmission paths are reversible, ibisaus that it must be possible to focus sound
waves from a distribution of secondary sources tdw/a focus point. Focusing of sound is
applied in seismic data processing (Berkhout 1987 Thorbecke 1997) and in ultrasonic
scanning of human tissues. Focusing of sound g@igeaas in nature: in outdoor sound propa-
gation, so-called caustic surfaces may occur ihdowaves are affected by wind gradients
(Pierce 1991).
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reference
line/

/

Figure 2.14 The wave field of a primary sour&8s synthesized at the reference line by secorgtances at = 0.

A 2%D focusing operator can be derived for a seapndource distribution along a
straight line. From inspection of the geometry mfufe 2.14, with the secondary sourcesat
0 and both the primary source and the receiverdiae> 0, it is clear that the waves of the pri-
mary source are propagating in the direction oppdsithe waves of the secondary sources in
the dark area where 0&< z, In the space > 7, the waves of the primary souraad the
waves of the secondary sources are traveling iitiyp®g-direction. In that area, a reconstruc-
tion of the primary wave field by a distribution s€condary monopole or dipole sources is
possible, as shown in Appendix A. The synthesizadexfield for a distribution of secondary
monopole sources is given by (A.3)

foc

kD
I:)synth = Qm (X W)wdx (2298_)

with driving function (A.15)

oc D . '
Q(x, w) = S(w) JZ:‘;” /Dzoz_ozocoq eXp;Jkr) . (2.29b)

Figure 2.15 displays the wave field of a focusiegandary source distribution. In the
areaz < z, the waves are convergent towards the focus (veneave fronts). Figure 2.16
shows a cross-section through the focus. Notelithage of the waveform at the focus, which
is quantified by Equation (A.22): the phase of Weves is shifted by 90° when passing the
focus.
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e

Figure 2.15 Wave field of a focusing monopole distribution. Tdmurce signal is a repetitive pulse. The ar
indicate the position of the cross-section showRigure 2.16.
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Figure 2.16 Cross-section of the wave field of Figure 2.15. Pbsition of the primary source (focus) iszgt
1.5 m.
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&

The non-focusing operator (2.27) wi@{j ) = 1 bears strong resemblance to the focusing
operator (A.15). They can be combined in one eqodiy use of the sign function:

gen _ sign(z)k | z . exp(sign(z)jkr)
(x,w) = S(W)J 20] Jz_lcoq T : (2.30)

wherez = zp g , the ratio between the respective (signedprdinates of the reference line
and the primary sourcgfor a line of secondanmyonopolesources situated at 0. Note thaz
is positive for the focusing operator and negafwethe non-focusing operator. Alsp,is
bounded, i.,e0£z £1 is inhibited, because for the fazyisiperator the primary source must
lie between the secondary sources and the redaieer

Similarly, a driving function for a secondadypole source line can be found by combi-
nation of (2.28b), witlG(j ) = 1, and (A.17) that holds for a primary monopsdeirce on the
same or other side of the secondary source line &

gen _ S(w) [sign(z) | z exp(sign(z)jkr)
Qi (xw) = j ,2pjk /Z_l T (2.31)

with the same considerations for= zzzg  as for the seagnehonopole sources.

& !
Start (1996, 1997) generalized the non-focusing 2¥a€rator for an arbitrary shape of

the secondary source line and receiver line (FigQui&). The pressure at the receiver line is
given by

¥
Pr= Qu(r,w)
¥

exp(—jkDr)
0o dl, (2.32a)

where the integration path is along the secondauyce line Q,, is the driving function

Qu(r, w)—S(w)[ |2 co 'e"p(‘lk” (2.32b)

wherer is the length of the vectorfrom the primary source to the secondary soujcésthe
angle of incidence af at the secondary source line, dxds the length of the vectd@r from
secondary sources to reference line, pointing énstime direction as This driving function
allows a flexible configuration of synthesis arrays

" Hencez = +Dz, andzg = +7, in Figure 2.14, whileg = +Dz, andzg =— 7, in Figure 2.7.
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reference
secondary line

Figure 2.17 Synthesis with a curved secondary source line afedence line is allowed as long as each pg
on the reference line ‘sees’ only one stationamgsghpoint on the secondary source line.

In case of an arbitrarily shaped line of secondipples the synthesis integral reads

¥

Pr = Qu(r,w)jkcosy
-¥

_ 1 Dr exp(—jkr)
Qq(r,w) = S(w) /2pjk ,r+Dr 7 (2.33b)

Angley is defined as in (2.28a) and depicted in Figuid2For the stationary phase point the
relationy =) applies.

exp(—jkDr) dl

= (2.33a)

with

C )

It seems plausible to generalize driving functi@®BQ) for a smooth curvature of the
receiver line and the secondary source line bynge#t = Dr o as in (2.32b), thus extending
the validity of (2.32b) tdocusedprimary sources. Becau§® andr are lengths of vectors
rather than signed coordinates, a sign has to peemented irz artificially, if the secondary
source line is not straight as for driving functi@?30). In this way the synthesis operator is
able to discriminate between focusing and non-fiogusituations. From symmetry and reci-
procity (and simulation results) such a generdbraaippears reasonable.
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Diffraction waves in the synthesized wave field eaeised by irregularities in the sec-
ondary source distribution. Two such causes amudsed here: truncations and corners.

Effects of truncation or finite aperture will appea the synthesized wave field if the
secondary source distribution is not infinitely o he area in which the wave field is recon-
structed is limited to those positions for whiclstationary phase point can be located at the
secondary source line. This principle is visualize8igure 2.18. The approximate reconstruc-
tion area can be found by drawing lines from thenpry source towards the edges of the sec-
ondary source line. Inside this area diffractiorvesawill interfere with the synthesized wave
field. Outside this area the wave field bends adotne edges, i.e. the apparent center of the
diffraction waves lies at the edges of the secaondaurce line.

This effect is studied in Figure 2.19. A plane wavpartly reconstructed by a truncated
secondary source line. To the left a monochronsatioce signal is used, to the right a repeti-
tive pulse is synthesized. The strength of theinlgivunction of the secondary sources is indi-
cated by the (vertical) width of the bar on togha# picture. Spherical diffraction waves, much
weaker than the synthesized plane waves (aboutiB20are originating from the edge. The
phase of these waves depends on the direction (&amythe edge). This can be seen from the
black-white order of the wave fronts in Figure Dhiside the reconstruction area the diffrac-
tion waves appear to be in anti-phase with the @loshe plane waves. This is in agreement
with diffraction theory (see e.g. Pierce 1991). <l the reconstruction area the plane waves
bend around the edge smoothly, apparently withbase disturbance.

Two methods will be given here to reduce thesectition artefacts.

De Vries et al. (1994) showed how to suppress theses by compensating them with
an additional secondary point source at the edyesrdby

S
secondary sources . secondary sources

S

Figure 2.18 Truncation of the secondary source line causemitation of the reconstruction area. The app!
mate reconstruction area is marked gmaySource behind secondary sourdesSource in front of second:
sources (focused).
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Figure 2.19 Diffraction waves for a synthesized far-away soupreducing plane waves.
a. For a monochromatic source signal.

b. For a repetitive pulse.

The secondary source line is truncated only déftside.

QnFecge W) = SW),[5ome |- — S —— —F, (239
m{ledge 2pjk Zy + DZySinj ggqe— SiNby [ edge

with regge@ndj gggethe polar coordinates of the edge with respetttegrimary source, arig

a fixed angle for which the diffraction waves ammpensated optimally, as drawn in Figure
2.20a. The driving signal of the edge sources hdifferent frequency dependenceéd/jk )
than the driving function of the secondary monopmlerce distribution.{jk ).

This method of reduction of diffraction waves igrdmstrated in Figure 2.21a. Again,
the wave field of the far-away source of Figuredp.is synthesized. At the position of the cir-
cle (next to the bar above the picture), a monopolece is driven with signal (2.34) in which
by has been set to some angle inside the reconsinuatea. In this area a reduction of diffrac-
tion waves of about 15 dB is accomplished. Notettiasign of (2.34) depends on whethgr
>] edgeOr Po <] edgelS chosen. Since in practibg is fixed, this implies that the compensation
worsens the situatiooutsidethe reconstruction area, where the sign of tHeadiion waves is
approximately equal to that of the compensatingadig
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tapering window

secondary sources

secondary sources

direction of optimum
reduction

Figure 2.20 Reduction of diffraction effects. A single monopole source at the edge of the sergraburce lin
driven by signal (2.34). After De Vries et al. (89%. A cosine taper applied to the amplitude of theidg func:
tion of the secondary sources. After Vogel (1993).

a.

Figure 2.21 Reduction of diffraction waves by using:

a. a point source (positio®) at the edge of the secondary source line.

b. a cosine or half-Hanning window as taper.

The bar at the top of the picture shows the angiitef the driving function. The secondary soumse Is truncate
only at its left side.

A different method for reduction of diffraction effts, known atapering may therefore
be more efficient (Vogel 1993). The amplitude af thriving function is tapered, i.e. gradually
decreased, towards the edge(s) of the secondargesdistribution. This has the effect of
smearing out the diffraction energy over a largeaaThis method is the spatial equivalent of
the application of a time-window in signal theoBest results are obtained by applying a
cosine taper, such as a half-Hanning window (Figu&0b). A taper-width of about 1 m
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reduces the amplitude of the diffraction waves by 60 dB. Figure 2.21b illustrates the effect
of a cosine taper applied to the secondary soursteldition of Figure 2.19b. Though the
reduction is smaller than with the method of DeeSret al., the diffraction waves are now
attenuated inside as well as outside the recorigiruarea.

In contrast with the compensation method, tapeisngasily applicable in wave field
processors without extra filtering per primary smurTherefore tapering is favorable in real-
time wave field processing.

*

(

Diffraction also occurs if two straight line didtutions with different orientation are
attached to each other, thus constituting a corawever, in that case the diffraction waves
are weaker than at truncations. For the 90° cahErgure 2.22, the amplitude of the diffrac-
tion waves is approximately 27 dB less than thahefplane wave fronts. The strength of the
corner diffraction waves is therefore comparabléhtostrength of residual effects after taper-
ing with a single linear source distribution.

[ |

il

sound pressure (a.u.)

|
to

|
<
12

Figure 2.22 Planar waves synthesized by a secondary soure#édigin around the corner (shown by the b
A cross-section of the wave field (at the indicagpedition) is displayed to the right. At= 0.1 andk = 1.0 som
residual diffraction effects are visible.

" The application of corner arrays is described iaygér 4.
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The practical application of the theory of wavddisynthesis requires continuous distri-
butions of secondary sources to be replaced byalesarrays of loudspeakers. In that case the
primary sources are referred tov@igual sourcesWithin some restrictions, to be explained in
this section, the integral equations in the previsections can be read as summations

F(XY)dx®  F,Dx
n
whereF,, = F(x = x,,) andDx is the sampling distance between the loudspeakkessampling
distance determines the maximum frequency compafahe primary wave field that is syn-
thesized correctly by the loudspeaker array:

C
e = 5= (2.35)

wherec is the speed of sound. The above relation holds ¥eorst case situation — in fact there
is an angle dependence for the effects of undergagnBefore investigating these effects
mathematically, a few examples will graphically shibe frequency dependence of undersam-
pling artefacts.

Figure 2.23 illustrates how loudspeakers are usexyiithesize a wave front. The three
figures to the left show the construction of a wheat of a virtual source behind the array for
decreasing sampling widix. In Figure 2.23a only three loudspeakers (2 misgaare used.
For this value oDx only frequencies below 85 Hz are handled corre&igce this frequency
component is not present in the used Gaussian etavel synthesis results. In Figure 2.23b
already a synthesized wave front is recognizalie. Wave front contains frequencies compo-
nents up to 425 Hz, while higher frequency comptsdo not interfere constructively yet. A
clear wave front is visible in Figure 2.23c.

The same maximum frequency (2.35) holds for a airsource in front of the array, but
the spatial situation is different. In this cas@(ffe 2.23d-e-f), the residual wave fronts of the
individual loudspeakers are produced ahead ofyththesized wave front.

In the remainder of this chapter, the frequency angle dependence of the effects of
undersampling are investigated. Therefore, theh®gted wave field has to be studied in the
so-calledxt-domain andk,k-domain (Section 2.5.1). With the aid of plane waeeomposi-
tion, a comparison can be made between temporgblsegrand spatial sampling (Section
2.5.2). It is shown that the effects of undersantpbtan be reduced by applyinggafilter to
the sampling arrays. Practical implementationsiohsa filter are designed in the next chapter.



2.5 Discretization 55
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Figure 2.23 Synthesis with discrete loudspeaker array for asGian wavelet with a -15 dB point at 1700 H:

Virtual source 1 m behind the array Virtual soutam before the array (at position marked '
a.Dx=2.0m. d.Dx=2.0m.
b.Dx=0.4 m. e.Dx=0.4m.

c.Dx=0.1 m. f.Dx=0.1m.
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-+

Consider a plane wave entering #axis with an angle, as displayed in Figure 2.24a.
The direction of propagation is chosen in xaglane, perpendicular to tlyeaxis. If this wave
is recorded by a microphone array stretching fsrom—4 to 4 m along the-axis, thext-dia-
gram shown in Figure 2.24b can be drawn. Eachoaiine represents an impulse response
taken at the position shown along the horizont#.aXegative pressures at the microphones
are blackened for clarity. If a double Fourier sfamm, given by

P(k,w) = p(x tye " axat, (2.36)

is applied to thesp(x, 1) data, &.k-diagram (Figure 2.24c) can be constructed. Indiaigram,

the original frequency parametgr(along the vertical axis) has been replaceé byv/c. Each
point in akk-diagram represents a monochromatic plane wavdtahgaency of which can be
read from the vertical axis. Since the Gaussianeled\n this example has a broadband spec-
trum, a line instead of a point is found in tyk-diagram. Anglé,, given by

b, = atar(k, k), (2.37)

is related to the angle of propagateof the plane wave via the equation

k, = ksina,. (2.38)

Combining (2.37) and (2.38) yields

sina, = tanb,. (2.39)

Figure 2.24d-e-f shows the same analysis for dxyesoyurce producing spherical waves. Here,
the set of impulse responses is measureddt m. After about 3 ms the wave front arrives at
the closest microphone. The shape of the wave inathiext-diagram is a hyperbola. The cor-
respondingk-diagram is a plane wave decomposition diagram. igsach point in the dia-
gram represents a monochromatic plane wave traymlithe direction given by relation (2.39).
Since the wave is traveling mainly leftward alohg microphone array, i.e. towards the nega-
tive x, the energy in thigk-diagram is concentrated at the side of neg&tiverom this diagram

it can also be seen that there is a sharp bouradéry: —45°. Clearly such a limit must exist,
because thek, = —k applies witha = -90°. A similar boundary &}, = k exists.

Plane wave decomposition of wave fields is of giegtortance as an analysis tool
because it reveals the orientation of different ponents in the wave field. In the next para-
graph it is shown that thgk-diagram is a spatial analogy of the frequency specfor time
series.
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Figure 2.24 Two example wave fields in three different repréagons.
Plane wave Source atX, 2 = (4, 0)
a. xz-diagram, space-space domadg € 30°). d. xzdiagram, space-space domain.
b. xt-diagram, space-time domain< 1;t offset). e.xt-diagram, space-time domain= 1).

c. k.k-diagram, wavenumber-wavenumber domaig= 27°) f. k.k-diagram, wavenumber-wavenumber dom
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Spatial sampling is easiest understood in compangth temporal sampling, which is
more common practice. In temporal sampling, a ooiis-time signal is cut in regularly
spaced time-slices. The reverse process attempgsdostruct an analog signal from discrete-
time data (Watkinson 1989). Figures 2.25a and BliZ8rate temporal discretization for a cer-
tain signal, drawn in Figure 2.26a. Since this twudus-time signal will in general contain
more information than its discrete version, a datiction step is involved in the discretiza-
tion process: it is passed through a low-pasg.filtee purpose of this filter is to avoid aliasing
during sampling: otherwise high frequency informatwould fold back into the frequency
band from 0 Hz to the Nyquist frequency. The Nygtrisquencyfy,, equals half the sample
ratefs. In the example signal (Figure 2.26a), the higigfiency contents is represented by a
transient peak, that is flattened by the (low-pasdi-aliasing filter (Figure 2.26b). This infor-
mation is unrecoverably lost at this stage, dubeapplied low-pass filter. The quantizer in an
actual analog-to-digital converter (ADC), which nois off the height of the pulses to the near-
est quantizing (bit) level, is not essential foe #malogy to spatial sampling and is therefore
not considered here. The discrete-time signalasvehn Figure 2.26c.

In the reverse process a continuous-time signabrsstructed from the discrete-time
series (Figure 2.26d). The choice of the procedorenterpolation between the samples is
arbitrary, since a reconstruction filter with the same dfifrequency as the anti-aliasing fil-
ter will suppress any high frequent interpolatioroes. The reconstruction filter output (2.26e)
is identical to the anti-aliasing filter output Z8b).

anti-aliasing b ] reconstructior]
4}61 —\ sampler _c plcr)llf'[ro-r —\ 4}6
L f L f

anti-aliasing b reconstruction
a D C
e (AR W1 Ve o

Figure 2.25 Conversion schemes: analogies between the temgadadpatial discretization.
a. Temporal sampling and reconstruction. Stages@,dand f refer to sub-plots of Figure 2.26.
b. Spatial sampling and reconstruction. Stages adlcaefer to sub-plots of Figure 2.27.

“ In this example stepwise interpolation is used,clwis common practice: a discrete pulse is holtsddC
level until the next pulse occurs. This producesetitive spectrum in which consecutive copiek dél
proportional tosin(p[f o ]) gp[faf] . Since the high frequency compadseiithin the pass-band are also
affected by this sinc-function, a compensating nstaiction filter is used in practice.
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Figure 2.26 Schematic representation of temporal sampling.

Time and frequency domain signals at the five stadd-igure 2.25a.

a. Original analog signal. d. Stepwise interpolated analog signal.

b. Analog signal, passed through anti-aliasing fillerAnalog signal, passed through reconstructionrfilte
c. Sampled signal. The signal at stage identical to that at stade
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For sampling in the spatial domain, the flow cludrFigure 2.25b applies. The different
stages of spatial sampling are visualized in Figugy. First, thexz-diagram of the original
wave field is considered (Figure 2.27a). To renveithin the analogy to temporal sampling, a
continuousxt-diagram ork.k-diagram would be required. Such a continuous diagcan be
simulated by an array with an extremely small spgtietween the microphones. In that case,
it follows from criterion (2.35) that also the hegt frequencies are treated correctly. The vir-
tual microphone array is situated a& 0.75 m parallel to the-axis. Thekk-diagram is
shown to the right of th&z-diagram in Figure 2.27a. In comparison with FigQr24f it is
obvious that since the source is in the middléhefrhicrophone array, a symmetrical diagram
is expected.

The spatial sampling step and the application gatial anti-aliasing filter can be com-
bined by using highly directive microphones. Sucbrophones act as Iow-pal§§filtersT, i.e.
they have a limited response to high frequencyelaave components at large angles of inci-
dence. Figure 2.27b shows the wave field samplethé&ymicrophone array (at= 0.75 m).
The middle impulse responses in #t@liagram are left unaffected by the microphonefsdi
tivity, but the outer signals are low-pass filtered

The correspondingsk-diagram reveals a periodical spectrum. The peegdals two
times the spatial Nyquist frequency

- P
kx,Nyq - 5(’

(2.40)
whereDx is the spacing between the microphones. The infe®f the microphone directivity
is seen as a symmetrical low-pass filter along<kexis. In absence of that filter, the wings of
adjacent spectral copies would fold into the mide@d, causing unrecoverable distortion in
the overlapping zones. Sinkg= k sina, the maximum frequency component that is correctly
sampled by the microphone array has angle depeadenc

c

fnyg = 2Dxsina

(2.41)

This expression is a refinement to (2.35) in whach 90° was taken to hold for worst case in-
cident angles. The signals of the microphoneseteéd an array of highly directive loudspeak-
ers. The loudspeaker characteristics have the $xmependence as the microphones, but
according to the Rayleigh Il operator, an additl@masa directivity is necessary. This filter now
acts as a reconstruction filter, avoiding alidsedves in the synthesized wave field (Figure
2.27¢). A comparison of thez-diagrams before (Figure 2.27a) and after (Figue&@. sam-
pling shows that the synthesized wave field is idahto the original wave field only in the

" The correspondingt-diagram is left out of consideration here.

T The relation between the directivity of an arragneént and it&,-response is proved in Section 3.3.1.

¥ Strictly speakingaliasingis an effect caused by improper sampling, whiigting lobesoccur with errone-
ous reconstruction. In this thesis, the teypatial aliasingrefers to either effect.
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middle area. To the sides, the effects of low-fi¢tesing are visible as a widening of the wave-
let. If a proper reconstruction in all directiossdesired, a smaller spacing between the array
elements is necessary.

Instead of a microphone array, also a single miooop close to the source can be used
to record the original wave field. In that cases tbudspeaker feeds (Figure 2.27b) are given
by the driving functions of Section 2.3.3, to whitie previously mentioned low-palssfilter

x (m)
1 05 0 0.5 1 b
[4]
ot
L
x(m)
-1 —0.5 0 _ 0.5 1 B k —

Ny

f (ms)

ANy

z (m)

Figure 2.27 Schematic representation of spatial sampling. Doece is atX, z) = (0, 0).
a. xz-diagram andkk-diagram of the original wave front.

b. xt-diagram andkk-diagram of the sampled wave front.

c. xzdiagram andKk-diagram of the synthesized wave front.
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is applied via spatial convolution (signal proceg$i The reconstruction step is equal to the
previously described reconstruction step.

Start (1997) gives a thorough treatise on spasiaiping, convolution and reconstruc-
tion. He also proposes a different method of alisang and reconstruction filtering, with
constant bandwidth in finite aperture.

[ & +

The theory of wave field synthesis has been ingattd previously by Vogel (1993) and
Start (1997) for use as a spatially correct so@mfarcement system. Here, the sound from a
performer on stage, received through close-mik&afpniques or a microphone array, is ampli-
fied by a loudspeaker array hanging over the stiage. A source-tracking system acquires the
source coordinates. If the virtual source posii®rchosen to coincide with the true source
position, the audience localizes the reinforcechdoat any time in the same direction as the
(visual) source. Also the early reflections carcbetrolled in this way.

A variable acoustics system based on wave fielthggms can be applied in multi-pur-
pose halls, where at one time speech intelligibdibhd at another time concert-hall acoustics
are required (Reijnen et al. 1995). The above ntktticound reinforcement is used for direct
sound and early reflections, while the reverbefiaid is adaptively controlled by loudspeaker
arrays towards a certain desired hall response.

0 (

Wave field synthesis states that the spatial amgpdeal reconstruction of a wave field is
possible by applying the Rayleigh operators topitiaary source signals, yielding the driving
signals of a planar distribution of secondary sesrdhe wave field of a primary source at one
side of that plane is correctly synthesized atatier side. Therefore, in principle wave field
synthesis offers the solution for the spatial rezgmients for sound reproduction.

If the planar distribution of secondary sources is replaced lnyear distribution of sec-
ondary sources, reconstruction of the wave fiefgbssible in the (horizontal) plane containing
that linear distribution and the primary sourceanitéi linear source distributions exhibit trunca-
tion effects that are efficiently reduced by tapgrihe driving functions.

Spatial discretization theory allows for a pradticaplementation of the linear source
distribution as loudspeaker arrays. Undersamplitefacts (spatial aliasing) can be minimized
by applying directional loudspeakers.



The use of arrays is an essential part of wave fighthesis. Once it has been established
that sound is a wave phenomenon with spatial cheniatics, arrays appear to be indispens-
able for proper control of sound fields. In thevpoeis chapter, the foundation of wave field
synthesis was built through the constitution of siethesis operators, yielding the array driv-
ing functions. In this chapter special attentiofl & paid to loudspeaker arrays.

The principles of the operation of electrodynamid alectrostatic loudspeakers are
described in Section 3.2. At low frequencies, tiation behavior of a closed box electrody-
namic loudspeaker approaches that of a monopoi poiirce, whereas the electrostatic loud-
speaker has more or less dipole characteristicsti@®e3.3). The deviation from ideal
monopole behavior is usually described by diretticharacteristics. It is shown that loud-
speaker directivity can be expressed in terms afi@pconvolution filters. Reversely, the
directivity of a single array element can be caigtbby using the spatial convolution property
of loudspeaker subarrays.

Section 3.4 deals with the design of an electrodyoaand an electrostatic array, that
have been tested by comparative measurements.|@tteodynamic array is constructed of
light-weight drivers that are active in a largeguency range. The electrostatic array consists
of elements with controlled directivity in ordernanimize effects of spatial aliasing. Finally a
decision is made which array is most appropriateige in the laboratory wave field synthesis
system for sound reproduction.

63
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Two types of loudspeakers and their applicabilay Wwave field synthesis are investi-
gated: the electrodynamic loudspeaker, which is-kwedwn for its low cost and high (power)
performance, and the electrostatic loudspeakavhath the directivity characteristics can eas-
ily be manipulated. The purpose of this sectiaio isnd the (approximate) frequency response
of both loudspeaker systems, given a voltageross the terminals, and to find some relevant
parameters for the design of an electrodynamicedextrostatic array element.

The action of an electromechanical transducer, shsghematically in Figure 3.1, is
characterized by the two canonical equations thlate the basic electrical properties to the
mechanical properties of the transducer (Hunt 1:982)

E=2Zl+T,V, (3.1a)

F=Tl+Z,V, (3.1b)

with E the voltageF the force] the currenty the velocity,Z the electrical or mechanical im-
pedance, and the transduction coefficients. The transductioeficients of a physically real-
izable transducer are either reciprocal, Wigh, = T\, (€.9. an electrostatic transducer), or anti-
reciprocal, withTg, = —Tme (€.9. an electrodynamic transducer).

Z, transducer Z
“Q
< Tem —
E | \/ F
- — T —>
me \®\

Figure 3.1 Schematic representation of an electromechan@astiucer (after: Hunt 1982).

In an electrodynamic loudspeaker, the conversiorlettrical energy to mechanical
energy is realized by a voice coil moving in a panent magnetic field, see Figure 3.2a. The
transduction coefficients are found from the Lordiotce

F = -BIl (3.2a)

and the induction law
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Figure 3.2 a.Cross-section of the electrodynamic loudspeaker.

b. Analogous acoustical impedance circuit of a loeddier in a cabinet (after: Beranek 1954). Parasieter
E amplifier voltage S, effective area of diaphragm Znp loading impedance of the cabinet
Ry amplifier resistance Rag acoustical resistance of suspensions = S,V volume velocity

Re voice coil resistance Cpg acoustical compliance of suspensioRs = F/Sy pressure

| voice coil wire-lengthZ,g radiation impedance at the front

B air-gap flux density Mjp acoustical mass of diaphragm and voice coil

E = BIV, (3.2b)

with B the magnetic field andthe current through the voice coil with wire-lemgtgiving Tg,
= Bl while T, = —Bl. The electrical and mechanical impedances of &mwical equations
(3.1a) and (3.1b) are complicated functions ofaasisystem parameters. If the loudspeaker is
mounted in a cabinet (closed box), it is favorablese the acoustical impedance analogy circuit
as drawn in Figure 3.2b.

At low frequencies, the radiation impedarfs is dominated by the mass of the air in
front of the diaphragm, yieldingar » jwMpr The loading impedancg,g at the back is writ-
ten as a series resistance, mass and compliance

With these considerations, the equivalent schenkégoire 3.2b reduces to a second order net-
work with a total acoustical resistance

B2

- (3.4a)
(Rg + RE)%

Ry = RastRagt
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a total acoustical mass

Ma = Map + Mpg + Mpg, (3.4b)
and a total acoustical compliance
CaCas
Cy, = ——— , (34C)
A Cas+Chg

all connected in series. The resonance frequenttyfystem is given by

1

Wn = , (3.5
° NMACA
with a quality factor
_ 1 Mjp
Qp = R\ C (3.6)

Below resonance, the system is stiffness-contrpiledthe volume velocity is proportional
to jwC,, while the system is mass-controlled above resum@Beranek 1954):

E(w)BI

Ulw) = WMAS,(Ry + Re)

(3.7)

If the cabinet is small compared to the wavelentitd loudspeaker has monopole characteris-
tics. Then, the free field sound pressure can peoapnated by that of a volume velocity source

P(r, W) = jl’l"/; U(w) ex'o(r‘jkr), (3.8)
or, with Equation (3.7),
P(r,w) = r E(w)BlI exp(—kr) . (3.9)

4pMaSH(Ry + Re) r

This expression shows that the sound pressureogogional to the steering voltage for fre-
guencies above resonance (which is the operatiggaiency range for normal loudspeakers).
The frequency factor jW of the volume velocity is fully compensated by fhetorjw of the
radiation impedance of the monopole.

If multiple electrodynamic loudspeakers are usetbtm a linear array for wave field
synthesis, the only frequency dependence thattisriginates from driving function (2.30). It
states that the input signals of the loudspeakeosld be filtered by +3 dB/octave/k ). In
addition, for a primary source behind the arrayegdiency-independent phase shift of +45° is
necessary, while it is45° for a source in front of the array.
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The electrostatic loudspeaker consists of a conayahembrane and a perforated rigid
plate, together forming a capacitor (Figure 3.8g).applying an alternating voltage between
the plates, the membrane is forced to move to endhe steering voltage is increased by a
transformer and added to the polarizing voltegelnstead of one rigid plate, often two plates
are used, one at either side of the membrane. dlleaving relations also hold for this bal-
anced (‘push-pull’) version, if the capacitarCgis read a£y/2 (two capacitorE, in series).
The canonical equations for the electrostatic lpedg&er are given by (Hunt 1982)

¢= ——+ — (3.10a)

with E' = EN (N the ratio of turns of the transformer) avithe velocity of the membrane, and

F= 2 yz,v 3.10b
= —— + ' )
JWhO M ( )
perforated F conducting
plate membrane
— | ho
blocking
capacitor I
| p— — &
E pro_tectiv%
resistanci
1:N
a.
—Cy/f?
| Tf | | ZM V
E'T@ o p— I I Zum TF
1:f
b.

Figure 3.3 a.Electric circuitry for a single-sided electrostalibudspeaker in its equilibrium state (wkh= 0).
The transformeTy brings the input signal voltages (~1 volt) in taege of 100 volt. A voltage source provid
constant polarization voltad®.

b. Analogous electromechanical circuit of the elesttic loudspeaker. Transformigy has been removed fr¢
the circuit by incorporating the turns-ratio in gignal source voltage’ = NE. Transformefl; represents the tra
duction coupling between the electric circuit te taft and the mechanical analogy circuit to tiyhti The rati
of turns,f = EqCqy/hy, is calculated as the transduction coefficibgy, divided by the impedance in shunt posi
1jwCq.The impedancé,, is due to the mechanical construction of the Iped&er, whileZy is the mechanic
radiation impedance. The negative capac:itza\m}diéf2 is caused by electrostatic attraction betweemtembran
and the perforated plate (after: Hunt 1982).
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whereZ), is the mechanical impedance of the loudspeakestaariion. These equations show
that the transduction coefficient is symmetridal, = Trme = Eo/iwhg. The corresponding elec-
tromechanical analogy circuit is drawn in Figurdl8.With the aid of this scheme, it is found
that

- f

= e E¢, (3.11)

in whichf = EqCy/hg and the mechanical radiation impedance is defnyed, g = F/V. If the
denominator of (3.11) is close to unity, a mordesss frequency-independent relation results
between the voltagé' and the forcé. In that case,

h0

F(w) = E(w). (3.12)

At low frequencies, the electrostatic loudspealas anore or less as a dipole. The far-field

sound pressure for such a source can be calcutaiadthe sound pressure of two monopole

sources with volume velocitied#and U at a small distander from each other, giving
P(r, w) = W]kcoq’ w (3.13)

with j the angle between the point of observation andinkeconnecting the imaginary mono-
poles. Since, according to Newton’s second lawdibele’s force acting on the surrounding
medium, is given by

F(w) = jwrU(w)Dr, (3.14)

the sound pressure can be evaluated by combinihg)(33.13) and (3.14):

pirw) = 2SN Eikcog SXREKD. (3.15)
4ph, r
The frequency response in the far-field increasés &vdB per octave, because of the fagtor
Since in normal use, e.g. for stereophonic reprdica flat frequency response is desired, the
electrostatic loudspeaker is usually furnished &ithinternal filter of -6 dB per octave (and a
frequency indepedent phase shift of —90°). Instiédtde electrostatic loudspeaker is used for
wave field synthesis, an internal filter of —3 d& pctave (L/k ) is needed, as can be seen from
driving function (2.31). The filter should havelsgse shift of-45° for a source behind the array
and-135° for a source in front of the array.
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In Section 2.5.2 it has been shown that controldirgctivity is of great importance in
wave field synthesis, because it allows properrobrdf spatial aliasing. The directivity of
transducers can be either frequency-independeftequency-dependent. For instance, the
(ideal) dipole has frequency-independent diregtiviecause of the factor cp3(being inde-
pendent of frequency. Since the effect of spatiabeng depends on frequenagddirection, it
is obvious to use array elements with frequencyeddpnt directivity in order to control spa-
tial aliasing.

Frequency-dependent directivity is caused by diffeparts of the radiating (or receiv-
ing) diaphragm having different distances to thmpof observation (or emission), see Figure
3.4. At low frequencies, where the dimensions ef dimphragm are small compared to the
wavelength, the transducer essentially behavegredh an ideal monopole or as an ideal
dipole, according to its mechanical constructioh.hfgher frequencies the shape and excur-
sion of the diaphragm must be taken into account.

Apart from the directivity of a single transducan, array of transducers can also gener-
ate a directivity pattern, since an array may besmtered as one large, but discretized dia-
phragm. In this section it will be shown that, thgb relating directivity to spatial convolution,
a thorough understanding and control of directiistpossible.

3|
14
N
athlength
gifferen% Y2l
N7
|
diaphragm ' j !
diaph
a b. iaphragm

Figure 3.4 Frequency-dependent directivigy.If the width of the diaphragm is small compareth®wavelengtl
the maximum pathlength difference will be likewased directivity is negligibleb. If the width of the diaphrag
is large compared to the wavelength, destructiterfi@rence occurs in certain directions if the veawgginating
from different parts of the diaphragm have oppagitases.
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The directional behavior of loudspeakeis usually studied by considering directivity
patterns for several frequencies. If the diaphr&gmoving coherently, the directivity patterns
for all frequencies can be calculated from thedspdirectivity function for that shape of dia-
phragm. For example, the far-field sound presstigergid circular piston, mounted in an infi-
nite baffle, is given by (Beranek 1954)

p = JV;—erL(ka Sin )w, (3.16a)

wherej is the radiation angle aridthe directivity function

2J,(kasinj )

L(kasinj ) = Kasin

, (3.16D)

with J; the first order Bessel function of the first kifpart from the factoL, the sound pres-
sure (3.16a) is twice that of a monopole volumeesity source (3.8) in a free field, due to the
infinite baffle. For this source the directivityrfction and a few directivity patterns are drawn
in Figure 3.5.

Electrodynamic loudspeakers behave as rigid pistonthe low and mid frequency
range. Above some frequency, usually a few kHzy #hibit cone break-up effects, i.e. fre-
guency-dependent modes of bending waves occurtbeediaphragm. This is a result of the
construction: the driving force from the voice asilnot uniformly spread across the radiating
surface. Because of this property, the directieharacteristics of electrodynamic loudspeak-
ers are difficult to model, and hence to contré¢écEostatic diaphragms generally do not suf-
fer from break-up effects because the electrostatice is almost homogeneous across the
surface of the membrane. Therefore, electrostatiddpeakers are well-suited for designing
directivity characteristics. In the following, ttiBrectivity function of an arbitrarily shaped
(electrostatic) dipole diaphragm will be derived.

For a dipole source distribution across a surfasethin thexy-plane, the Rayleigh 1I
integral can be used to calculate the sound pressa poinR far away from that surface
1 P(w)l +jkr
2p r2

A

Py =

cog exp(—jkr)dxdy, (3.17)

whereP(w) is the sound pressure at the surfaceand; is the angle with the-axis. In general,
the surface of integration of Rayleigh Il consistthe wholexy-plane, but sinc®(w) is zero
outsideA the integration is confined #only.

" For convenience the theory is illustrated for Iquestkers only, but because of reciprocity the resalko
apply to microphones.
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Figure 3.5 Directivity function and patterns for a rigid citan piston.
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Figure 3.6 a.Fraunhofer approximation for radiating diaphradne vector from a point at the diaphragm
can be expressed in termsrgf(pointing from the center of the diaphragnRjo the angles$ g andy , and coot
dinatesx andy, as given by (3.18p. Projections on the- andy-axis yields the strength distributiogsandl,.



72 Chapter 3: Loudspeaker Arrays

In the Fraunhofer area, whare d?/I ., with d the diameter of the diaphragm, the fol-
lowing approximation is valid (Berkhout 1987)

Ir»rqy—Xsinj 4Cosy o —ysinj gsiny g, (3.18)

whererg is the distance from the center of the diaphragneceiver positiofr, see Figure 3.6a.
Sinceky = ksin| gcosy g andky, = ksinj osiny o, the sound pressureRtan be written as

exp(—jkro) o iy

Pr = jkeog g—por— P(W) dx dy. (3.19)
A

0

The surface integral can be factorized by realigivag the driving force of a small (vertical) col-
umn of the surface of the diaphragm, for whiglis constant, can be assigned to a point source
at thex-axis, yielding a strength functiog(x) for a line distribution along theaxis, see Figure
3.6b. An analogous procedure can be used foy-theection. Integral (3.19) then changes into

exp(—krg)

ar, ) L09e ax 1 (y)e™ dy, (3.20)

Pr = jkcog

in whichF(w) = 2AP(w) is the force of the diaphragm acting on theHire strength functions
l,(x) andl(y) are normalized:,(x)dx = 1 andly(y)dy =1 . With spatial Fourier trans-
formsL,(k,) andLy(k,) defined as

¥ kX
L.(k) = L (x)e = dx (3.21a)
—¥
and
¥ .
_ Jkyy
Ly(k) = 1y(v)e "y, (3:21b)
—¥
the sound pressure Rievaluates to
F(w). . exp(—jkr
Pr = Lk, (k) Spiikcos SR, (3.22)

in which the subscript ‘0’ has been omitted. Noticat this expression reduces to (3.13), with
substitution of (3.14), ik approaches zero, i.e. for low frequencies wheggk,) »1 nd a
Ly(ky) » 1. This equation states that the sound pressuitieeifiar-field is proportional to the
spatial Fourier transforms of the diaphragm’s gjteriunctions irx- andy-direction. It thereby
provides a clear method to design directivity chemastics for well-behaving electrostatic
loudspeakers. In the next paragraph, an ideallgesharray loudspeaker is designed.
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The requirements for a spatial reconstructionrfiibe loudspeaker arrays have been dis-
cussed in Section 2.5.2. It has been shown theteatlow-pasg,-filter is needed as a recon-
struction filter. The spatial cut-off frequencydstermined by the spatial Nyquist frequency
ke Nyq = P/Dx, whereDx is the spacing between the array elements. Thealtgta block-filter
in thek,-domain would be ideal, but because of the Fowoeepling (3.22) this would require
a sinc-filter (sink)/x) in thex-domain. Such a filter consists of many side loles,side dia-
phragms alternating in phase and anti-phase. Tdwbiéty of such an ideal filter is studied in
the next paragraph. In this paragraph a simplepaactical design is given, based on a single
diaphragm with an optimized shape.

As a first trial, a rectangular diaphragm is taksse Figure 3.7. The discretization of the
driving functions for wave field synthesis in tkeplane (Section 2.5) did not impose any
requirements for the vertical directivitkffilter). Therefore the designer is free to fulbliher
demands. If it is desirable that ceiling and floeflections are avoided, the width of the dia-
phragm in they-direction should be large. If, however, part of thalience is sitting close to
the arrays (viewing the array under a large vdriacale), vertical directionality should be
small to obtain a frequency-independent responsthéowhole audience area. In that case, the
width in they-direction should be small. If only thedirection is considered, the frequency-
dependent part of the directivity function is giv@nthe Fourier transform of a block-function
with width 2a:

sin(k,a)

a (3.23)

Lpiock(Kx) =

If the loudspeakers are mounted tightly, the sgpbetween the centers of two adjacent dia-
phragms equals the widix = 2a. The attenuation of thigfilter at the Nyquist frequency is
thereforel pjociKy nyg) = 2/, giving a level of only —3.9 dB with respect to thein lobe. The
filter has side lobes of —13 dBlgt= + 1.43®/a.

front view X

diaphragm

X —Yy
yLX
Ly (dB) L, (dB)
—13£ —16- y
VA ~ ~ Y Qﬁ/

Ky ky —

Figure 3.7 Directivity functions for a rectangularly shapedpliragm. The width of the block-function is inve
ly proportional to the width of its Fourier transfio, a sinc-function.
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Figure 3.8 a.Construction of a rhombic diaphragimk,-filter for ratio of widthsa,/a, = 1.43.

The performance of the filter can be improved byagsthening the edges, but without
increasing the spacing between adjacent array elsmehis is realized by a rhombic dia-
phragm as shown in Figure 3.8a. Its strength fondf},,{X) is trapezoidal: it is a convolution
of two block functions with widths&} and 2, respectivelyg, > a, . Therefore the directivity
function is the product of two sinc functions:

Lromb(Ke) = La(K)Lo(Ky) (3.24a)
with

L,(k) = sin(ka,) a(k.a,) (3.24b)
and

L,(k,) = sin(k.a,) a(k,a,) . (3.24c¢)

The performance of this filter can be optimizedhngertain constraints. The optimization task
will be to find the ratica;/a, for which side lobes are reduced maximally whilaimmaining a
reasonable response within the pass-bighet k, nyq- It Will be advantageous to choose a ratio
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Figure 3.9 Spatial Nyquist frequency forlg-filter with a;/a, = 1.43.

ay/ay in such a way that the first side lobelgfis canceled by the first zero bj, see Figure
3.8b. Becausk, has its first side lobe & = +1.43%/a;, while L, has its first zero &= +p/a,,
it is clear that,/a, = 1.43 meets the requirement.

For any ratio, two possible rhombic diaphragms loarchosenDx = 2a; or Dx = 2a,.
The choice does not affect the level of the sidedp but defines the position of the spatial
Nyquist frequency with respect to the filter shalpeFigure 3.9 both settings are compared.
The narrow filter of Figure 3.9b gives the besectipn in the stop-band (whetg|[|> ky nyq).
but it also affects the pass-band considerably @B3atk, \yg). The following paragraph
describes how a better fit can be achieved by apply discretd,-filter to the driving signals.

" #
Consider an array of identical elements, each stittngth functiom(x). Now, instead of

driving only one element with some driving functiQx, w), a series of [8+1 elements is
driven by the same signal but at different gainsTasults in a total strength function

In(X) = c_\I(Xx + NDx) + c_(N_l)I(x +(N—=1)Dx) + %
C_ql (X + Dx) + ¢yl (x) + c41(x=Dx) + ¥ +cy_ 1| (X=(N—=1)Dx) +cyl(x—NDx),  (3.25)

wherec, is the weight of thath array element, andx the spacing between the elements. The
total strength function can be written as a sum

N
In(X) = C,l (x—nDx) . (3.26)
n=-N

The Fourier transform of this sum,
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¥ N kX
Ly(k) = c,|(x-nDx)e * dx , (3.27)
¥ n=-N

can be evaluated by interchanging summation aegdiation and calculating the Fourier trans-
form of the elements

¥ kX ¥ jk, (X +nDX)
c,/(x-nDx)e " dx = g¢l(x)e dx
—¥ —¥
jk,nDx
= c,e L(k,) - (3.28)

n

whereL (k) is the Fourier transform of the strength functiod of a single element. Therefore,
(3.27) reads

N jk,nDx
Ln(k) = L(ky) Cc.e : (3.29)
n=-N
or, for symmetrical weights,= c_j,
Ln(k) = L(k)Cr(K,) (3.30a)
with
N
Cun(ky) = co+2  c,co8knnDx). (3.30b)
n=1

This directivity function is the product of a canibus part (k) and a periodic pa@y(k,) with
period 2/Dx. In the space domain, the resultant strength fomgy(x) can be written as a con-
volution of a continuous strength functitfr) with a pulse sequence, see Figure 3.10.

Therefore, it is possible to reshape the diregtifuinction of a single element by opti-
mizing the weights of neighboring array elementsc@urse, there is a restriction because of
the periodicity of the Fourier transform of theatete pulse sequence. Furthermore, the far-
field conditions should be satisfied, which medra bnly a small number of array elements
may be involved in the spatial convolution.

Two examples demonstrate the influence of a dis@péatial convolution filter witiN =
2 (five array elements). Figure 3.11 shows thenogtition result for a flat pass-band, i.e. for
[k <Ky nyq The spacing between the rhombic elemenBxis 2a; (with a/a, = 1.43). The
resultantk,-filter (thick line) is a composition of the rhomidts k,-filter (Figure 3.9a) and the
spatial convolution filter applied to the arrayraknts. Only a slight change (2 to 3 dB) in the
response is necessary to obtain a nearly flat lpaisd- Note that, due to the periodicityQy,
it is impossible to reduce the response in the-btop without attenuating the response in the
pass-band. The reason for this is that the spairalolution filter is sampled at the same inter-
val Dx as the synthesis operator. Therefore the sameidtycpndition is valid for both dis-
cretized functions af.
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Figure 3.10 Strength functioriy(x) can be constructed by spatial convolution ofgtrength functiori(x) of &
single array element with the spatial pulse seqeiegx). The coefficients,, are equal to the gain of the a1
elements at locationDx.
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Figure 3.11 Optimization of the pass-band response for the Hoids withDx = 2a;. The resultank,-filter Ly is
the product of the directivity functiolyy, Of @ single rhombic element and the spatial FourasformCy for
weighting coefficients: g, ¢; ,co}= {1, —0.11, 0.02}.
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Figure 3.12 Optimization of the stop-band for the rhomboidshvidk = 2a,. The attenuation fokj| > ky nyq iS
greater than 20 dB. The resultdmfilter Ly is the product of the directivity functidg,, of a single rhomb
element and the spatial Fourier transf@gnfor weighting coefficients: &g, ¢; .co}= {1, 0.17, —0.12}.

For an optimum stop-band attenuation, the rhombuwittsDx = 2a, should be taken, see
Figure 3.12. Thé&-filter of this rhomboid is already down —13 dBthé spatial Nyquist fre-
quency, and can be further reduced to less thand®@n the whole stop-band. This is
achieved by a positive weight at the nearest neighbd a negative weight at the next neigh-
bor element. Such a configuration of weights predgue wider, but more gently tapered central
diaphragm, without increasing the sample inteBral

& %

In designing a loudspeaker array for audio reprodogcboth the spatial and temporal
properties of the loudspeaker elements need tmbsidered. As for thepatial properties, a
controlled directional behavior is required, itlétspatial aliasing is permitted. Themporal
conditions can be summarized by stating that theadauality of the loudspeaker element
should be satisfactory within a large frequencygearirhis condition is formulated here in a
subjective manner, and involves a large numberhgtigal properties like distortion, sound
power, frequency response and efficiency. High igududspeakers for conventional repro-
duction will generally be applicable for audio reguction by wave field synthesis as well, but
there are some different needs because of theaspeture of arrays. In conventional electro-
dynamic loudspeaker systems, the audio bandwidikuslly covered by two or three drivers
with complementary frequency ranges, becausevirtisally impossible to construct a single
driver covering the whole audio spectrum with erfoegund power. Since the sound power in
an array system is generated by more than one etethe sound power criterion is moderated
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considerably. Only if the virtual source is exadlythe position of an array loudspeaker, all
power has to be generated by one driver. By exatuthie vicinity of the array from the virtual
source area, the power problem can be solved atddgjuBractically, at least two or three
array elements bear the burden of sound power geoweyif a strip of widtlDx parallel to the
array is excluded from presence of virtual sour¢eerefore, small low-power array elements
with large frequency ranges can be used in arraies)s.

If higher sound power is required, two-way or thvesy arrays can be constructed.
These arrays consist of two or three differenteisvthat are active in different sub-bands. The
upper bound of the bandwidth determines the maxirapatingDx for that specific sub-band
loudspeaker. For example, a two-way array systeth wiossover frequencly, requires a
spacing between the woofers{,oqser = C/2f, maximally.

Two types of (one-way) loudspeaker arrays are iny&ted in this section: first, an elec-
trodynamic array with (nearly) full range low-powdnivers, and second, an electrostatic array
with controlled directivity elements. After a degtion and qualification of both types of
loudspeaker arrays, measurements on the synthesenesl fields are presented. Finally it is
considered which one of both types of arrays isensuitable for integration in a wave field
synthesis system for sound reproduction.

&

Because of nodal cone resonances, the directitigyacteristics of an electrodynamic
loudspeaker are difficult to control. Nevertheles® directivity pattern of a rigid piston is a
reasonable approximation in the low and mid fregyerange. Most commercially available
electrodynamic loudspeakers have circular diaphsagith equal directivity in the vertical
and horizontal plane. If the horizontal directivitsydesired to differ from the vertical directiv-
ity, an oval shaped diaphragm is eligible, with wider dimension aligned in the direction of
the highest directivity.

The directivity function of an oval diaphragm isosim in Figure 3.13, together with
those of a circle and a rhomboid. Here, the wideredsion of the oval lies in the horizontal
plane, which improves the directional behaviorhattplane. For each of the three shapes, the
directivity in the vertical plane is kept within lads by restricting the dimensions in that
direction. The directivity of the oval piston iggher than that of the circular piston, but lower
than that of the rhomboid. The dimensions of thal @vaphragm correspond to those of the
loudspeaker shown in Figure 3.14, which is a caatdidor the construction of an electrody-
namic array.

Three polar patterns of that loudspeaker are shovagure 3.15. The measured direc-
tivity patterns for 4 kHz and 16 kHz show that theectivity of the loudspeaker lags behind
that of the rigid piston model, which must be autesf irregular diaphragm motion. The
asymmetrical shape for the highest frequency isymably caused by the attachment of the
voice coil wires at one side of the diaphragm.
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Figure 3.13 Comparison between the directivity functions ofir@idar, an oval and a rhombic diaphragm.
oval consists of two semicircles, each with radit® Dx, and a rectangle of width 0.5, whereDx is the dis

tance between nearly touching adjacent diaphragtresradius of the circular diaphragm is 022 the rhombi
diaphragm has a rate/a, = 1.43, wherdx = 2a,.

o

<127

Figure 3.14 Electrodynamic loudspeaker with oval shaped diagrr@Philips ID 25952/X8). Shown meast
are in centimeters.

Figure 3.15 Measured (thick) and theoretical (thin) polar patsefor the oval electrodynamic loudspeaker.
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From these directivity measurements it is obvidw this type of loudspeaker is not
specially equipped for reducing spatial aliasingthe synthesized wave field. However,
because of its very reasonable sound quality (tdsteconcentrated listening), wide frequency
range (140 Hz — 20 kHz), low weight, small vertisede and low costs, it was decided to use
these drivers in building an electrodynamic arfidye design of this array is based on the fol-
lowing considerations concerning the volume of ¢helosure in which the loudspeakers are
mounted.

The loudspeakers can be placed either in sepaabteats or in one large hollow bar. If
the latter option is chosen, acoustic coupling faeitin the bar can be avoided by partitions,
creating separate enclosures. The volume (per emetermines the resonance frequengy
and quality factoQy. The measured values for this type of loudspeiskailarge baffle are/
= 2p-134 rad/s an@y =1.4 rad nW respectively. If the loudspeaker is mounted ireaalo-
sure, both the resonance frequency and the quattgr will be higher, since the compliance
of the enclosed air, given by (Beranek 1954)

whereVj is the volume of the enclosuie 1.4 for adiabatic compression of air, gig» 10°
N/m?, lowers the total acoustical complianCg that appears in the denominator of (3.5) and
(3.6). Therefore/g should be large to keem, andQq low. However, a large cabinet volume
raises the dimensions (and weight) of the arraghaba compromise must be made in choosing
the size of the cabinet. A practical volume willtbat for whichC,g approximately equalSag

so that both compliances contribute equally tottal compliance. WitlCag= 1.3-168 m°/N

for this driver, a volume of about 1.8 diis calculated. Figure 3.16 plots the measuredifrag
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Figure 3.16 Frequency response near the resonance frequetioy lmfudspeaker of Figure 3.14, as a functic
the enclosure volume: 2.0 ar(thick solid); 1.7 dr (dashed); 1.4 d|3h(thin solid).
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cy response as a function of the loudspeaker amdoglume. As the volume increases, the
resonance peak is damped more, while the top postiifts towards lower frequencies. From
these results it appears reasonable to keep thenedh the 1.7 — 2.0 d?’mange.

%

The spacing between the loudspeakers determinegathe of the spatial aliasing fre-
guency. From experience with synthesis arrays doind enhancement, it is known that an
aliasing frequency of at least 1500 Hz is favordblecorrect sound localization (i.e. Vogel
1993 and Start 1997). This is not surprising: & thave fronts are reconstructed correctly
below 1500 Hz, then the interaural time differenaeisich dominate localization (Wightman
et al. 1992), will correspond to those heard fa thiginal wave fronts. If the aliasing fre-
quency is decreased (by increasidy, the localization accuracy decreases as welthEor
more, in informal listening tests it was noticedttthe apparent width of the image increases
with increasing spacing between the loudspeakéris dan be understood by realizing that
aliased waves, which travel in wrong directionggiifere with the correct waves, thereby caus-
ing phase distortion between the ear signals, andéwill degenerate interaural correlation.
Potter (1993) showed that the perceived imagetfeasource broadens with decreasing inter-
aural correlation for frequencies below 1600 HzerEfiore, the aliasing frequency of an audio
reproduction system based on wave field synthémsld not drop far below 1600 Hz. This
condition preserves spaciousness for virtual saJroee of the requirements mentioned in
Section 1.5.

cross-section

leads canal multiplex

\ acoustically transparent cloth
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Figure 3.17 Cross section and front view of the 16-channeltedegnamic arraybar. Dimensions of the bar: Ix
=203x27x9 cm. Weight: 21 kg. Power handling ofjgroudspeaker: 3 W rms, giving 90 dB SPL at 1 m.
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Based on these considerations, a 16 channel elgommic array was built with an
enclosure volume of about 1.8 anmer array element, and a loudspeaker spacing.@fcg,
which is the minimum spacing between these loudsgreasee Figure 3.17. This results in a
spatial aliasing frequency of 1340 Hz.

&

Because of the promising directivity charactersstelso an electrostatic array-strip with
rhombic elements was built. It consists of 16 elet®iavith a spacin®x = 11 cm (withf,jizs=
1545 Hz), see Figure 3.18. The rhombic elements bavapproximate ratiy/a, = 1.43. The
width in the vertical direction is kept small, 7 cta avoid strong directionality in that direc-
tion: listeners will not notice strong spectral sgas when standing up or sitting down. The
width of the elements is set ta;2as in Figure 3.9a

Thek,-filter response can be calculated directly from directivity patterns via the rela-
tion k, = 2pf sin( )/c. From a theoretical point of view, the measurelduppattern for any fre-
quency may serve as data in calculating the eléskgfilter, provided that the measured
polar patterns are consistEnFigure 3.19 proves that there is good agreemettden the
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Figure 3.18 Front view and electric circuit of the prototypeatostatic loudspeaker array. TRE-filter at the
transformer input has a low frequency cut off a@ 2&. The grounded perforated plate as well asrteémbran
are made of one piece; 16 separate plates areagg@ot) signal electrodes. The total thickneghefarray-stri
is 0.5 cm.

" An electrostatic array with the other settilly, = 2ay, is difficult to construct on condition that isdirec-
tionality be small. It would consist of very narr@nd fragile elements.

T Polar patterns are mapped to part of klpéilter: the polar pattern fof Hz is mapped betwedq = —f/c
and +2f/c. High frequency polar patterns thus provide maferimation of thekfilter than low frequency
patterns. In theory, all mapped polar patternthétk,-filter response exactly.
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Figure 3.19 Measured (thick) and theoretical (thin) polar paisefor one element of the electrostatic array.

measured and calculated directivity characteristics therefore allowed to estimate tke
filter of an element from the measured polar dataohly one high frequency component, see
Figure 3.20. The filter bears reasonable compangatinthe predicted response. The shape of
the main lobe is very close to the theoretical shagcept nedg, = 70 m® where a side lobe
‘joins’ the main lobe. Though the level of the sldbes is higher than predicted, the position
of the lobes is as expected. The measurementsatedibat the directivity characteristics of
simple electrostatic loudspeakers can indeed beatted reasonably well.

A disadvantage of the high directionality of themtbic array elements is that the virtual
sources must be confined to areas with a limitegleanf incidence towards the audience.
Otherwise, the reduction of the bandwidth becomuhlde. A solution for this side effect of
k-filtering is the use of curved arrays, see Fidu&d. The angle of incidengeat the array, as
seen from a listener looking in the direction oé tirtual source, determines the perceived
bandwidth of that source. If the angle is smak, tfandwidth is large and vice versa. The lis-
tening area with full bandwidth is therefore snfailvirtual sources to the side. If the corner is
‘rounded’, a much larger listening area is created.
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Figure 3.20 Comparison between thg-filter of a rhombic element as calculated from swrad polar datd €
12.5 kHz), and the theoretical rhombic response (the).
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Figure 3.21 a.lf the arrays consist of highly directional loudsgers, only a part of the audience area is ra
in full bandwidth. Here the coverage area for iecidangle§ of less than 45° is drawn for a source near thee
of an L-shaped arrap. If the corner is canted, a much larger area oécage is achieved.

&

The frequency response of one element of both kbetrestatic and electrodynamic
array are measured in an anechoic room, see F3g2Pe This figure clearly shows the differ-
ent frequency dependence of electrostatic andrethgtamic loudspeakers. From (3.9) it fol-
lows that a flat frequency response is globallyested for an electrodynamic loudspeaker,
while according to (3.15) a slope of 6 dB per oetas/found for an electrostatic loudspeaker.
This is confirmed by the measurements.
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Figure 3.22 On-axis sound pressure level of one electrostatimbic loudspeaker (thick) and one electrodyn
oval loudspeaker (thin), driven at the same inmltage level.

Because of the small membrane area (7€) ctie sensitivity of the electrostatic element
is quite low. Especially the poor bass responsebeaproblematic, because bass equalization
will cause audible distortion if the membrane exisethe linear excursion region. Enlargement
of the surface area of the membrane will enhaneebttss response, but will also affect the
aliasing frequency and/or the directivity in theti@l plane, in an indirect manner. An addi-
tional array of (electrodynamic) low-frequency lepéakers is probably a better solution,
however at the expense of a more complicated amigin and higher costs.

It should also be mentioned that the sound qualitsnusic produced by the prototype
electrostatic array was suffering from irregulautsgring, probably caused by leakage of the
polarization charge. A second prototype with a molrist construction exhibited less sputter-
ing, but also had lower sensitivity due to a lamg@p between the electrodes. Nevertheless, the
(first) prototype was sulfficiently stable to exmats behavior in a series of plane wave synthe-
Sis measurements.

Figure 3.23 plots a set of measured impulse reggoata plane wave parallel to the
arrays. Att = 0.7 ms the main wave front arrives at the miboge array. While the electro-
static array reconstructs the plane wave remarkakly; the response of the electrodynamic
array shows an aliasing tail. In a single impuksgponse taken from this data set, see Figure
3.24a, this is visible as a sequence of separdsepior the electrodynamic array, while the
effect is much weaker for the electrostatic arfdys can be understood as follows: the loud-
speakers at the right end of the electrodynamayastill radiate much high frequency energy
in the direction of the microphoneat —0.45, so the contribution of each loudspeakersi-
ble as a separate pulse in the total responskelfrequency domain (Figure 3.24b), the pulse
train causes a comb filter spectrum. The dips efdllectrostatic response are less pronounced
than those of the electrodynamic response.
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Figure 3.23 a.Measuredt-diagram of a plane wave synthesized by the elstttic array in an anechoic roc
The measurement microphone is moved stepwise alding parallel to the array. The impulse respoasexon
volved in the time-domain with a Gaussian waveléte cut-off frequency of the Gaussian wavelet isk3Hz
which is twice the Nyquist frequency (2.35) far= 11 cm. (Distance of measurement line: 2 m; aofjlecidenc:
of the plane wave: 0°; array froxx —0.9 to +0.9 m)

b. Measuredkt-diagram of a plane wave synthesized by the eldgtramic array. The cut-off frequency of
Gaussian wavelet is 2.7 kHz, which is twice the Wgtfrequency fobx = 12.7 cm. Clearly the effects of spe
aliasing are visible as wavelets after the actumlenront. (Array fronx = -1.0 to +1.0 m)
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Figure 3.24 a.lmpulse responses of the electrostatic and elégtramic array, reproducing a plane wave. T
from thext-diagrams of Figure 3.23 at the position of thearb. Spectra of these impulse responses (arb. o

Whether these effects of spatial aliasing are dedibpends on external circumstances
like the type of source signal and the listeningimment. In a static situation, i.e. motionless
listener and source, the aliased wavelets are ipect@s a subtle broadening of the virtual
source, rather than as coloration. If the listemehe virtual source moves, the comb filter dips
will shift gradually, which can be understood fréfigure 3.23b where the intervals between
aliased wavelets increase as the receiver moveg faora the center. These spectral changes
are clearly audible in an anechoic room, but tendrown in the reflections of a normal listen-
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ing room. Start (1997) also observed that the atilon (of the virtual source) introduced by a
wave field synthesis system for direct sound recdgment, can be neglected in comparison
with the coloration caused by the reflections abacert-hall.

In this context it should be mentioned that a cotie@al stereophonic recording suffers
from severe coloration during reproduction on twadspeakers in an anechoic room. Espe-
cially if the listener moves off the central axéstonal sweep is clearly heard. This effect is
explained by Figure 1.16, where a different patt#roomb filter dips is produced at different
receiver positions. In a normal listening enviromtnBowever, it is difficult to distinguish
between the sound color of a phantom source imtiust of two loudspeakers and a true
source at that position. Seen in this light, thecsml irregularities introduced by a wave field
synthesis array with low directivity seem much ldssmatic.

Eventually, because of its good sound qualityalelity and wide bandwidth, the elec-
trodynamic array has been selected for the labgralemonstration system. If the efficiency
of the electrostatic array can be enhanced, e.gpbgnizing the construction of the electrodes,
the application of these arrays will become feasibb.

In this chapter, the general properties of elegtnadhic and electrostatic loudspeakers
have been investigated, as well as their applitalddr wave field synthesis. It is found that
the driving signals for electrodynamic arrays naditering of +3 dB per octave, while for the
electrostatic arrays —3 dB per octave is needesidé®e an additional phase factor depending
on the position of the virtual source.

Since effects of spatial aliasing in the synthesizave field depend on both the radia-
tion angle and on frequency, a clear understanaliige directional behavior of transducers is
of great importance. It is shown how the shapéefdiaphragm of a transducer can be charac-
terized by a directivity function, which in its tudefines thé-filter that is a tool for reduction
of spatial aliasing. The optimization of the shapéek,-filter is described in terms of spatial
convolution filters, which allows for a generalimat of the concept of directivity from a single
array element (with an optimally shaped diaphragawards subarrays (with optimized
weighting coefficients).

An electrodynamic as well as an electrostatic ahaye been designed and tested. The
electrodynamic array consists of small drivers waly good sound quality in a wide fre-
quency range, but without controllable directivittyaracteristics. Measurements on the elec-
trostatic array with diaphragms of optimized shppeve that spatial aliasing can be reduced
considerably compared to the electrodynamic aHlayever, the bass response and the over-
all sound quality of the electrostatic loudspealassstill insufficient. Therefore, the electro-
dynamic array is selected for use in the laborataaye field synthesis system.



The concept of sound reproduction, as developehisnchapter, is based on the theory
of wave field synthesis (WFS) that goes back tokhlehhoff-Helmholtz integral expression.
Several successive simplifications and approximataf this expression are necessary to con-
struct a realizable concept. The final formulatiemneld generic to allow the implementation
of a wide range of reproduction systems that difidtexibility, quality and dimensions.

The reproduction concept comprises three phaseerdiag, storage and/or transmis-
sion, and playback (Section 4.2). The recordinghaettis similar to existing multi-channel
recording techniques, but an impulse is given towdhe development and integration of sur-
round sound microphone techniques. The transmiggiase is essentially multi-channel, with
an additional coding channel reserved for sourcedinates and parameters. At the playback
stage, an intelligent processing unit producesatggior the loudspeaker arrays. Besides multi-
channel programs, also stereo recordings can bedeped. An enhanced reproduction
method is proposed for these two-channel recordiffgring a wider listening area.

Based on this general concept, a reproduction mygedesigned and installed in the
Delft Laboratory of Seismics and Acoustics. It astssof 8 input channels, a digital signal
processing system, 128 outputs and 160 loudspeakerslosed linear array configuration.
This system is described in Section 4.3.

Finally, several applications of the reproductiomcept are discussed in Section 4.4.

89
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The concept of sound reproduction in this thesigsfrom the stipulation that the repro-
duced sound field should resemble the original aelose as possible. This, however, is not
generally assumed by sound engineers, since dfeeartginal sound field is considered not to
be ideal, or in need of an acoustic compensatidhefacking vision. It will be seen that the
final concept presented here offers the desireddfiexibility of control.

Suppose a physically exact copy of the primary dofield is to be generated in the
reproduction room, as illustrated in Figure 4.1odgh this ultimate goal may seem impossible
to reach, the Kirchhoff-Helmholtz theory in Secti®2 proofs that thers a physical founda-
tion for proper reproduction. The ideal reproductimethod is investigated briefly, before
dealing with several practical limitations in apply this theory.

Through the Kirchhoff-Helmholtz integral (2.6) & stated that the wave field inside a
closed surface is completely determined by thegpuresand particle velocity of the primary
wave field at that surface, as long as the enclesé&tme is source-free. With a source-free
sub-volume from a concert-hall to be copied, thespure and particle velocity at the surface of
that sub-volume must be known. This knowledge @adguired in at least three ways:

1. The sound at the surface is recorded with planays of pressure and velocity micro-
phones, and stored at a multi-track recorder. Afdeds planar arrays of loudspeakers with
dipole and monopole characteristics are used twaate the sound field in the (anechoic)

concert hall
stage | l’ _________ “l |
| |
I I I I
I | | I
I I I I
I L — - - - - - = = - I
I _ I
[ reproduction room [
r— — 1 ! !
I I
[ | | OO0 |
I I | |
| | | 000 |
Lsub-volum | i
I
audience : :
Lo e e e e e e e e — - Jd

Figure 4.1 The concept of ideal or natural reproduction. Twensl field in a certain favorable area of the con
hall is re-created in the reproduction room.
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reproduction room. Snow (1953) already mentiongidrélar approach: a linear array of mi-
crophones in the recording room is connected ioeat array of loudspeakers in the repro-
duction room. A transfer function, as found througha Kirchhoff-Helmholtz integral, is
however not given in his work, nor does it spetifg characteristics of the transducers.
Camras (1968) experimented with a sub-volume epeeldy seven front and five surround
microphones/loudspeakers. Though he considers tiygets’ principle to be responsible
for the wave front reconstruction in the front, imga mathematical description is missing.

2. If the source positions and acoustic propertige@hall do not change during the concert,
a considerable simplification of solution 1 is pbks In that case, the transfer functions
from the sources to the pressure and velocity mlwoes at the surface of the sub-volume
are time-invariant. Byneasuringhese in advance of the event, onlydlrectsound of each
source needs to be recorded on a separate traoky due concert. The monopole and dipole
loudspeaker-feeds are eventually found by convgltie source signals with the measured
transfer functions.

3. If the geometry of the hall is known, as welltlas acoustic properties of the construction
materials, the transfer functions of solution 2 eéso becalculated Here again, only the
direct sound of each source is recorded. Beforeodegtion, the mirror images of each
source are calculated using the model of the teaiccount for the wall reflections. Diffu-
sion and diffraction should be included in the modibe transfer functions from the origi-
nal sources to the monopole and dipole loudspeakersuilt from the driving functions of
virtual sources at the positions of the originalrees and their mirror sources.

In theory, each of these solutions should providelantical copy of the original sound field in
the sub-volume. However, the big difference betwitbermethods is the amount of data stored
or transmitted (sound tracks, transfer functioadl,inodel). A large redundancy of recorded in-
formation is reduced in going from the first to gecond solution. The third solution may be
regarded as additional data compression, but riefiidies in the parametrization of the sound
field, based on wave theory of sound fields in esgtes. Since the parametrized sound field is
split into source signals and an acoustic hall-rdtes solution offers a very flexible method
of (re)production: sources can be synthesizedffarednt positions than the original ones, and
different hall-models can provide completely diffet ambiences. Therefore, the third solution
will not only comply with the premiss ofatural sound reproduction stated at the beginning of
Section 4.2, but goes further: application of whekl synthesis for virtual reality systems has
become possible.

In order to design a realizable reproduction mettledved from the third solution, a
series of further adaptations is required. While pinevious adaptations can be classified as
data compressiorsteps (no physical information lost), the follogrimdaptations can be
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regarded adata reductiorsteps (no relevant perceptual information lostiiision is made
between the reduction of the complexity of the $fanfunctions and the reduction of the num-
ber of loudspeakers.

The third ideal solution comprises the recordingoly the direct sound, the acoustic
modeling of the enclosure and afterwards calcugdtie array transfer functions. The acoustic
modeling of concert-halls is however still a tim@asuming job with varying success, because
the cumulative action of partly reflecting surfaceextremely difficult to model (Dalenbéck et
al. 1994). Furthermore, each array element woulck lma different and complicated transfer
function, in practice to be realized by a uniquavadution filter per loudspeaker. This would
require a very powerful real-time processing systémerefore a different approach is fol-
lowed, one that exploits the perceptual restrictiohhuman hearing.

The sound field in a hall can be divided in threecpptually distinct components that are
directly related to the impulse response: direansp early reflections and reverberation (Sec-
tion 1.4). Each of these components has its owtiadpsttributes that should be preserved
(Section 1.5). Therefore, each of these componemtsated separately during the three stages
of sound reproduction: recording, transmission plagtback (Section 4.2.3 to 4.2.5).

! ! #

A large amount of loudspeakers is needed for philgicorrect reproduction. In practice
several simplifications are allowed.

1. Because the previously mentioned planar arrays@cessarilgiscretizednstead of con-
tinuous, a first approximation is already made:rdproduced sound field is identical to the
original sound field only within a certain bandwidthat is limited by the spacing between
the loudspeakers according to the spatial Nyqraespufency (2.35).

2. Instead of monopolend dipole transducers, only one of both is neededaiicelation of
the sound field outside the enclosure is of minguortance. In that case, the Rayleigh | or
Il integral (Sections 2.2.1 and 2.2.2) providesdhay driving functions. A mirrored sound
field, radiated backwards from the arrays, canvmeded by building the loudspeakers into
the walls of the reproduction room.

3. If the planar arrays are replaced by linear arayurther reduction of loudspeakers is pos-
sible. This is allowed in applications where sosndrces and listeners are restricted to the
horizontal plane. If the absence of reproduced ddary. reflections) in the median plane
becomes noticeable, the construction of layerealyarand a sparsely covered ceiling may
be considered, being an intermediate solution betvpéanar and linear arrays (Figure 4.2).
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Figure 4.2 Stripping of the planar loudspeaker arrays in #pgaduction rooma. Fully covered for 3D-reprodu
tion. b. Sparsely covered ceiling and layered linear arfaysimplified 3D-reproduction. Two layers and ke
two source heights are supported in this exanwpleinear arrays in the horizontal plane for 2%4D-psfurction
all sources are imaged at one height.

4. If the scenery takes place solely in the froptahe, and the reflective waves from back or
sides are unwanted or unimportant, a frontal lirseeay will suffice. In this way, the array
serves as a window through which the sound entémamg the front is imaged. This elemen-
tary version of a wave field synthesis array islsalted for modular construction, because
both the planar and (layered) linear extensionsbeareadily built from it.

A detailed discussion of the reproduction concefiven in the next paragraphs. A pre-
view is shown in Figure 4.3. The stage of recordsndrawn at the top. The microphone sig-
nals, which ideally contain either only direct sduor only reverberation, are recorded on a
multi-track machine or broadcasted directly (trarssimon stage: middle). Besides these sig-
nals, the playback system (bottom) uses geomepmameters that are transmitted as well.
The software program in the playback system is tdehasW: the synthesis operator.

$ %
The proposed recording method is related to comynosked multi-track recording

methods, in the way that it uses microphones thebrd the direct sound only, as well as
microphones that also pick up the reverberant sound

The direct sound of a source is acquired by neapgmt microphones that are usually
directional. In stereophony, the spot microphommals take a minor role in the final two-
channel down-mix: they just add some definition atability to the image created by the main
microphone pair. In wave field synthesis, the spitrophone signals are of much more
importance, because here it is necessary to orgtital sources with their own source signals.
Ideally the direct sound of each source is reco®edn individual track or channel. During
playback the source signal is fed to a virtual sewf which the position corresponds with that
of the original source (if natural reproductiorsigved for). Besides the individual source sig-
nals, therefore also the coordinates of the sourtest be delivered to the reproduction opera-
tor W.
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Figure 4.3 General reproduction scheme. The recorded sigiogisther with parameters for the playback pro
are stored and/or transmitted. Operatbprepares the array signals for playback.
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If many sound sources are active simultaneousiyerg large number of spot micro-
phones, sound tracks and transmission channelgivbeutequired. To deal with this inconve-
nience, the concept obtional sourcess adapted from Berkhout et al. (1993), who depetb
it for sound reinforcement based on wave field lsgsis. A notional source merely consists of
a signal to which a source position has been asdigrhis idea is illustrated by Figure 4.4. A
group of sources, e.g. a string section of an atchgcan be recorded either with individual
microphones (close-miking), or with one microph@aten appropriate distance from the sec-
tion. In the latter case, the compound microphagieas can not physically be associated with
one source. It is therefore assigned to a notisnalce at the center of the sectioffihis
method reduces many physical sources to less rabtemurces, at the expense of a slightly
decreased spatial accuracy of reproduction, arsdflesbility of processing.

From experience with spot microphone signals inevé@ld synthesis, it is known that
crosstalk between the microphone signals has andeging influence on the definition of the
reproduced virtual sources. Strong crosstalk léadecreased stability and increased apparent
width of the reproduced sources. This phenomenarbeaunderstood by realizing that cross-
talk causes the sound of the original source talisgibuted among more than one virtual
source. Crosstalk can be suppressed by placingpibtemicrophone closer to the source and
arranging larger distances between the sourcesugrhdhese remedies are commonly
accepted in studio recordings, they may be diffitmidefend in live recordings where artistic
and esthetic arguments are also to be considered.

Moving sources (e.g. in opera, drama, sports) must eded with spot microphones
that are kept at a constant distance from the sodiee coordinates of the source should be
tracked regularly. This way, effects of motion areluded from the recorded signal, but can be
synthesized during playback by making use of thging source coordinates.

EI

a. b. 6

Figure 4.4 a.The sound of each source is recorded by a neambstidnal microphoneh. The sound of a groi
of sources is recorded with one directional micahplaced at some distance from that group. Tieeopion:
signal can be assigned to a notional source igeheer (cross).

* A notionalsource refers to a special situation during reiegrdvhile avirtual source refers to any input sig-
nal of the playback system in wave field synthe&iaotional source is reproduced as a virtual seurc
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In stereophony, the ‘main microphone pair’ (Sectibf.3) is carefully positioned in
front of the ensemble to obtain the desired pldgghantom sources within the stereo image,
and the desired balance between direct and reftestiund. In many cases these microphone
signals can also be used for reproduction by weele $§ynthesis, see Section 4.2.5. However,
in the present concept, the term ‘main’ is not appate any more, because imaging for wave
field synthesis depends largely on the processingpot microphone signals. Therefore,
instead, the word ‘ambient’ is introduced to deradtenicrophone techniques that capture the
reverberant sound for the purpose of wave fieldtlsssis. Speaking in terms of impulse
responses, the ambient signals ideally consisitefreflections and reverberation. In practice,
also direct sound and early reflections will beoréed, but these will not influence the repro-
duced image if the direct/reverberation ratio iciently low.

The need for recording techniques of ambient sswasdgrown strongly since the intro-
duction of surround sound. A few techniques haveaaly been proposed. The ambisonic
reproduction method (Section 1.7.3) has encourttgeedevelopment of a four-channel coinci-
dent microphone system with electronically conaolé directivity and orientation (Sound-
Field). Theile (1996) uses a four-channel ORTF-likierophone configuration intended for
use in 2/2 or 3/2 surround sound recordings (Figu&®b). Both microphone techniques
belong to a special class of recording technigasgd on the idea that sound must be recorded
all around, because it arrives at the listener fadimaround. Figure 4.5a shows the general idea

ambient o
microphones -G center

o TT—

a. b.

off-center

Figure 4.5 a.The sound field is recorded by directing the ambreitrophones towards angular sectors o
acoustic space. The degree of correlation betweesignals is determined by the radius of the eioflmicro
phones and their directivity characteristics. Dgrplayback, the microphone signals are reprodusedlan:
waves along the dashed bisectors. Note that thesraflthe microphone circle is zero for the SouettFmicro-
phone, and 15 cm in the ORTF-like configurationth\d cardioid directivity pattern, four sectors yide suffi-
cient coverageb. The directional error during playback depends lon listener position. The gray area is
angular sector of one particular microphone. Theesabriginating from sources 1 and 2 are reprodasgalan
waves along the arrowed bisector. For a listenireatenter, the directional error of these paldicsources eque
a. For a listener off-center, the directional eirosmaller as the source is further aways b,. Since late refle:
tions can be considered to originate from far-amdyor sources, this reproduction technique yigldair recon
struction of these waves.
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behind these techniques. Clearly, this approaadtisiéa a ‘point solution’: only at the center
position a fair reconstruction can be achievedhdfivever, the method is used only for repro-
duction of reverberation, the directional errorofitcenter positions are kept within bounds,
see Figure 4.5b. Moreover, the human auditory sysgenot very sensitive for directional
errors of individual late reflections, because ¢hesflections are usually too dense to create
precisely located auditory events (Blauert 19884, in principle this microphone technique
provides an efficient way to image reverberation.

&

For efficient transmission of data, the signal-floaain in the reproduction system must
be interrupted at the point of the lowest data. fateontrast with stereophonic reproduction,
this point does not coincide with the loudspeakgnals: in wave field synthesis, the number
of loudspeaker signals is much higher than the mumnolb microphone signals. This implies
that the down-mix coefficients need to be deliveiagkther with the microphone signals.

These coefficients are mainly geometrical pararsetdrich inform the synthesis opera-
tor W about the source positions (direct sound), tHectdn model (early reflections) and the
plane wave angles (reverberation) that are usegréparing the array driving functions. The
geometrical parameters may also include the dirécttharacteristics of the sound sources, as
these can be synthesized correctly according vandriunction (2.27). If the rate of parameter
acquisition and transmission is suffiently higigvingsources can be synthesized as well.

An example of transmission channel coding of mibmpe signals and parameters is
given in Section 4.2.6.

T H

Since bare microphone signals are received atltydack stage (instead of loudspeaker
signals as for e.g. stereophonic reproduction)inteiligent playback system is necessary to
synthesize the sound field. This system, consistinipe synthesis operat@v and the loud-
speaker arrays, can be made as flexible as deJinexlaspect may be of particular interest for
commercial applications: the complexity of the systcan range from a domestic set-up, with
fixed source settings and only a frontal loudspeakey, to a professional theater system with
control of sources and their virtual acoustic eowment.

A schematic representation of the synthesis operatgiven in Figure 4.6. By default,
the direct sources are imaged as virtual sourcdseatoriginal position. Notional source sig-
nals, referring to more than one source, are imagete center of the original contributing
sources. The early reflections are synthesizedyukm mirror source concept, depicted in Fig-
ure 4.7a. Reflective waves can be imaged by cigaiillitional virtual sources at the position
of the mirror sources. The reflection coefficienfsthe walls, usually exhibiting frequency
dependence, can be taken into account by feedangitbct sound to wall absorption filters.
For this purpose the reflection coefficients mussbnt along with the geometrical parameters
to the playback system.
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The late lateral reflections, that are held resfi@g$or a sense of envelopment (Bradley
et al. 1995), are incorporated in the reverberasigmals by using the ambient microphone
technique described in Figure 4.5. These waverssgreduced as plane waves along the origi-
nal bisectors (Figure 4.7b). Artificial reverbeastimay serve as an alternative for recorded
reverberation. The stereo ‘main’ pair signalsyiitable, can be reproduced similarly (see also
the next sub-section).

Returning to Figure 4.6, it can be seen that gihals pass a set of equalization filters
before the actual synthesis takes place. The Bhape depends on the loudspeaker type and
the source position with respect to the arraysr@sed in Section 3.2. After synthesis, the pro-
duced virtual source driving functions (sphericaptane waves) are added and, if necessary,
spatially convolved according to Section 3.3.3.

The reproduction omoving sources is also possible in the present concepting
sources are important in virtual reality applicapbecause they create action and suspense by
drawing the listener into the scenery. In ordealtow fast and smooth motion, a time-depen-
dent synthesis operat@v(t) must be used. This requires additional procegsavger, because
the positions of the source as well as its mirourees are altered continuously.

( n
The compatibility issue is concerned with upward downward compatibility to stereo-
phony and 3/2 surround sound. In this applicatigpward compatibility is the possibility of
playing back old program material on the new systeownward compatibility refers to the
way in which old systems can cope with program netdeveloped for the new system.

) *

Upward compatibility is obtained by applying thetual loudspeakeiconcept. In this
concept, some appropriately placed virtual souesesfed by the loudspeaker signals origi-
nally meant for stereo or 3/2 surround.

For the stereo material, an equilateral trianglg tma arranged (Section 1.6.1), but this
would give the usual small listening area of twauahel stereophony. Instead, the stereo sig-
nals can be reproduced by means of two far-awdyalitoudspeakers. If these virtual loud-
speakers are placed at infiﬁixyvvo plane waves angled3f® are produced (Boone et al. 1995,
Geluk 1994), with several advantages:

1. the direction of the notional sources remains2Q°, independent of the listening position;
2. the intensity of the virtual loudspeakers is @dt) independent of the listening position;

3. the reproduced wave field is decoupled from i$tering room: the wave fronts cannot be
associated with a realizable (point) source pasiwthin the room.

" Of course the corresponding infinite delay is oetittnd sound level is kept at a reasonable height.
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Figure 4.8 Virtual loudspeakers and a center cluster for sggnenic playback.

With these advantages already a less critical samatarea is constructed. Nevertheless, the
perceived image still shifts if the listener moweshe side, because in that case one signal will
reach the listener before the other one does. €hrad phantom source (often a soloist or a
voice-over) will gain stability by adding a virtuegénter cluster on the symmetry axis between
the virtual loudspeakers, as drawn in Figure 48hS central loudspeaker, which is regularly
applied in theater sound systems (Bracewell 19983d by the left and right stereo signals, but
at a lower level to avoid coloration. Furthermdhe, left and right channels are slightly delayed
with respect to the central channel. The precedefieet will then secure correct localization,
while (comb filter) coloration is avoided or furtheeduced.

For 3/2 program material, the virtual loudspeald@rthe left, right and surround chan-
nels are imaged at infinity, at the standardizeglem+30° and #110°. The center channel can
be routed to an appropriate center cluster position

| +** n

Downward compatibility can be achieved by specwmlieg of the microphone signals.
The synthesis operat@V requires the bare microphone signals as inputde whe stereo and
3/2 surround systems need mixed signals. The sgigeals consist of main microphone sig-
nals to which spot microphone signals are addepamning (Section 1.6.3). Since at present
the 3/2 recording technique is still under develepma coding scheme for this material will
definitely be premature, but an example schemeéviengn Figure 4.9. This scheme assumes
that together with a stereo ‘main’ microphone p@ip additional ambient microphones are
used (e.g. the reversed ORTF-pair drawn in FiguB®d). Inside the mixing console, an
encoder keeps track of the routing paths and leékalswill serve as a key to recover the origi-
nal microphone signals for reproduction by wavélfsgynthesis. The output of the decoder can
be connected to the synthesis oper&lforThe stripped L and R channels and the original S1
and S2 channels are reproduced as ambient plarnesywatile the spot microphone channels
are further processed to yield direct sound anly eeflections using the geometrical parame-
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mixing key
1‘ mixing key : ; i
I — === Signal mixed according
. , to mixing key
‘maln’ C N — — . .
= [ . % — bare microphone signal
c N stereo compatible;
© ’ S1 © . no decoding
B —— S22 —_— —
5 —> . I —~ s . 3/2 surround compatible
. »  virtual ———— - 2 subtract center channel
—_—> —— —
sources- from L and R channels
geo. | - ., Jeo. D wave field synthesis;
param. param. subtract all spot mic.
signals from L and R
from the coding transmission decoding towardgV

microphones

Figure 4.9 Coding scheme for downward compatibility. The prihohannels belong to the 3/2 surround sys
The central channel C’ may consist of one or mp@ sicrophone signals. The L' and R’ channelshef 8/:
system are retrieved by setting L’=L — 0.7 C’' &idt R — 0.7 C’. The wave field synthesis chanmetsrecovere
by similar, but more complex, information enclogedhe mixing key.

ters. In this example, the C’ channel consists efaly spot microphone signals. Since these
signals are transmitted individually, the C’ chdneeot decoded for wave field synthesis.

$’ll

The playback concept of Section 4.2.5 formed tlsslfar the design of a demonstration
and research reproduction system. This system,ishdéscribed below, is installed in the
reproduction room at the Delft Laboratory of Seissrand Acoustics.

$ - .7
Figure 4.10 depicts the playback scheme for ther&tbry demonstration system. A dig-

ital multi-track recorder provides up to 16 micropk signals that are mixed down to maxi-
mally 8 input signals for the DSP-station. Thistista that forms the synthesis operatr
produces the driving signals for a closed arrayosunding the listening area, according to Fig-
ure 4.2c. The heart of the station is formed bygdtal signal processors (DSPs) that control
the position of the virtual sources and the ditecf the reverberant waves. Both the DSP-
station and the loudspeaker arrays are customibuliuran Audio, Zaltbommel.
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Figure 4.10 Play back scheme of the laboratory wave field sgsithsystem. The signals from the multi-trac|
corder are mixed down to 8 notional source andrtmration signals. These are processed in the Dgiere
which is an implementation of the synthesis operatoThe 160 output signals are fed to the loudspsaker

$ %

The assessment of the arrays has already been im&kction 3.4.1. A rectangular
arrangement of ten array bars, enclosing a listeaiea of about 24 fhas been installed in
the laboratory reproduction room, see Figures drid 4.12. The arrays hang from the ceiling
at ear-height (1.65 m), to facilitate listening #ocritical audience that is walking through the
room to check the spatial properties of the im&yee array bar consists of 16 loudspeakers
(Figure 3.17) with a frequency range from 140 H2@dkHz.

In general, the ambience of the reproduction raseifishould be masked by the repro-
duced ambience. This means that at least the renagitn time of the reproduction room
should be much shorter than that of the recordiog. In the laboratory room, a reverberation
time of less than 0.5 s is measured above 100 Efted®®ions are damped by a carpet on the
floor and by absorptive panels in the ceiling almh@ the walls.
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Figure 4.11 Map of the laboratory reproduction room.

Figure 4.12 The laboratory reproduction room with the mixingisole (left), the arrays (nos. 3 to 6), and the {

system (in the corner of the room).
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The frequency range below 140 Hz is supplied bg Btanding loudspeakers used as
subwoofers (Philips DSS 930, described by Willerd83). According to the spatial aliasing
requirement (2.35), the loudspeaker spacing fadheofers should not exceed 1.2 m. At the
frequency range of operation, however, the waviepatn this room is dominated by standing
wave modes, so that proper synthesis is imposkdi@v 140 Hz. Therefore, a more efficient
woofer arrangement can be made without affectirg]ityuof synthesis: each side is provided
with one woofer, for which the signals are takesmnfrthe middle array element of each bar at
the respective sides. For example, the front subsvaeceives the low-pass filtered signals
(-3dB at 140 Hz, —24 dB/oct.) of the eighth elemaritbar 4 and 5. Thus, the front woofer
signal is a filtered addition of two signals, jlike the rear woofer signal, whereas the side
woofers are each supplied by three signals. As Esghe sources keep away about 50 cm
from the arrays, the variation in bass responsevdeat different source positions remains
within an acceptable range.

$$ +/ *

A DSP-system with 8 input and 128 output chanretes care of the processing of the
loudspeaker signals. Each of the 8 floating poiBPB (TMS320C32) reads all 8 inputs and
writes 16 outputs. The actual number of virtualrses processed in real-time by one DSP is 4
at 44.1 kHz sampling rate, or 6 at 32 kHz. Thixpss, denote¥, is modular in the sense that
the number of DSPs runningis proportional to the number of output channels.

A full coverage of the four sides of the reprodostroom requires at least 160 loud-
speakers, whereas the DSP-system hardware sugpartsximum of 128 outputs. To cope
with this discrepancy, it is reasoned that in ndras@ only reverberation and no direct sound
will be reproduced from the rear arrays, and thay tme done with less spatial accuracy. There-
fore, the following distribution is made: arraysd7 are addressed by one DSP each, or in
other words, each of their loudspeakers is driveram individual signal (denoted 1:1). The
remaining 4 rear arrays are driven in two-elemertasrays (denoted 1:2), which may be
thought of as a simple form of a spatial convolufitter (see Section 3.3.3). The use of subar-
rays partly compensates the effects of the lowati@paliasing frequency (with respect to the
front arrays), because it benefits the synthesisadfes with a small angle of incidence with
respect to the array.

The DSP-system is table-driven: a control unit (M85DX) calculates the synthesis
parameters from the (new) virtual source positiemgred graphically by the user.

$ +1/ *

The gray box in Figure 4.10 shows that two diffeétasks are carried out by the DSPs:
[IR-filtering and array signal processiiyg These tasks are related to the generalized mémopo
driving function (2.30), which can be split in @fuency filter

H(w) = /%( (4.1a)
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with z = zz vz as defined in Section 2.3.3, and a loudspesigmal operator

_exp(sign(z)jkr,)
Y, = /Zilcog . T o (4.1b)
n

wherer, is the distance from the virtual source to loud&een. Loudspeaker sign&),, is now
retrieved by

Qp(w) = Y H(W)S(w). (4.2)

This operation is implemented in the time-domainréason of efficiency. If a vector of array
driving signals is defined as

;
a(t) = [ay(t) ¥ gn(t) ¥ ay(t)] (4.3)

with g,(t) the inverse Fourier transform@f,(w), then the array driving signals are processed as
q(t) = Y(t)x[h,g(t)*s(V)], (4.4a)

wherex denotes time-domain convolutibpg(t) is an infinite impulse response filter yet to
be designed, andis a vector operator with elements

Yo(t) = /ZL_lcjjin”d(Hsign(z)rn £C) . (4.4b)

First, the design dfyr(t) is discussed and next operaYois implemented for both static
and moving sources.

Ideally, h;gr(t) is a time-domain version of filter (4.1a), whibhs a slope of +3 dB per
octave, see also Section 3.2.2. This filter is hawenot applicabl@bovethe spatial aliasing
frequency, where no constructive interference divillual loudspeaker contributions occurs.
It appears to be possible to design a single fittat renders a reasonably flat system response
for a large range of virtual source positions amarge listening area. The filter, shown in Fig-
ure 4.13, is designed by equalizing the averageorese of a number of virtual sources and
receiver positions in the reproduction room. Iis thiption the loudspeaker response is compen-
sated as well. A cardioid microphone was used @asiver to suppress reflections in the mea-
sured signals. In agreement with theory, a posgigpe of a few dB per octave is visible, apart
from a peak at 400 Hz due to a broad dip in theldpeaker response (compare Figure 3.22).
No attempt is made here to match the |IR-filtetmge response to the theoretical frequency-
independent value of 45° for virtual sources belihedarray, or —45° in front of the array. If
desired, these phase shifts can be controlled plyiag an appropriate FIR-filtérinstead.
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Figure 4.13 Filter design based on the average measured respbrgtual sources. The zerog éind polesx)
of the filter in the complex-plane are shown to the right.

The task of the operatdf is to apply the correct delay and weighting cogdfits from
M filtered input signals tdl output signals. If the input signals are writt@naasource vector

s(t) = [sl(t) Ya S(t) Ya sM(t)T, (4.5)
then the vector operatdrcan be extended to a matrix operatorielding array driving signals
q(t) = Y(O)«[hg(t)=s(t)], (4.6)
wherex again denotes time-domain convolution, Aedetements of are given by
Yor(t) = a,dt—t,), (4.7a)
with weighting coefficients

Z, COY nm

(4.7b)

and time delays

. rnm
thm = t0—5|gn(zm)T. (4.7¢)
Note that an extra delay >0 has been introduced to avoid non-causality ie s&mg,) = +1
(for sources in front of the array). The delay amighting coefficients are calculated in the con-
trol unit. The delay values are derived from thstatice between loudspeaker and virtual
source. The weighting coefficierdas,, depend on the position of the reference Risee e.g.

" Finite impulse response filters generally requitechmore computation power of the DSPs.
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Figure 2.7 and Figure 2.17) via the ratic= z;zg . Fetraightlinear array, the reference
line atz =z is usually chosen parallel to the array in thedi@af the listening area. For a linear
array with corners, e.g. the rectangular arrayigbife 4.11, a single parallel reference line is
impossible. A solution is found in applying drivifignction (2.32b), which permits non-parallel
reference lines to be used. By writibgr = z , the saonenfis obtained as in (2.30). Figure
4.14 illustrates the assessment of the refereneddr cornered arrays.

Not all array bars are active for a certain virs@lrce. At most, half of the array bars are
‘seen’ by a virtual source, and in many situatigrsuffices to process even less loudspeaker
signals. Figure 4.15 shows that much processingep@an be saved by considering that not
all positions within the rectangle will be occupiaglisteners. Though a number of six virtual
sources per array remains the limit in the laboyatiemonstration system, an effective use of
processing power makes it possible to reproducehmuare virtual (mirror) sources in total,
all around the listening space. For this purposeding map has been set up manually, see
Figure 4.16. The virtual source area is divided ilarge number of squares, the field code of
which specifies the array bars that are activeafoirtual source within that square. Note that
no virtual sources can be placed in the blank meiddka. This area is excluded for virtual
sources, because listeners are not allowed toerbgitiveen active arrays and focused sources.

The delay coefficients produced by the control amé rounded to the nearest integer
time sample interval. For example, if a delay of61&amples is calculated for a certain virtual
sourcem and loudspeaken, the actual delay is set to 16 samples. At 32 &&inple rate, the
maximum phase error made in this way is 7.5° ferdpatial aliasing frequency of 1340 Hz.
Synthesis of wave fronts is therefore hardly inficed by this approximation.

@ source @S
N \
r N N T
arrays \
N
N wave _
Dr front 7
k.
N R @
T — 1 \ R
AN
2\
N
Ry 4
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Figure 4.14 Choice of the reference lirRin a cornered array configuratian.The ratioz = Dr/r must be contir
uous along the arrays to avoid discontinuous aogsis along the synthesized wave fronts. If tworegfee line
(parallel to the respective arrays) are used,dtie Br/r will in general be discontinuous at the correrf only
one, but fixed, reference line is used, not ali@t@ry phase points at the array are definedath@avs drawn d
not cross the chosen reference line. The loudspekikeng function is therefore not defined at pimsi 1 and 2
c. Each virtual sourc8defines its own reference line, all of which isitt the centet of the listening area. Re
erence lindR is defined as the line through perpendicular to the line connecti8gndC. A useful alternative
reference lineR', which is the arc throug@, centered aroun8. In real-time processing, usifigj instead ofR
speeds up the calculationz¥{z—1). TherefordR'is employed in the laboratory system, witlat the middle of tr
rectangular array configuration.
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Figure 4.15 aA virtual source near the corner ‘sees’ half & #raysb. If the region near the arrays is exclu
for listeners, only a small part of the arrays rsetedbe active.
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Figure 4.16 Coding map used by the control unit to assign artayvirtual sources. Each field code consis
three or less digits that indicate the array blaas are involved in synthesis of virtual sourcesspnt in that pa
ticular field. Virtual sources outside the map &eated corresponding to the nearest field codearexample
the area belonging to array bar 4 is shaded: oniyal sources within this area are assigned tayapar 4. Th

coding map, which allows efficient use of procegsiapacity, is initialized according to the geometirthe arra
and the desires of the user.
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Virtual mirror sources are treated by the DSP-system in the saammer as virtual
direct sources. The mirror source positions and strengtlscalculated in the control unit.
About 5 to 15 virtual mirror sources, each withedag time up to 65 ms, can be generated for
a single virtual source, depending on the number @ositions of the other virtual sources.
Frequency-dependent absorption can be incorpolstedserving input channels with adjust-
able IIR-filters for the mirror source signals.

. %.

Moving sources require a different treatment bydbetrol unit and DSP-system. Each
sample period, an update of delay and weightindficants is necessary. For this reason,
(4.7b) and (4.7c) become time-dependent (Jansen):199

Zy(t) €O (1)

anm(t) = -1 m , (4.8a)
t
tom(t) = to—sign(zm(t))%, (4.8b)

wherer__(t) = dr(t) =dt .

Because the control unit can only update the detayweight tables a few times per sec-
ond’, the DSPs must take over some calculation tasks fhe control unit. An efficient com-
putation method is described by Jansen (1997). cimérol unit periodically transfers the
coordinates and weight tables of certain suppontpdo the DSPs, together with a speed
parameter, see Figure 4.17. The coordinates agktoseompute ,{t) along the linearized
path. The delays, calculated fram{(t), are not rounded to the nearest integer likestatic
sources, because these irregularities become auakbsputtering. This problem is solved by
resampling or interpolation between the nearest samples.

The weight tables along the path are computed ¢firdmear interpolation between the
weight tables of the support points. This methogsanuch processing time in comparison to
the exact calculation @f,,(t) from the coordinates of the support points.

approximated path

pat

Figure 4.17 A moving source can be processed by interpolatetg/éen support points along the source pa

" The rate of table-updating is limited by the tirhtakes for the control unit to compute a table.
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Note that the weights are estimated with much dessiracy than the delays. The differ-
ence in precision of calculation is motivated bycegtual considerations. The perceived
directionof the source is mainly determined by the distrdouof delay coefficients along the
arrays. If accurate localization is appreciated snahd-off errors should not be audible, the
computation of delays must be done with great preci The perceivedound levebf the
source depends on the weighting coefficients. Siexel fluctuations of a few dB are hardly
audible, medium precision is allowed in generatimjght tables. By using linear interpolation
between weight tables, smooth level variations gktve path are guaranteed.

The presented laboratory system is one implementati the concept, but other imple-
mentations are also possible. In Section 4.2, dyresome considerations have been made
about simpler as well as more enhanced systens®tord reproduction. In this section, a more
detailed discussion is given, where the laborasgstem serves as a reference.

, . %l

For domestic use, the design described above fspsrtoo sophisticated in software
and hardware. A few simplifications are still pdésj leaving the overall performance more or
less unaffected. Of course, the general purposes@8R be captured in a dedicated chip,
which will lead to much lower production costs. &lshe number of channels can be restricted
by allowing yet a larger spacing of array loudsggalat the back and sides, if no direct virtual
sources are imaged in those directions. Concethiagntegration of the arrays into the inte-
rior of the living-room, it should be noted thaethadiated sound of the arrays should not be
shielded by objects in the ‘line of sight’. Buitt-arrays (into the walls just beneath the ceiling)
or foldaway arrays (towards the ceiling or wallsyim be feasible. It should also be mentioned
that the exploration of array technology has jegjun: special array designs, such as the light-
weight transparent electrostatic strips in Sec8ah2, may further improve chances for the
practical implementation of arrays.

The main question for acceptance of the novel daprtoon method in the living-room is
whether the advantages of the wave field syntregtem outweigh its higher price and its
more complicated requirements for installation. hiretory of sound reproduction proves that
compatibility with previous and contemporary reprotion systems is of primary interest in
answering this question. Commercial chances asedaif the new system offers a clear
improvement in reproducing conventional programenatk. Preliminary listening tests with
the proposed method of reproducing two-channelestenaterial (Section 4.2.6) yielded
already a striking enhancement of the spatial imdggether with a modular set-up of the
arrays and the synthesis operator, this might béb#tsis for an introduction of the system to
the consumer market.
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In cinemas, loudspeaker arrays usually do not hav@mpete with furniture, as in a
domestic environment. The arrays can be built theoback and side walls, and behind the
front screen. With a playback system based on viiakkesynthesis, surround sound effects are
not restricted any more to the position of the @und loudspeakers: sound can be created all
around the audience, with a much more realistieaghrSince the input channels of the system
consist of discrete source signals with sourcedioates, the sound image can be adjusted to
the shape or size of the cinema.

$0

A virtual reality system is an interactive devibattevokes an image to the user which is
very close to reality, by stimulating all his sesise a consistent way. The concept of wave
field synthesis lends itself admirably to this pasp, because of its ability to create any desired
sound field from a few parameters. Since the listgarea is basically unlimited, the user has
a large freedom of movement. In this way, sevesarsican use the system simultaneously.
The ultimate virtual reality system consists of RIDdspeaker arrays behind an acoustically
and visually transparent screen, producing a fdIsBund image. Especially the possibility to
focus sources in front of the array will contribtwea thrilling experience.

Closely related to virtual reality systems areg(iti)simulators. Instead of an exciting
situation, an unusual situation is recalled hexeyhich the trainee must react in an appropriate
way. Also in these training devices a realistic gmanust be created, so the requirements are
very similar to those for the virtual reality theat

Of course, the laboratory system is also extraardinsuited for room acoustic and psy-
cho-acoustic research. Except the acoustic desigawly built concert-halls, also the effects
of renovation of existing halls can be modeled jaded in advance. Because of the listener’s
freedom to move and the possibility to directlyibletate with others, this way of modeling is
far more natural and convenient than binaural modgeWwhich is proposed alternatively.

Spatial perception research is much facilitatedisipg the laboratory system. In earlier
research, sources were represented by loudspgakees] at positions allowed by the dimen-
sions of the room. In wave field synthesis, soumesplaced under software control at any
distance from the subject. Especially, researchthan perception of moving sources will
become much easier.
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The general concept of sound reproduction by weele $ynthesis is developed by con-
sidering the natural sound field in its acoustizimmment. The wave field inside a certain
enclosure within that environment is determinedhsy Kirchhoff-Helmholtz integral applied
at the boundary of that enclosure. Theoreticalphwsical copy of the original sound field can
be synthesized in the reproduction room. In orderome to a practical implementation of the
concept, a number of data compression and datatredusteps is necessary. The proposed
reproduction method makes it possibledgproducethe natural sound field as well poduce
an ideal or artificial sound field from the samegmam material.

Three phases are distinguished in sound reproaudtie recording phase, the transmis-
sion and/or storage phase, and the playback phagkee first phase, spot microphones are
used to record the direct sound and so-called arhibrcrophones are used to capture the
reverberant sound. These signals are transmittastboed together with relevant geometrical
parameters telling the playback system how to idyore the sound field. Eventually, the direct
sound is processed for virtual sources. The eaflgations are reproduced by assigning the
direct sound to virtual mirror sources. The reveghien is created by plane wave synthesis of
the ambient microphone signals.

The general concept is realized in a laboratoryenfald synthesis system. This system
comprises a digital signal processing unit, whiglam implementation of the synthesis opera-
tor, and a rectangular array configuration surraugdhe listeners. Any multi-track material
can be reproduced, while the recorded sources maydged in their original environment or
in a non-existing or yet to be built concert-h&lburces can be placed anywhere, even within
the listening area by means of focusing techniqlieerefore the system is also very interest-
ing for virtual reality theaters and simulators.



In this chapter, the laboratory wave field synthesystem is evaluated by means of
objective measurements. This evaluation consistsvofparts: the calibration of the system
response, which illustrates the temporal and dpeti@racteristics of virtual sources, and an
objective comparison of the new reproduction systenelation to stereophony and surround
sound. Besides well-known qualification methodshsas frequency characteristics and sound
pressure levels, also less customary methods ackingletermining differences in reproduc-
tion quality. The ins and outs of these methoddaeussed extensively. Next, these methods
are applied to the evaluation of reproduction eécli sound, early reflections and reverbera-
tion separately.

The temporal and spatial performance of the laboyateproduction system is deter-
mined by measuring the impulse response for sevetall source positions. With these data,
the equalization filter of the system can be caliéd and the spatial accuracy of reproduction
can be verified.

113
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The frequency response of the laboratory systeme&sured to check the design of the
equalization filter and the subwoofer arrangemBmgtplacing virtual sources at different dis-
tances, also the/rtdependence of the sound level is checked. Raflesf the reproduction
room are expected to influence only the fine-striteetof the measured spectra, except in the
low frequency range where standing waves becomertiau.

Figure 5.1 shows the frequency response of sixaligources in the reproduction room.
Virtual sources 1 and 2 were focused in front ef @inray. The distances of the virtual sources
to the measurement microphone are 0.5, 1, 2, Ad8 & m, respectively. Between real sources
at these increasing distances, a sound level rieduaft 6 dB is expected. The results show that
this theoretical value is approximated fairly wiell virtual sources 4 to 6, while it is less than
6 dB for the others. This deviation is a resultha use ofinear arrays, for which the/tlaw
is only valid at the reference position (posit@im Figure 4.14). In practice, these small devi-
ations will hardly be audible. Besides, the acteatls are easily overruled by the gain control
on the mixing console.

The (internal) variation of the responses remairtisiw+3 dB for frequencies above 300
Hz. Below this frequency, standing wave patternsidate the results.

response (dB}

30 160 315 630 1250 2500 Sk 10k
frequency (Hz)

Figure 5.1 System response of virtual sources at positioms@l &s shown on the map to the right. Only thet
part of the rectangular array configuration is dnawhe receiver position is at the crogs Since the distan
doubles between subsequent source-receiver conuriaaan offset of 6 dB is expected between suls#gpec

The spatial behavior of the wave fields of virtgalrces is investigated in an anechoic
room. The measurement microphone is displaced semlong an acquisition line parallel to
the array. The measurements and simulations ofr&i§2 show that the wave fields of
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Figure 5.2 Measurement and simulation of a Gaussian wave &batvirtual source in thet-domain.
a. Virtual source at 1 rhehindthe arrayb. Virtual source at 1 nm front ofthe array (focused source).
The 32 element array is at a distance of 3 m matallthe acquisition line. Bandwidth: 0.1 - 2.5&H
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Figure 5.3 2D-Fourier transform dk.k-diagram of theneasurediata of Figure 5.2.
a. Virtual source at 1 rhbehindthe arrayb. Virtual source at 1 nn front ofthe array (focused source).
The interference pattern, seen at high valuds isftypical for aliased wave fields. Bandwidth: 6.8 kHz.

focused and non-focused virtual sources are weiltrotbed, i.e. their spatial behavior is in
good agreement with theory. Small differences aaadxrribed to the frequency response and
directivity characteristics of the loudspeakers.

Some effects of spatial aliasing are visible fa tirtual source behind the array (Figure
5.2a), while they are more or less absent for theal source in front of the array. This pre-
sumption can be verified by making a plane wavedgmsition of the measured data sets, see
Figure 5.3. Above the horizontal dotted lines ia thagrams the plane wave components are
obviously aliasing-free. Note that the aliased wheats appear at higher valueskoin the
focused wave field, which seems to be in contramhcio the spatial aliasing condition being
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1 2 3 4 5 array 1 2 3 4 5 array

aliasing ‘tail’

Figure 5.4 Construction of wave fronts.. The contributions of five loudspeakers producedevaliasing tail fc
a virtual source behind the array. The tail is po&al by the synthesized wave frdmtThe contributions of fiv
loudspeakers produce a dense aliasing ‘tail’ aloédlde synthesized wave front for a focused virs@irce.

the same for both situations. The explanationtitr paradox is found in the manner in which
the wave fronts are (re)constructed, which is t¢yedifferent for focused and non-focused vir-
tual sources. The construction is visualized inuFeg5.4. The contributions of the individual
loudspeakers are drawn as thin arcs, while thensgited wave front is drawn as a thick arc.
Near the central axis (perpendicular to the arridng individual wave fronts in Figure 5.4a are
too far apart to interfere constructively: they dat cancel each other and will remain as
aliased waves. For the focused virtual source giifei 5.4b, the individual waves near the cen-
tral axis are much closer, leading to a reasonadoteelation for higher frequencies.

The favorable situation for the focused sourcesigersed if the outer regions of the lis-
tening area are regarded: there, the composingsiareefar apart, while for the non-focused
sources a dense succession of individual wavebssreed. Thek-diagram of the focused
source (Figure 5.3b) does not reveal these outsseal waves, because the measurement line
did not include the outmost parts of the listeranga. Hence, the spatial aliasing condition still
applies to focused sources, but the effects o$ialipoccur in different areas of the synthesized
wave field. The different spreading of aliasing quots disappears if directive loudspeakers
are used: in that case, also the non-focused sotieoee a central listening area with a higher
aliasing frequency, because the outer loudspeakéirsot radiate energy towards the central
axis.

Because of their innovative application in soungreduction, focused virtual sources
are investigated in more detail in the next sulisect

Seen from the viewpoint of sound reproduction, #ssence of a focused source is
merely that it can be reproduced closer to therists than the position of (one of) the loud-
speakers, which is often bound to practical retstns. Since the sound pressure level (SPL) in
the focus must be kept within a range safe enoagtheé human auditory system, it is worth-
while to investigate the SPL distribution near eufeed source. Figure 5.5 shows the measured
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Figure 5.5 Sound pressure levels near a focus at 1 m fromeded2ent array (bandwidth 0 - 2 kH2% = 12.7 cm)]
a. Left half: measurement in anechoic room, righf:tainulation (with monopole loudspeakers).
b. View of the situation. The SPL measurements &ertan a 60 point grid in the left half of the area

and simulated distributions. The SPL data at tfienlere taken in a 0.5 frarea in the horizon-
tal plane in an anechoic room; the simulation teisushown at the right. For visualization,
cubic interpolation is used between the grid poibtgh for the measured and simulated data
set. A very good resemblance is obtained betweeasuned and simulated data, confirming
that the sound field produced by the arrays is-a@titrolled. A maximum pressure level of
91.8 dB is measured in the small white area inntiddle. At 0.45 meter beyond the focus
(bottom of picture), it is 7 dB less, while to thide a minimum of 73.4 dB is reached.

The focal area is not restricted to the horizoptahe. This can be understood by first
considering a linear array of monopole loudspealdnsen by the focusing operator. Figure
5.6a shows that this array produces a feoale in the plane perpendicular to that array. If
loudspeakers with high directivity in the vertigdéne are used, most of the energy radiated is
concentrated in the intersection point of the fasalle and the horizontal plane in front of the
array (Figure 5.6b). The main benefit of this iattitrong reflections from floor and ceiling of
the reproduction room will be prevented. In additia more efficient power consumption is
achieved. Both advantages also apply to non-focssarctes.
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Figure 5.6 Focal shapes for linear arrags.Monopole elementd. Directional elements. The local thicknes
the focal circle indicates the concentration ofrgge

In general, it may be stated that any sound remtomtu system designed for human lis-
tening, must be tested by meanssobjectiveexperiments. A rating of several subjective
parameters for different reproduction systems wdwdpreferable. Such experiments can
therefore be classified as subjectiygantificationtests. A number of difficulties have to be
considered in setting up these tests. For exammay time-consuming experiments are nec-
essary before statistically significant results @logained. Also, the results of subjective tests
are very sensitive to (unwanted) bias of secondéfgrences. The subjectivgualification
tests presented in the next chapter attempt taldliese problems. In this section,aojective
qualificationis made of the laboratory reproduction systemeiation to other reproduction
systems.

Several investigators have proposed objective nmeasnt techniques to compare dif-
ferent reproduction methods. These measurementitpas have in common that the physical
characteristics measured are believed to be relatecklevant subjective characteristics.
Damaske et al. (1972) and Tohyama et al. (1989)pened the interaural cross-correlation
function for different arrangements of loudspeakeéksminimum interaural coherence is
assumed by them to correspond with an optimal &xilye diffuseness’ for reproduction of
reverberation. Mac Cabe et al. (1994) measuredwide band interaural time difference
(ITD), interaural level difference (ILD) and intenal cross-correlation coefficient (IACC) to
determine the localization performance of two repidion systems: ambisonics and spectral
stereo (a spectral pan pot system). Bamford gt18B5) calculated the ITD, the ILD and a
guantity called ‘the integrated wavefront error’dompare the image directions for a simu-
lated ambisonics, Dolby Surround and stereo sydBameham (1996) measured the IACC and
ILD in 1/3-octave bands at several locations inrgroduced field of two multi-channel the-
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ater systems. The IACC is here assumed to indibatspaciousness of the sound field, while
the ILD should provide information of the imageedition.

Caution is needed in interpreting the aforementianeeraural parameters. For a natural
sound source in an enclosure, there is usuallylladegned relation between these parameters
and the subjective attributes source direction spratiousness. However, reproduction sys-
tems generally do not produce natural sound fieddg: a stereophonic phantom source causes
several maxima in the cross-correlation functiorasueed at a dummy head. Therefore, in
addition, different measurement techniques haven lgeposed to qualify the reproduced
sound fields (Boone et al. 1997). These are listékhble 5.1, together with the objective and
main subjective attributes to which they are relate

Table 5.1 Sound field qualification techniques

Qualification technique Objective attributes Subjectie attributes
Dummy-head measurements ILDs and ITDs Direction
Multi-trace impulse responses Shape of wave front edion and distance
Intensity measurements Intensity distributiong Dietgtspaciousness,
diffuseness
Frequency spectrum measurements 1/3-octave bantiaspe€oloration

These techniques, which will be explained in thet se@bsections, can be applied to the
direct sound, early reflections and reverberatkr.the purpose of comparison, these compo-
nents are reproduced separately by the reprodusyistems under investigation: wave field
synthesis, 3/2 surround and (two-channel) stereophdote that the IACC is not incorporated
in the table as a measure for spaciousness. lides considered that it is awkward to use this
measure in absence of a relevant reference situdtistead, the intensity measurements are
employed to gain insight in the distribution ofleetive sound.

The measurement environment is the reproductiomnabere the wave field synthesis
system has been installed (Figure 5.7). The swrstem shares the L and R loudspeakers with
the 3/2 surround system. These individual loudspesakPhilips DSS 930) are placed some-
what lower than the arrays (tweeters at 1.5 m allowe), at a circle of 2.75 m around the ori-
gin. The surround loudspeakers &1d & are placed at angles +125° and a radius of 2.4 m,
though the 3/2 standard specifies £110° with tmeeseadius as the front loudspeakers. This
deviation is imposed by the dimensions of the répction room. A smaller radius for all
loudspeakers would have been possible, but thelistkaing area for 3/2 surround and stereo
would become narrower. It will be shown that na@es affection of the 3/2 surround quality
is caused for those situations in which the surddondspeakers are active.
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Figure 5.7 Measurement situation for objective comparison eetwwave field synthesis (arrays), 3/2 surrt
(L, R, C, §, &) and stereophony (L, R). The top view also shdwesposition of the furniture in the room.

n #
The ILD and ITD are calculated from the impulsepassess (t) and, (t) measured at
the entrance of the left and right ear channelliman or dummy head. The ILD is given by

s (t)°dt

ILD = 10log 5=
s(t)"dt

(5.1)

Since ILDs originate from frequency-dependent ditfron effects around the head, it is cus-
tomary to determine them in frequency bands. Tloeeethe ear signals are filtered in 1/3-oc-
tave bands before evaluating Equation (5.1).

The ITD is the travel-time difference between soandving at the left and right ear. It
can be determined by evaluating the wide bandantat cross-correlation function (Ando
1985)

)
Fit) = Jim 52 s(Os(t+ . 52

The value ot whereF  is at its maximum, represents the time lag (ITB{neen the ear sig-
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nals, arising from the path length difference frthra source to either ear. For a real source in
an anechoic environment, the measufgdcontains only one distinct peak (Figure 5.8a)sThi
peak occursintheintervill £1  ms because of thedurpath length difference. If the source
is present in a reflective environment, multiplakgoccur (Figure 5.8b). Only the peak belong-
ing to the direct sound falls in the range£ 1 msesslthe source is very close (within a few
dm) to a reflecting wall. Therefore, the ITD belamgto the direct sound of the source can usu-
ally still be determined in a reflective environmen

A different situation exists for sound reproducteystems. Here, the actual sources are
the loudspeakers, rather than the phantom or Vstuaces that are evoked. If the loudspeaker
signals correlate in some degree, the interaucasecorrelation function will contain several
local maxima (even if reflections are absent).dms cases, more than one distinct peak may
appear within the specified range [of £ 1 ms. In thesses, the image direction perceived
can not be predicted easily. However, becauseutigoay system applies a frequency analysis
to the ear signals before a kind of cross-cormgpirocess is carried out (e.g. Stern et al. 1978,
and Raatgever et al. 1986), it makes sense toabsiee ITDs in frequency bands. Therefore,
just like with the ILDs, the ear signals are fitdrin 1/3-octave bands before determining the
ITDs. Only the direct sound will be consideredleefions from the reproduction room are
windowed off carefully, as a way to account for grecedence effect (Macpherson 1991). It
will be shown here that the spectrally unraveleBdland ITDs provide interesting informa-
tion on the frequency dependence of the reproducfiality.

Two sourcesvithout reflectionsare imaged by the reproduction systems, see Fig8ee
For reference and comparison, the response ofl waece in an anechoic room is measured
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Figure 5.8 a.Normalized interaural cross-correlation functiond real source at 45° in an anechoic rdmrilor-
malized interaural cross-correlation function fareal source at about 45° in the reproduction robnhe Delf
Laboratory of Seismics and AcousticsTwo sources andb are imaged by the reproduction systems. The du
head locations are numbered 1 and 2.
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as well. Both the stereo and 3/2 surround systens@pposed to use the same stereo imaging
technique in this case: the central and rear loemlegrs are not in use here for 3/2 surround
The signals for the L and R loudspeaker are idahtor sourcea. The signals for sourdeare
obtained by simulating an ORTF-pair at the centahe reproduction room (position 1). For
the wave field synthesis system (hereafter: WF$esyys sources andb are reproduced as
virtual sources at the corresponding position. Fikad and torso simulator is a KEMAR
(Burkhard at al. 1975).

Figure 5.9 compares the results for sowemd listening position 1 of the reference (real
source), the stereo system and the WFS systenthisosymmetrical listening geometry, the
real source was expected to render zero ILDs ab.IThe non-zero ILDs at the high fre-
quencies are probably caused by asymmetries ohd¢lael and torso simulator. The stereo
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Figure 5.9 ILDs and ITDs for sourca and dummy head position 1.
a. Real source in anechoic room.Two-channel stereophong. Wave field synthesis.

* Sourcea is assumed not to represent a soloist or voice;oweerwise it could have been imaged by only
employing the central loudspeaker of the 3/2 surdosystem. The C and S loudspeakers are not di@wn f
this system. Some pioneers of 3/2 surround mixaigaly use only a 2/2 surround system for besiltes
thereby omitting the central loudspeaker (Theil®@@,%nd Scholtze 1997).
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results are very close to the real source resliis. WFS system shows deviations in the high-
est frequency bands which are presumably relatsgdtal aliasing effects.

For the off-axis listening position (no. 2), someéeresting results are obtained, see Fig-
ure 5.10. In this situation, the source directiv@pproximately 10° to the right. The ILDs of
the real source grow more or less with increasieguency. This effect is in agreement with
diffraction theory: short wavelengths are attendaw®re in bending around a large object. The
effective path length, however, is more or lessstirae for all frequencies, as can be seen from
the ITDs being independent of frequency.

The stereo system produces a set of ILDs and It reveal practically no resem-
blance with the real source results. Also, at Brght no clear preference for any source direc-
tion is suggested from these stereo results, beazuspparent incoherence between ILDs and
ITDs and different cues for different frequency #&nNevertheless, if one listens at this posi-
tion, the stereo image — though broadened — isspad slightly left of center. Notice that the
ITDs between 400 and 1250 Hz, where phase cueknaren to dominate localization, are
indeed supporting leftward localization.

Both the ILDs and ITDs for the WFS system showaselresemblance to those for the
real source. This is not surprising, because atesm produces a correct wave field at least up
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Figure 5.10 ILDs and ITDs for sourca and dummy head position 2.
a. Real source in anechoic room.Two-channel stereophong. Wave field synthesis.
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to the aliasing frequency of 1340 Hz (calculatedrfrEquation (2.35) usinDx = 12.7 cm). In
this situation, the aliased waves appear not tcathe ILDs and ITDs below the 8 kHz-band.

For sourcéd, the dummy head is again placed at the sweefpssition 1. The results are
again in favor of the WFS system, as shown in Edull. The stereo system, here using sig-
nals recorded by the simulated-ORTF systepnoduces fairly consistent responses. Its ITDs
correspond with that of a source nearly 30° tdafté, which indicates that the sound from the
left loudspeaker is decisive in this aspect. Thghhrequency ILDs support this phantom
image direction.

It can be concluded that the imaging capabilititshe reproduction systems can be
understood reasonably well by examining the ITDs l&s in 1/3-octave bands. The method
does not claim to give the actual image sourcectioe, but provides results that are consistent
with previously gained insight in stereophonic inmggand in wave fields created by WFS.

Concerning the results of the reproduction systenis qualification technique suggests
a constant high quality image direction for the W4yStem: for frequencies to about 5 kHz at
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Figure 5.11 ILDs and ITDs for sourck and dummy head position 1.
a. Real source in anechoic room.Two-channel stereophong. Wave field synthesis.

" The ORTF-pair gives 0.3 ms delay and 7 dB levdediince between both stereo signals.
T A source direction of 150° is also possible foisth€TDs, but can be excluded here for obvious resaso
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least, the ILDs and ITDs are in good agreement thitise of the real source in all cases con-
sidered. The stereo system works fine in the ‘ma@st-up at the sweet spot, but fails at the

off-axis position. This precarious result may dgoassigned to the 3/2 surround system, since
it relies on stereophonic imaging.

$

The spatial properties of original and reproducedevfields can be analyzed by means
of multi-trace impulse responsed-¢iagrams). In this thesis, only the displayinggmbials of
the method are used, though a thorough spatiaysisails also possible (Berkhout et al.
1997a). Examples oft-diagrams have already been given in Figure 2.24aquae 5.2.

The measurement situation is again that of FiguBe, Sut without the dummy head.
The measurement microphone is displaced along dsbedl line (parallel to the front array
through position 1), where a set of impulse respsns acquired from both the two-channel
stereo and WFS systems reproducing direct souryd Asla reference, a simulation of the real
sources is provided as well.

The data sets for soureeare depicted in Figure 5.12. The simulation shawsngle
wave front crossing the measurement line meat8 ms. The stereo system produces two dis-
tinct wave fronts followed by ceiling and floor leftions from the reproduction room. The
delay between these wave fronts and their diresticdmnge along the measurement line,
thereby establishing different listening conditioat various positions. The WFS system
approaches the original wave front best. The cureatf the wave front is unique for a certain
source position, which in this case is precisetated at the true source position, which is out-
side the actual reproduction room.

The results for sourde (Figure 5.13) endorse the spatial superiorityhef WFS repro-
duction system. Apart from reflections of the refurction room, the wave front for this sys-
tem is identical to the simulated one (within trentbwidth given). Again, the stereo system

x{m) X (m) x(m)
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Figure 5.12 xt-diagrams for sourca. The bandwidth of the Gaussian wavelet is 0.5 kPiz.
a. Simulated real sourcb. Two-channel stereophong. Wave field synthesis.
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Figure 5.13 xt-diagrams for sourcle. The bandwidth of the Gaussian wavelet is 0.5 k2iz.
a. Simulated real sourcb. Two-channel stereophong. Wave field synthesis.

reproduces the simulated-ORTF signals, yielding twave fronts rather than one: the
responses of both loudspeakers can be recognizeddmately.

%

The sound intensity is a vector quantity defined as
[(r,t) = p(r,t) v(r,t), (5.3)

wherep is the sound pressure and the particle velocity at The time-averaged sound inten-
sity reads

1 T
lov = = p(Hv(Ddt, (5.4)
To

with T the period of averaging. The sound intensity amterpreted as the power flux through
a surface of unity area. For a monopole soureedirected radially. This property is useful to
determine the source direction in a sound fieldibhsence of other sources and reflections, the
source is located in the direction opposite to tat

In a reflective environment, the intensity is auteent of sound entering from all direc-
tions. If sound waves are entering equally strawgnfall directions, e.g. in a reverberation
chamber, the intensity approaches zero. Hencey aatue for || | is a necessary condition in
determining whether a sound field is diffis&ince the sound intensity depends on the
strength of the source, a better condition of difiuess can be derived from the reactivity
index, defined as the intensity level minus thensbpressure level:
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Le = L,—Lp [dB]. (5.5)

The reactivity index is zero for a source in theeffield, and negative in a diffuse field.

The sound intensity is measured on a grid in tpeoduction room, as depicted in Figure
5.14a. The measurement probe (Figure 5.14b) cerdisivo calibrated pressure microphones
separated by a 12 mm spacer. The probe is placg@éd point, pointing in th&-direction.
During 4 seconds of averaging,,, is measured, after which the probe is rotated miénu
towards thez-direction. The intensity vector is calculated mmposingly 5, andl, 5, in the
horizontal plane (Figure 5.14c). The vertical comgtl, 5, is not measured. The accuracy of
measurement is guaranteed only in the frequenaerbetween about 250 Hz and 5 kHz, due
to the finite-difference approximation used. All aserements presented here employ this fre-
quency range.
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Figure 5.14 a.Two sources andb are imaged by each of the reproduction systemsc8o is imaged only b
the WFS system by means of focusing. Intensity omeasents are carried out on a 7x9 grid. (Positiotus3 refe
to sound pressure measurements of Section 5t8.5he intensity probe (B&K 3545) determines the msigy a
the axis through both microphonesThe intensity vector in the horizontal plane isnpmsed of measureme
along two perpendicular axes at each grid point.

" Note that | | = 0 is not a sufficient condition: it only regesrthat sound waves entering from opposite direc-
tions should cancel (e.g. two equal plane waveslirag in opposite directions yield | = 0, but are not dif-
fuse). Caution is therefore needed in interpreliingvalues of sound intensity as a proof of diffusss.
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The intensity distributions of direct sound, eadflections and reverberation are investi-
gated separately for two-channel stereophony, @snd and WFES. The imaging technique
for direct sound for the 3/2 system is purely sipr®nic (‘2/0’), as in the previous section. An
extension towards 2/2 surround is used for eaflggons and reverberation. So again, the
center loudspeaker is not incorporated.

The results for the direct sound from souacare shown in Figure 5.15. The intensity
vectors are drawn at each grid point. The lengtmnadirrow is a measure for the intensity level,
as indicated below each plot by the extrema medsérg. ‘76 dB (max)’ means that 76 dB is
the maximum value ofl|| in this plot. Comparison of both reproduced istgndistributions
with the simulated distribution learns that the W8yStem is closer to the ideal situation. A
few disturbances are probably caused by refleciitize reproduction room.

For sourcé in Figure 5.16, the distribution for the sterestsyn using the ORTF-pair is
dominated by the left-hand loudspeaker, which pcedua signal power that is 7 dB higher
than that of the right-hand one. The directionh&f intensity vectors at the rear end of the lis-
tening area is hardly influenced by this poweret#ihce. The results for the WFES system also
show deviations in the rear part of the listeningaathough much smaller than those of the
stereo system. These artefacts can be ascribdxd tdetactivation of the rear left-hand array
bar, which has been motivated by economical rea@aesFigure 4.15).

Instead of simulating real sourcethe response of a loudspeaker at this positiomeia-
sured (Figure 5.17a). This source can only be cepred by the WFS system. Not surprisingly,
the direction of the intensity vectors in the dpeéween focus and contributing arrays is oppo-
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Figure 5.15 Intensity vectors for the direct sound of sousc®nly theactiveloudspeakers and arrays are dr:
a. Simulated real sourck. Two-channel stereophong. Wave field synthesis.
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site to that of the real source. At the focus figbk resultant intensity vector is directed away

from the contributing arrays. At some distance advayn the focus, the vector field for the
WEFS system is similar to the ideal field.

Figure 5.16 Intensity vectors for the direct sound of sousc®nly theactiveloudspeakers and arrays are dr:
a. Simulated real sourck. Two-channel stereophong. Wave field synthesis.
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Figure 5.17 Intensity vectors for the direct sound of sourc®nly theactivearrays are drawn.
a. Real source (measured response of a loudspeatkés absition)b. Wave field synthesis.
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&

The early reflections of sourdeare modeled in the following manner. A simple wat
hall with a reasonable number of early lateralewfbns is designed, see Figure 5.18. The
arrival times of the first twelve reflected wavdiss{ and second order) vary between 20 and
120 ms. The two-channel stereo system uses an QRifFat the centerx) to image these
reflections. The 2/2 surround system employs anO&Tartet (see Figure 1.20b) at this posi-
tion. The WFS system reproduces the reflectionsbgins of virtual mirror sources.

In interpreting and comparing the energy flows, Begire 5.19, some anomalies attract
attention. The pattern for the stereo system ig senilar to that for the monophonic situation
of sourcea, shown in Figure 5.15b. Obviously, the tempomaéfstructure of the loudspeaker
signals is lost in the results during averagingiy ehe total sound power remains, which is
more or less the same for both loudspeakers irsituiation. These measurements confirm the
lack of envelopment in stereophony: all sound posveers from the front.

The influence of the surround loudspeakers on #dutov pattern is marginal, but clearly
visible (Figure 5.19b). Indeed, the rear loudspesakee radiating about 3 dB less energy than
the front ones, for this particular hall model ardbient microphone technique. Most impor-
tant however, is that lateral sound energy is migsi this configuration.

For the WFS system, the ‘flow’ of the intensity ta@s can be understood by regarding
the concentrations of mirror sources around thayarThe highest power is generated by both
virtual mirror sources near the front left-handrear because they are closest to the listening
area. Other groups of mirror sources assert théirance to a lesser degree. In this reproduc-
tion method, the lateral reflections are truly dest from the sides.

Figure 5.18 Mirror sourcesd) from sourceb (*) as a consequence of a large hall (thick linekg fiectangul:
array configuration is drawn to the same scale.afmorption coefficient of the rear wall is 0.5,ilelit is 0.2 fo
the other walls.
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Figure 5.19 Intensity vectors for the early reflections fronuszeb.
a. Two-channel stereophonly. 2/2 Surround system. Wave field synthesis.

The reverberation is reproduced as follows. Twadtaligeverberation unitssupplied
four highly uncorrelated reverberant signals, whidtve no particular relation to the hall-
model used for the early reflections. For the steyestem, two of these signals were fed to the
loudspeakers. The 2/2 surround system and the W§i8rs received four signals each. The
WFS system synthesized four plane waves, from itteettbns +45° and #135° (front direc-
tion: 0°). The results are shown Figure 5.20. Tewerberation from the stereo system isen-
tirely reproduced from the front. The four channalghe 2/2 system and WFS system disturb
this regular pattern.

As a qualification for the diffuseness of the rderant sound fields, the reactivity index
is calculated for these data as well. From the tesls of Figure 5.21 it is clear that the stereo
system produces only very low diffuseness, avetaph = —-3.4 dB. The 2/2 system is able
to create low reactivity at the sweet spot, butrrilea corners it is less: the average reactivity
index across the listening area is —8.0 dB. liss &teresting to realize that if a center loud-
speaker with a reverberant signal is added, thumsihg a 3/2 surround system, the conditions
for diffuseness worsen due to the breaking of sytrynkn this configuration (not shown), an
average of —7.4 dB has been measured. The regcteiasured for the WFS system is spread
more evenly across a large area, yieldipg- —9.7 dB on the average. This large listening are
is a benefit of reproducing four plane waves ingtefusing four individual loudspeakers.

" TC Electronic M2000; modified preset ‘Warm MidSizedll’ with reverberation time 1.8 s.
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Figure 5.20 Intensity vectors for reverberation.
a. Two-channel stereophonly. 2/2 Surround systena. Wave field synthesis.

Figure 5.21 Reactivity distribution for reverberation.
a. Two-channel stereophonly. 2/2 Surround systena. Wave field synthesis.

Whether low reactivity really indicates high difergess or not, depends on the angular
spread of incident sound waves: a large number afe®, arranged in oppositely directed
pairs, will produce a diffuse field. In the curreqpialification of the 2/2 surround system and
WEFS system, chances were equal because both systepieyed four uncorrelated signals.
Though this number is restricted by the numbeoafispeakers for the 2/2 system, it can be
increased easily for the WFS system by adjustiegstiftware. By applying appropriate delays
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to the available reverberant signals, a much higherber of perceptually uncorrelated waves
can be created. Maat (1997) found that with thegmehorizontal reproduction array, no more
than ten uncorrelated plane waves were necessargate a perceptually diffuse sound field
for trained subjects. For less-trained subjectsaeet number of plane waves sufficed.

Together with the intensity data of the previoustisa, the time-averaged sound pres-
sure levels at the grid points have been colleictdd3-octave bands. A selection of these data
has been made to illustrate some typical spectréh@oreproduction of direct sound by two-
channel stereophony and WFS. These typical respargemeasured at three adjacent grid
points close to the stereophonic sweet spot. Thelof the positions is based on the consid-
eration that stereophonic reproduction suffers fcmmb-filter effects, which depend on the
listening position with respect to the sweet s@@#dtion 1.6.4). In anechoic circumstances,
such dips can easily be perceived as coloratioa.r&flective environment, the spectral distor-
tion is usually masked by early reflections thaivarwithin the integration time of the audi-
tory system. Though in the present measurementsonigt early, but also later arriving
reflections are included in averaging, the spectrifience of the latter can be neglected as
they possess much less strength. Therefore, theumsghspectra can be regarded to be signifi-
cant in determining whether there will be big diffieces in sound color perceived at these
positions. It will be interesting to compare th&eatences for stereophony with those for the
WES system.

Figure 5.22 Frequency responses of the direct sound of saymeeasured at positions 1 (thick line), 2 (da:
line) and 3 (thin line) as defined in Figure 5.1d4aTwo-channel stereophonly. Wave field synthesis.
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Figure 5.23 Frequency responses of the direct sound of sdyngeeasured at positions 1 (thick line), 2 (da:
line) and 3 (thin line) as defined in Figure 5.1d4aTwo-channel stereophonly. Wave field synthesis.

Figure 5.22 shows the 1/3-octave band spectraeofdproduced direct sound of source
a, measured at the grid points marked 1, 2 andR3guare 5.14a. Except for some bigger differ-
ences at frequenciegs500 Hz , the spread of the thre¢rapsaevithin £2 dB for both repro-
duction systems. For sourbgsee Figure 5.23, the spread of the responséghdi\slarger (+
3 dB), but again both reproduction methods prodiceparable results. Similar observations
were made at many other grid points, which justiftee conclusion that the frequency
responses of both systems, measured in 1/3-octandspare equally robust in a large listening
area.

%

Frequency responses of virtual sources at diffedestances from the array have been
measured. The sound pressure levels of virtuakesuat some distance from the arrays obey
the Ir-law. However, close to the arrays (< 1 m) theldw does not hold due to the use of lin-
ear arrays instead of planar arrays.

The effect of spatial aliasing for focused and facused virtual sources appear in dif-
ferent regions of the synthesized wave field fathetype of source. This result, that can be
explained in terms of wave field reconstructionydias the frequency response of focused
sources near the central axis of its wave fielét 3tund pressure levels in the focal area reveal
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a steep maximum along a line parallel to the arsalevel difference of 18 dB is measured
between two positions 0.5 meter apart, which sdcordance with theory.

The wave field synthesis (WFS) system is comparngd two-channel stereophony and
3/2 surround sound. The image directions, as pexiby these systems, are qualified by inter-
preting the interaural time and sound pressurd tfferences measured at a dummy head. As
expected, the results for stereophonic imaging wiépman the listening position, in contrast
with the WFS system which creates a large listeaiag.

A second qualification technique, multi-trace ingmilresponses, illustrates the spatial
properties of the reproduced wave field. The WFSesy produces wave fronts that are copies
of the original ones, while with stereophonic immagthe separate contributions of both loud-
speakers remain.

This is confirmed by a third qualification technegguntensity vector measurements. Also
the distribution of early reflections has been algaed by this technique. Though adding sur-
round loudspeakers to two-channel stereophony dlrgaeatly progressed the imaging of
reflections, a clear lack of incident sound enestiy remains to the sides. The advantage of
the WFS system in this aspect is that sound car®duced from all around the listening
area. This system also possesses the capabilitieeating a diffuse reverberant field in a
large listening area. With the 2/2 system, onlyoapsolution is offered, while two-channel
stereophony cannot generate a diffuse field at all.

Finally, the sound pressure levels of reproduceectisound have been collected in 1/3-
octave bands. The spectra for stereophony and VBF®tddepend strongly on the position of
measurement. The 1/3-octave band spectra for lgstaras are of comparable smoothness.
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The imaging capabilities of wave field synthesie arvestigated perceptually in two
ways: by localization experiments of virtual sowcand by a listening test in which wave
field synthesis is compared directly to two-chanstdreophony and 3/2 surround sound.
Through localization experiments it is attemptegtove that wave field synthesis is able to
reproduce sources at correct positions. The cortipaiestening tests were carried out to indi-
cate roughly whether the newly-built system is sigoeto the other systems concerning
robustness, flexibility and quality.

The localization of virtual sources was comparedh® localization of real sources in
two sessions of subjective listening tests. Tha Bession (A) investigated the localization of
virtual sourcedehindthe loudspeaker array, while the second sessipr€BIt with virtual
sourcedn front of the array. In these experiments, only directidredring in the horizontal
plane was considered. The array consisted of 2tbmrubuilt electrodynamic loudspeakers
(Vifa M-110 4" drivers withDx = 11 cm) described by Vogel (1993) — the new rdpotion
system was not available yet at the time of thepem@ments.

A map of the situation is drawn in Figure 6.1. Tiseener was seated at a distance of 3 m
from the array (with numbered loudspeakers), and fs@e to move his head. The virtual

137
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Figure 6.1 Situation map for both of the localization expenittse The origin of the coordinate system is a
middle of the array. The 20° azimuth is relevantiie understanding of effective aperture effestexplained i
the text.

sources were synthesized either at 2 m behindrthg ar at 1 m in front of the array. The real

sources were produced by single array loudspeak@v® dummy loudspeakers were

appended to either side of the array to avoid bjamited choice. In this way, the angular

spacing of the loudspeakers varied from 1.6° aetiges to 2.1° in the middle of the array.
Basically, the set-up and data processing methodhfs source-identification experi-

ment is taken from Hartmann (1983). He investigdltedinfluence of room reflections on the

localization of sound sources with the aid of eilghidspeakers placed 4° apart at 12 m from

the subject. The results can be described by sit flegee important statistical quantitiesMis

the number of trials per sourcg,the stimulus direction ang the response direction for trial

i, then the rms error for sourkés defined as

102
D) = (R(K-S(kK)'M . (6.1a)

The mean response of a certain subject for sduisgiven by

R(K = R(K) oM. (6.1b)

The standard deviation for sourkcequals
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12
s( = [R(-RKI>eM (6.1c)

It can be meaningful to averab¢k) ands(k) across sourcds Then, these quantities are written
asD ands, respectively. Statistic quantities averaged acsobjects are notated as <...>.

Because the tested parameters differed between daqtbriments, their set-up is
described in more detail in separate sections.

The test series were carried out in an anechoimy@md repeated in the reproduction
room (Section 4.3.2). In the latter room, thaxis of Figure 6.1 was parallel to the side walls.
The array was placed about 1.5 m from the front,vaald directed toward the rear wall.

Frozen white noise bursts with a duration of 15@0were used as stimuli. Attack tran-
sients were avoided by rise and decay durations5oms. After each stimulus there was a
pause of 5 seconds. The input signals were comiezhéar the average on-axis response of
the loudspeakers (similar as mentioned in Secti8)i resulting in a nearly flat spectrum in
the range from 100 Hz to 16 kHz. The array wasregpwith a cosine-window over the outer
3 loudspeakers, in order to diminish truncatioe&s.

Position of the virtual sourcélhere were 13 fixed virtual source positions distance
of 2 m behind the array, ranging frone= —3 m tox = 3 m in steps of 0.5 m. The outer positions
were expected to be difficult to localize because gubject’s position was outside the recon-
struction area for these virtual sources (as ddfind-igure 2.18).

The spacingx of the loudspeakergwo spacings of the loudspeakers were programed:
Dx = 11 cm andx = 22 cm. The latter was obtained by addressingralteng speakers, leav-
ing the total array length unchanged.

These parameters were varied during one experiinentaThere were two trials per
source direction. In a separate run, also sixgeaices were presented. The subjects were not
informed of the special nature of this run. Tenjscis participated, all males aged 20 to 30
years without hearing complaints.

#$

The subjects were asked to estimate the direcfitimecsound by writing down the num-
ber of the loudspeaker closest to that direction.
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%

The individual responsdg (k) of one subject are plotted in Figure 6.2; thedslnhe re-
presents the true stimulus direction. The respoimse®ntral stimulus directions —205< 20°
are close to the true directions, but they deviate|S|>20°. The same trend is visible in
responsesR(K)>, which are averaged across trials and subjectsigthmot across source
directionsk), see Figure 6.3. Evidently the outer three virimairces are localized close to the
edges of the array. The anechoic and reproductiommresponses, as well as the two tested
spacingsDx, give similar results. Whether these parameters laasgnificant influence on
localization or not, is investigated by lookingtla¢ averages across all sources and subjects.

Figure 6.4a shows the mean and standard deviamoss all subjects of statisi the
rms discrepancy between the response and truetidivenf the (virtual or real) source. The
outer three virtual sources at either side of tiayaare excluded here, because these sources
were only intended for investigating the finite gpee of the array. In comparing the anechoic
and reproduction room results, a little deterianatis noticed for both real sources and virtual
sources in the reflective environment. A similaieef is reported by Hartmann (1983), who
also studied the localization of broadband noisewst without attack transients. Furthermore,
the differences in B> for the virtual sources witBx = 11 cm andx = 22 cm are small but
significant (68% confidence):B5, anechD11,anect? = 0.7 % 0.4° and Byy reprD11 repr™ =
0.4 £0.3°.

The reproduction-room results for the virtual asdlrsources should be compared with
some care, because the real sources were cloiee subject than the virtual sources were
The localization of real sources can be expectedldisen with increasing distance, because
the relative strength of the reflections increagémswvever, this rule does not necessarily hold
for virtual sources, because here the reflectiagtepas depend not only on the position of the
virtual sources, but also on the position and diveg of the array. Therefore, the influence of
the distance is an unknown factor in comparingeghedual and real sources.

The rms erroD includes a certain bias, because it is not caedlaith respect to the
mean response, but with respect to the real sadireetion. The minimum audible angle
(MAA) can be related t® for zero bias (Hartmann 1983). For this purpoaéstics is intro-
duced: by comparing definitions (6.1c) and (6.1aan be seen thBX=sif the mean response
R matches the true source direct@n.e. if no bias is present. Wherdagan be interpreted as
the accuracy of localization, the standard dewiesitcs a measure for the internal blur: if the
subject is consistent in his responses (becauaehah perceptual resolutiorg will be low.

On the contrary, a large value frorresponds with a large spread in responsesré=gjdb
gives the mean values sfor the same data as Figure 6.4a. The differest@den the results
for the virtual sources with differefx are significant in anechoic circumstanceS,<neci
S11.anect = 0.4 = 0.3°, but negligible in the listening no

" The positions of the virtual sources could notdleh up by the real sources in this experimenguse the
former were synthesized outside the listening room.
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Figure 6.2 ResponseR;(k) of subject PvT for anechoic room (left) and refurction room (right).
a. Virtual sources, wittbx = 11 cm.

b. Virtual sources, witlbx = 22 cm.

c. Real sources.
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Figure 6.3 Mean responsesRk)> across all trials and subjects for anechoic rgleft) and reproduction roc
(right). The error bars are have a width of twisgk¥>.

a. Virtual sources, witlbx = 11 cm.

b. Virtual sources, witlbx = 22 cm.

c. Real sources.
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Figure 6.4 Mean results across sources and subjects, foavstwrcesx = 11 andDx = 22 cm) and real sourc
a. Mean rms error B>.
b. Mean standard deviatiorsx<
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The bending of the response curve in Figures 6c26aB for azimuths greater than 20°
gives rise to a rule in wave field synthesis, stathat no source can be localized in a direction
were no loudspeaker is active. In other words, ltftener perceives the space of virtual
sources through an acoustic window: the array. $pace is restricted by two lines of sight

from the listener to positions near the edges efatnay (dashed lines in Figure 6.1).

Start (1997) was able to compare the standard titmvies> and the MAA measured for
virtual sources, by re-analyzing similar sourcenttfecation experiments from Vogel (1993)
and using his own results for the MAA. Since Vodiel not apply the spacirgx = 22 cm nor
did he use real sources, only a comparison of itteal source results fadx = 11 cm was pos-
sible. The present work completes this comparig@nechoic results, shown in Table 6.1.

Table 6.1 Comparison of localization experiments in aneclogicumstances.

<s> (Verheijen) MAA (Start) <s> (Vogel)
real sources 0.96 + 0.18° 0.79 + 0.09°
virtual sourcesPx = 11 cm 0.94 + 0.10° 0.77 £0.11° 1.1 +£0.19
virtual sourcesPx = 22 cm 1.37 £ 0.29° 1.57 £ 0.23°
stimulus type white noise white noise pink noise
bandwidth 0.1to 16 kHz 0.1to 8 kHz 0.1to 8 kiHz
subjects x trials 10x14 3x300 3x60
array length 2.7m 54m 54m
experiment in situ KEMAR recording$ in situ
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The results support the arguments of Hartmann (1888 the value for the MAA and
the value for s are of the same order. In addition, it can bechated that an increased spac-
ing between the loudspeakers causes an increasat&tion blur. There is no significant dif-
ference in localization blur between real sourges\artual sources witbx = 11 cm.

C ¢

The test series were carried out in an anechoit raaly.

Random pink noise bursts with a duration of 2 sdsamere used as stimuli. The abrupt
edges of the stimuli provided additional localipatcues. It was considered that in their local-
ization properties, such stimuli are closer to speand (rhythmic) music than are cosine-win-
dowed stimuli. A pause of 2 seconds followed edrrhudus. Due to hardware limitations, the
correction factor./kg from driving function (2.29b) svanot implemented here, which
emphasizes the low frequencies. The array wasddpmrer the outer 4 loudspeakers with a
cosine-window to diminish truncation effects. A-aidt filter at 16 kHz limited the bandwidth.

Position of the virtual sourcélhere were 25 fixed virtual source positions distance
of 1 m in front of the array, at azimuthal intevalf 2°. The outer virtual sources were
expected to be difficult to localize, because tasyinfluenced by array truncation effects.

The bandwidth of the stimuluBhe aliased waves of focused sources travel abieid
actual wave fronts. The aliased waves that ar@rkest are radiated from the outermost array
elements (see Figure 5.4b). It was expected thaheous localization would appear, if only
frequencies above the aliasing frequency were mediuTo investigate this, the experiment
was repeated with high-pass filtered stimuk-@ kHz).

Position of the subjecBesides the base position &tZ) = (0,3), see Figure 6.1, also a
position at (—13) was used. Here, only the broadband virtual ssuwere presented.

In one run, each virtual source was presentedtio@s at random. Two subjects partici-
pated, doing each run twice, thus yielding eigiaigrper source. In a separate run at the base
position, also 24 real sources (the array loudsprsakvere produced, with both broadband
and high-pass filtered signals.

#$

The subjects were asked to estimate the directitimecsound by writing down the num-
ber of the loudspeaker closest to that direction.
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The individual responseR(k) of both subjects are depicted in Figure 6.5;sbkd line
represents the true direction. For the virtual sesy a localization aperture seems to be in
effect for about §|< 18°. This is a bit less than the aperture in expwlich is probably a
result of the wider taper applied in this experiméso, a clear bias for virtual as well as for
real sources is present in the results of subjdcil@e results for the high-pass filtered stimuli
do not deviate significantly from the broadbanditess Apparently, the localization task is not
hindered by the (first-arriving) aliased waves frtme outer loudspeakers. Because the dense
aliasing tail does not exceed a few millisecondsngegration mechanism in the auditory sys-
tem may be held responsible for the reasonableracgof localization for these focused
sources. The response function for the virtual s®airs, however, not as regular as for the real
sources. This regularity can be expressed by tteaiicorrelation coefficient being better
than 0.999 for the real sources and ranging fr@d@Dto 0.993 for the virtual sources (within
the aperture).

The responses for the listening position at 8}1are shown in Figure 6.6. At this posi-
tion, the outermost active loudspeaker is at 38flleathe bending of the response function
starts already at about 30°. Like for virtual sestehindthe array, the effective acoustic win-
dow is smaller than the array width.

Figure 6.7 summarizes the statistical parameterthefexperiment (only for the base
position of the subject). The differences in rmscdépancyD and response standard deviation
s between virtual and real sources are significarlli cases considered. However, a localiza-
tion accuracy of less than 5° and a localizatiam bf less than 2° is still a good result for the
virtual sources.

) '

Due to the large bias for one of both subjectspeement B, it is awkward to compare
<D> for sourcesehind(exp. A) andn front of (exp. B) the arrays. The result a&<for real
sources, however, is approximately equal in bothegrent sessions. Therefore it is also
allowed to compare the results ab<for the broadbandirtual sources synthesized at either
side of the array (Table 6.2), though some resarireorder here because of the small number
of subjects in exp. B. The response standard deniédr focused virtual sources is about 80%
greater than for non-focused sources. In an alesgleise, however, there is less difference
than 1°.

Table 6.2 Comparison of response standard deviation betwegerienent A and B.

<s> exp. A exp. B

real sources (°) 0.96 £ 0.18 1.08 £ 0.08

virtual sources (°) | 0.94 +0.10 1.71+£0.08
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Figure 6.5 a.ResponseB(k) for virtual sources with broadband stimuli.
b. Responses for virtual sources with highpass-étgp> 2 kHz) stimuli.
c. Responses for real sources with broadband stimuli.
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Figure 6.6 Virtual source respons&gk) with broadband stimuli for the off-center listegiposition , 2) = (-1,3)

subject GJ subject EV subiect GJ subiect EV
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broad- >2 kHz broad- >2 kHz broad- >2 kHz broad-
a. band band b. band band >2 kHz

Figure 6.7 a.The mean rms errd for virtual (gray bars) and real sources (whitesha
b. The mean standard deviatisfor virtual and real sources.
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Besides the direction of the source, the apparstdrtte of the source is also an impor-
tant factor in sound reproduction. In contrast wdittectional hearing, depth perception is a rel-
ative sensation with many sources active at theestimne. In case of the absence of other
sources, the perceived distance depends largetlyeoloudness of the source, but also on the
subject’'s familiarity with the source signal (Blaud983). The distance control of virtual
sources in the wave field synthesis system, agpacated in the synthesis operator (Section
5.2.2), is therefore not the only significant facito distance judgements. Moreover, the dis-
tance resolution of the human auditory systemtiserapoor. This is confirmed by subjective
experiments of Start et. al. (1997), who evaludhexddistance perception of real and virtual
sources in an auditorium. The subjects, seated #5mstage, were asked to judge the depth
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level of the sources out of three possible depthlée 2 m apart. For the real sources, 49% of
the responses was correct, while for the virtuatses (behind an array installed at 15 m from
the subjects) only 40% of the responses was coiBeth results are not impressively accu-
rate, though they are above chance (33%).

For sources closer than about 1 m to the subjeet,spectral influence of the head
becomes an important cue for distance estimati&rgeriments of Komiyama et al. (1992)
suggest that focused sources provide these cugsvelt A planar array, consisting of loud-
speakers arranged in concentric circles, was userkate focal points on the axis perpendicu-
lar to the array, by applying ‘appropriate delagds’ to the loudspeaker signals in each circle.
The experimental set-up was assessed empiricalblymathematical background is given. The
purpose of the experiments was to find out whetthermpparent distance of the sound images
can be controlled with this array configuration.eTresults of their subjective experiments
showed that a stable image can be localized nedotal point, even if the sound level of the
focused source was less than that of a referencisp@aker at the same distance as the focus.

With a linear loudspeaker array instead of a plameay, the geometrical properties of
the wave field are different. In informal tests lwithe laboratory demonstration system it
appeared that the spectral cues of focused soareetess pronounced than those of real
sources. However, if the listener is allowed to kvawards the focused source, a sense of
presence is clearly felt. During many demonstratiaith unexperienced as well as experi-
enced listeners, with a saxophone recording bdyged back as a focused source, the listen-
ers found the focus effortlessly. The feature afcplig a soloist in front of the array is also
utilized in one of the programs that serve asrtegterial in the next section.

) +

In this section, an attempt is made to qualify l#imratory wave field synthesis (WFS)
system subjectively in comparison to two-channetesiphony and 3/2 surround sound. The
previous chapter already investigated the shapkeoivave fronts, reflective energy distribu-
tion, reactivity index and frequency characterstt these reproduction systems. The purpose
of the tests in this section is to find subjectirferences that are related to the reproduction
method used by these systems.

The difficulty in judging different sound reprodigt systems is how to set up a test in
which only properties of the system’s concept ammgared. The influence of program mate-
rial, the way of recording and mixing, differendassystem hardware (loudspeakers, ADCs,
etc.) and the placement of loudspeakers must etlydes minimized. In spite of all effort done
to set up a fair comparison, it should be realitteat the results will certainly be biased by
unwanted side-effects. Therefore, only large andoats differences can be revealed by such a
test.
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Instead of regarding many subjective criteria safgdy, only three global criteria are
considered:

1. Flexibility is a system property that allows the user to cotiie image.

2. Robustnessrefers to the stability of the image as experidnaiedifferent locations in the
listening area.

3. Quality is a global indication that refers to the spaa®ss and naturalness of the image.

The criterion of flexibility is added because itisiovelty of the WFS system made pos-
sible by its need of the bare microphone chanreisuts (Figure 4.3). Since stereo and 3/2
surround systems receive and playback the downmectty, it is awkward to demonstrate
this property for these systems.

It is reasoned that for this comparison a relayisehall number of subjects suffices, pro-
vided that they agree unanimously on their findifgyeferably, the subjects must be able to
discriminate between concept-related and progrdatec differences in test material. This
requires a group of experienced listeners who ageanted with each of the reproduction
systems under investigation. Therefore, the boaatl discussed the results of this research
project twice a year, was invited for the test. &ptahe secretary, all of them were profession-
ally involved in sound reproduction and/or acoisstithose members of the board that were
connected to the research group, were excludedjirdgements. The participants were:

< aconservatory lecturer of recording engineering;

e asenior recording engineer of a record company;

e aconsumer (the secretary of the board);

« a professor of perceptual acoustics;

* two acoustic researchers of a multinational etests company.
Except the senior recording engineer, all hadnsteto the WFS system before. Four of them
are professionally involved in 3/2 surround. Allmmgers are experienced stereo listeners.

/.

Four music programs with a large difference in roaisexpression were selected (see
also Appendix B):
I. Violin concert in E Minor of Mendelssohn, firs@ Ininutes;
Il. Second Symphony of Mahler, first 4 minutes of first movement;
Ill. Conception of George Shearing (jazz), 5 minutes

IV. Overture of the Concert after Vivaldi; arranded saxophones, 3 minutes.
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The multi-track tapes of these unreleased recosdimgre mixed for each of the repro-
duction systems by a graduate student who gainextaeyears of experience in stereophonic
mixing for a broadcasting corporation. His acquamee with the 3/2 and WFS system was
much less, but after intensive practicing a farelevas obtained. His task was to strive for a
sound image that was virtually the same for eastesy, without favoring one above the other.
The equalizers on the mixing console were not uBkd.mixed material was taped on a digital
multi-track recorder in such a way that it couldrbproduced synchronously for each system.
The number of channels of the downmix was two fereophony, five for 3/2 surround and
eight for WES (four virtual sources and four plaveeves). The employed bandwidth is 22 kHz
for stereo and 3/2 surround, and 16 kHz for the \W¥3em. Documentation of the recording
and mixing sessions is provided in Appendix B.

The position of all loudspeakers during mixing aesting is depicted in Figure 5.7. The
rear channels of the 3/2 downmix were delayed 2onagcount for the smaller distance of the
rear loudspeakers to the sweet spot. The expem@mesianding in the rear right-hand corner
next to the mixing console, was able to switchallyebetween the reproduction systems.

#

Before entering the reproduction room, the paréioig received a short instruction to
inform them of the test procedure and criteriauolgement. The participants attended the test
together, but were urged not to talk during thésteBhey were encouraged to walk about the
listening room, though not to approach the loudspeacloser than 0.5 m. The music pro-
grams were reproduced in the order shown abovefil@igiece of music was played twice.
During the first play, the listeners could becoramiliar with all audible differences between
the three reproduction systems. After that, theearpenter switched at will between each sys-
tem, thereby calling the name of the system thatjust activated.

The experimenter demonstrated the flexibility oé W#WFS system by changing the
source positions and the ambience of program I second play. Initially, the sources were
moved far-away from their original positions, whtlee reverberation lasted. After that, the
four sources were focused just in front of the eosrof the array and the reverberant signals
were turned off, leaving a ‘dry’ atmosphere.

The participants were asked to write down theidifugs in a table. These quickly written
notes served as an aid of memory for the actudliatran that took place in a meeting room
immediately after the test. There, the participamse asked one by one to comment on the
performance of the reproduction systems.

))

Consensus was found among the participants orotlosvfng topics:

Though coloration was not a criterion by itselfvesal participants responded spontane-
ously that the differences in coloration betwees slistems were clearly audible, especially
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between WFS on the one hand and both stereo arsliBund on the other. Probably, these
differences are caused by the different type otlépeakers used for WFS. Presumably also
spatial aliasing plays a role in the colorationridefar the WFS system. It is noted that both

these causes are hardware-relatdtivertheless, it was agreed that the coloratifferdnces

did not obstruct a comparison based on the critistied hereafter.

0

The demonstrated flexibility of the WFS system (eon 1V) is appreciated as ‘obvi-
ous’ and ‘beautiful’. It is considered that thetftea of repositioning sources and changing
acoustics is not only an important tool in postearction mixing, but also very interesting for
non-professional users.

%

On the average, sources reproduced by the WFSnsyate found stabler than those
reproduced with 3/2 surround. The stereo imagledddast robust. An exception to this rule is
the Mahler concert (Il), in which some instrumeaits less stable in WFS as perceived at the
sides. In program IV, the WFS system was far mobeist than the others.

1

The WES system reproduces an image with much nmepthdhan the other systems do.
Generally, also the spatial impression createdhiy $ystem is appreciated above that of
others. Especially the live atmosphere (rumble amtience noise) just before the start of the
violin concert (1) and the applause after the aag (I11) is considered very convincing. How-
ever, the symphony orchestras (I and Il) appedreta bit detached in WFS. This feeling of
distance is probably due to the mixing of the ostts program material, because, on the con-
trary, the image of the jazz vocalist (lll) seerase almost touchable in WFS. This may be
caused by the fact that her image is placed it wbthe arrays: while approaching this image,
its sound level increases in a realistic mannee iftlage of the saxophones (IV) in WFS is
also unequaled in naturalness by the other systems.

Many additional comments were reported, but moshe$e can be ascribed to personal
preference concerning ambience, depth and bal&efging the mix would probably satisfy
some of the respondents, but it would again dsfyatithers. Consensus was only reached on
the opinions reported above.

Some of the other comments are mentioned herdustrdte the spread in personal
appreciation or professional approach of the redeots. Both recording engineers criticized
the strength of the spot microphone signals, ottviihe prominent use is held responsible for
a ‘double ambience’, in some programs of the stareb WFS system. One of them disap-
proved of the ‘over-acoustical detachment’ of WRShe orchestral programs (I and Il); the

) High quality array elements with higher directiv{§yection 3.3) are proposed for reduction of cdiora
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other admired the natural sound of the WFS syst¥ou can't hear the loudspeakers any
more.’ The latter also criticizes most of the 3freaund mixes, in which ‘the center channel is
confusing the image too much’. Other respondersdt share this opinion.

&

For the Mahler program (1l), the stability of theR® sources is appreciated better in the
middle than at the sides of the listening areas T$caused by the conflicting use of spot and
main microphone signals. The spot microphones tsgra fed to a limited number of virtual
sources, while the main microphones signals, tlsat @ontain the direct sound of the spotted
sources, are fed to virtual loudspeakers. In thadhaiof the listening area, the evoked images
coincide, but at the sides the virtual stereo imeg&pses, while the virtual sources persist.
Though the use of the main microphones signals doegrovide an optimal reproduction
quality here, it permits a considerable reductibeaurce signals and transmission channels.

A much better performance is obtained with the parne quartet (IV). Because of the
small number of sources, each source could be dedaseparately. The crosstalk was kept
within bounds by minimizing the distance of thetspicrophones to the sources. The ambient
waves from the front direction were provided byhtyguncorrelated signals with a small
direct/reverberation ratio. In this way, the poksidonflicting images were avoided.

* 4+

The localization experiments confirm that the laztion of virtual sources behind the
array is as good as the localization of real saurlfehe loudspeaker spacing of the arrays is
doubled to 22 cm, or if sources are focused intfofrihe arrays, a deterioration is observed,
but the distortion is still small in an absolutese. The localization blur for virtual sources is
of the same order of magnitude as that for reaicasu

From a subjective comparison of two-channel sterenyp, 3/2 surround sound and wave
field synthesis, it appears that the wave fieldlsgsis system is able to create a spatial impres-
sion that is appreciated above that of the oth&is, the flexibility of placing sources and
changing ambience in this system is considered pesitive. The wave field synthesis system
is more robust than the other systems, especfathpsstalk is minimized during recording.

While stereophonic recording can appeal to fiftargeof experience, the development of
recording for wave field synthesis has only jusjloe Major improvements can be expected
from microphone and signal processing techniquas d@he able to decompose sound fields
into direct sound, reflections and reverberatiohisTwill greatly benefit the flexibility and
quality of sound reproduction.
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Sound reproduction comprises the recording, storage playback of sound (esp.
music). Since the 1950s, sound reproduction is ndiased on stereophonic techniques. In
two-channel stereophony, the sound is recorded avigair ofmain microphoneglaced in
front of the source area (e.g. a symphony orchesf@parate sound sources or groups of
sound sources are often recordedspgt microphoneas well. These signals are mixed with
those of the main pair, and are reproduced by buddpeakers. A listener seated midway in
front of these loudspeakers, perceives a sounddrsiagjlar to that of the original sources con-
cerning color, depth and balance. A listener seatiedenter experiences a spatially distorted
sound image, that inclines to the nearest loudsgedkus, the listening area for stereophonic
reproduction is restricted to a few seats midwayben both loudspeakers.

In this thesis a new method of sound reproductodeiscribed, based on the theory of
wave field synthesighrough the use @frrays of loudspeakers, driven by processed copies of
the source signals, it is possible to synthesizeeviieonts that are almost identical to those of
the original sound sources. Hence, this methodepfaduction offers a volume-solution,
instead of the point-solution of conventional refarction methods.

The processing of the original source signals iseday thesynthesis operatokvhich is
derived from the Kirchhoff-Helmholtz wave field mgsentation. This theory describes the dis-
tribution of the pressure and particle velocity arlosed surface as a consequence of (pri-
mary) sources outside the enclosed volume. Ifsbigace (of arbitrary shape) is filled with
secondary dipole and monopole sources, theorsatiaglerfect copy of the primary wave field
can be obtained inside the enclosure. For the alpgeometry of a planar distribution of sec-
ondary sources, Rayleigh’s integrals apply. Theth the primary sources behind that plane,
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either monopoles or dipoles suffice to generatepy of the primary wave field in front of that
plane. In practice, planar arrays of loudspeakssqndary sources) can be used to synthesize
virtual sourcegq(primary sources). Another geometrical simplificatis allowed if the virtual
sources as well as the listeners are present anizontal plane. In that case, a horizontal line
array of loudspeakers suffices. By means of fogusachniques it is also possible to create
sound sources in front of the loudspeakers: theness will then perceive a source at the
acoustic focus.

Because of the finite distance between adjacemisipeakers of the array, there will be
spectral deviations above a certain frequency enréproduced wave field: effects gatial
aliasing From theory it arises that the synthesized sdigid approaches the original field
more closely, if the loudspeakers radiate the sanradmore directional way. The directional
behavior of the loudspeakers can be controlled bdeting the diaphragm that radiates the
sound. For that reason, best results are to bectgéor electrostatic loudspeakers. A proto-
type array, built according to these discernmearasfirms that is possible to synthesize a wave
field that is also correct for higher frequencidswever, the efficiency of this prototype array
Is too low for practical applications in wave fietgnthesis, for which reason an electrody-
namic array has been developed as well.

A 128-channel reproduction system has been builighwincludes these electrodynamic
arrays surrounding a 24 imstening area. This system composes the wave fiefdsource as
follows: its direct sound (recorded with a spot mphone) is reproduced by a virtual source,
its early reflections (computed by a mirror souptegram) are also synthesized by virtual
sources, and its reverberant field (picked up bigiant microphones, or generated by artificial
reverberation units) is composed by means of pleanees entering from different directions.
Also, fast moving sources (recorded by close-mikcan be synthesized, which is considered
to be an important requirement for application iimemas, simulators and virtual reality the-
aters.

This reproduction system is evaluated in two wdysmeasurements (objectively) and
by listening tests (subjectively). In a comparativeestigation between wave field synthesis,
stereophony and 3&urround soungit is shown that the wave field synthesis systdiers the
largest listening area with spatially correct refrction of sound. Its sound image is more
robust than that of the other systems. Also, tixtesn is able to evoke a very spatial impres-
sion, in which the loudspeakers cannot be diststgad any more. Furthermore, the flexibility
of the system regarding the manipulation of soymgsitions and ambience is an important
innovation.

Edwin Verheijen, Delft University of Technology, 197



Die Schallreproduktion umfal3t Aufnahme, Speicherumgl Wiedergabe von Schall
(insb. Musik). Seit den flinfziger Jahren erfolgt 8ichallwiedergabe hauptsachlich mittels ste-
reophoner Techniken. Mit der Zweikanal-Stereophaevired der Schall von zwei Hauptmikro-
phonen ain microphonésaufgenommen, die sich vor der Schallquelle (2iBem Sinfonie-
orchester) befinden. Einzelne Schallquellen odemp@en von Schallquellen werden oft noch
zusatzlich von Stutzmikrophonesppt microphongsaufgezeichnet. Diese Signale werden
dann mit denen der Hauptmikrophone gemischt und mvei Lautsprecher wiedergegeben.
Ein Horer, der sich so vor den Lautsprechern betindal® er zu beiden Lautsprechern den
gleichen Abstand hat, nimmt ein Klangbild wahr, dsn Original sehr nahe kommt. Ein
Horer aber, der sich nicht genau in der Mitte kadin erfahrt ein raumlich verzerrtes
Klangbild. Deshalb ist eine optimale stereophonleaBwiedergabe nur in dem Raumbereich
gewahrleistet, in dem beide Lautsprecher den gdeigkbstand zum Horer haben.

In dieser Dissertation wird eine neue Wiedergabbodg beschrieben, die auf dem
Prinzip der Wellenfeldsynthesevdve field synthesidhasiert. Hierbei wird das Quellsignal
(source signgl nach einer geeigneten Verarbeitung mittels eReihe von Lautsprechern
(arrays) wiedergegeben, so dal3 sich eine Wellenfront &letbidie mit der des Originals
anndhernd identisch ist. Damit kann im Gegensatterukonventionellen Methoden im gesa-
mten Raum eine gleichwertige Klangreproduktioniehtewerden.

Die Signalverarbeitung erfolgt mittels eines Systwperators, der sich aus der Wellen-
felddarstellung von Kirchhoff-Helmholtz herleiteaf3t. Diese Theorie beschreibt die Ver-
teilung des Druckes und der Teilchenschnelle aeregeschlossenen (dreidimensionalen)
Flache als Folge einer primaren Schallquelle awflerkdes eingeschlossenen Volumens.
Bringt man auf diese Flache nun genlgend sekuridiga@- und Monopolquellen, so erhalt
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man im Inneren der Flache theoretisch eine vollkemenReproduktion des urspringlichen
(primaren) Wellenfeldes. In dem Spezialfall einert€ilung der sekundéaren Quellen auf einer
ebenen Flache kann die Rayleighsche Theorie angmwveverden. Aus dieser folgt fur den

Fall, dal3 sich die priméren Quellen hinter diedegrte befinden, dafl3 sowohl die Monopole als
auch die Dipole ein Wellenfeld vor der Flache egarukdnnen, welches eine genaue Nachbil-
dung des urspriinglichen Feldes ist. In der Praxiankn ebene Lautsprecherflachen
(Sekundarquellen) errichtet werden, die virtuelfarellen (Primérquellen) erzeugen. Befinden
sich die Horer und die virtuellen Quellen zuséatriic einer horizontale Ebene, so genugt eine
horizontale lineare Reihenanordnung von Lautspmechéugleich ist es mittels geeigneter

Fokussierung auch maoglich, virtuelle Quellen von deutsprechern zu erzeugen. Die Horer
nehmen dann einen Eindruck einer Quelle im akusisé-okus vor den Lautsprechern wahr.

Da die Lautsprecher in der dargestellten Anordni@ste Abstande zueinander haben,
enstehen oberhalb einer bestimmten Frequenz sfeel@taveichungen im reproduzierten
Wellenfeld, sogenanntgpatial aliasingEffekte. Die Theorie zeigt, dal’ das erzeugte Welle
feld dem Original besser angenahert werden kannnwlées Lautsprecher eine starkere Richt-
wirkung (directivity) besitzen. Die Richtwirkung kann durch Form undi@k der Membranen
festgelegt werden. Dies gelingt am besten mit edskatischen Lautsprechern. Mit einer die-
sen Bedingungen entsprechenden Probereihe hagesreigt, dald auch Wellenfelder erzeugt
werden kénnen, die in den héheren Frequenzen stimbw der Wirkungsgrad der elektro-
statischen Lautsprecher fiur praktische Anwendumigewellenfeldsynthese noch zu klein ist,
wurde zusatzlich eine elektrodynamische Lautspmeeliee entwickelt.

Mit dem errichteten Wiedergabesystem aus 128 Kanal&rden diese elektrodynami-
schen Lautsprecher so um eine Flache von 24 marhangeordnet, dal3 der Innenraum
beschallt werden konnte. Die Erzeugung des Welldeseeiner Schallquelle wird folgender-
malfden erreicht: der direkte Schall (augezeichneemem Stutzmikrophon) wird durch eine
virtuelle Quelle erzeugt, die frihen Reflexioneer@chnet durch ein Spiegelquellenmodell)
werden ebenfalls durch virtuelle Quellen reproddaied der Nachhall (aufgezeichnet durch
ambiente Mikrophone bzw. kinstlich erzeugt) wirdaiuebene Wellen aus verschiedenen
Richtungen wiedergegeben. Damit kdnnen auch schyexlegte Quellen (aufgenommen
durch mitbewegte Mikrophone) fur eine Wiedergaleeegt werden. Dies hat Bedeutung bei
Anwendungen der Schallwiedergabe in Kindstual RealityTheatern oder bei Simulatoren.

Das Wiedergabesystem ist auf zweierlei Weise g#tegorden: mittels Messungen
(objektiv) und durch Horversuche (subjektiv). Inai vergleichenden Untersuchung zwischen
Zweikanal-Stereophonie, 3/2-Stereophonie und Wklldaynthese hat sich gezeigt, dal3 die
Wellenfeldsynthese in dem grof3ten raumlichen Héiolreine korrekte Schallwiedergabe
bietet. Weiterhin ist das Klangbild stabiler als arderen Systemen, insbesondere wenn die
Aufnahmen bereits auf die Anwendung der Wellenfgitlsese abgestimmt werden. Ferner ist
das System imstande, einen derartigen rdumlichang<ku erzeugen, dald der Hérer nicht
mehr zwischen den verschiedenen Lautsprechernsghtgiden kann. Schliel3lich erdffnet die
Wellenfeldsynthese bezuglich der Flexibilitat i é=einflussung der Position und des Rau-
meindrucks von Schallquellen neue Méglichkeiten.

(Ubersetzung: Bookie Priemer, Wim Speetjens)
Edwin Verheijen, Technische Universitat Delft, 1997



La reproduction sonore comprend I'enregistremenstbckage et la restitution du son
(surtout la musique). Elle est, depuis les ann&&§€,lessentiellement basée sur I'emploi de
techniques stéréophoniques. En stéréophonie caamaetle I'enregistrement s’effectue en
placant face a la scene sonore (un orchestre symgplepar ex.) un couple de microphones
(main microphones En complément, on a souvent recours a l'utiigatde microphones
d’appoint §pot microphon@spour enregistrer une source sonore isolée ouaupg de sour-
ces. Les signaux issus de ces microphones sontensMes avec ceux fournis par le couple
puis transmistdeuxhaut-parleurs. L'auditeur placé dans I'axe des deaxt-parleurpercoit
alors en termes de couleur, de profondeur et diégey une image sonore identique a l'origi-
nale, tandis que l'auditeur excentré observeradistertion spatiale de I'image sonore tendant
vers le haut-parleur le plus proche. Ainsi, la zdieoute pour une reproduction stéréopho-
nique se trouve restreinte a quelques places situégale distance des deux haut-parleurs.

L'objet de cette thése est de décrire une nouvedthode de reproduction sonore basée
sur la théorie de la synthése du champ d’offese field synthesisPar le biais de réseaux de
haut-parleursdrrays), pilotés par les répliques traitées des signaaxgmants des sources, il
est possible de synthétiser des fronts d’ondegjpesglentiques a ceux qui proviennent des
sources sonores originales. C'est donc une solut@amique qu’offre cette méthode de
reproduction la ou les autres méthodes fournisseaisolution ponctuelle.

Les signaux des sources originales sont traitédepliais d’'un opérateur de synthese,
tiré de la représentation du champ d’ondes de KofffHelmholtz. Cette théorie décrit les
distributions de pressions et de vitesses partiesglaur une surface fermée, induites par des
sources (primaires) situées en dehors du volunsedgdbmité par la surface. Théoriquement, si
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cette surface (de forme arbitraire) est entierernenstituée de sources secondaires dipolaires
et monopolaires, une parfaite reproduction du chanipaire pourrait étre obtenue en tout
point du volume intérieur. Dans le cas particutigria surface considérée est un plan, séparant
'espace en un demi-espace source et un demi-esp@oaute, la distribution surfacique de
sources secondaires peut étre décrite par degatgégle Rayleigh. On montre alors qu'une
distribution de sources soit monopolaire, soit @ipe, suffit pour générer dans le demi-espace
d’écoute une répliqgue exacte du champ d’ondes mémBans la pratique, des réseaux plans
de haut-parleurs (sources secondaires) peuventtitsés pour la synthése de sources virtu-
elles (sources primaires). Une autre simplificatigtométriqgue est permise si I'on considére
que les sources virtuelles et les auditeurs sevérdudans un méme plan horizontal. Dans ce
cas, il suffira d’utiliser un réseau linéaire (amte) de haut-parleurs. L'emploi de techniques
de focalisation rend également possible la gémérate sources sonores en face des haut-par-
leurs, de sorte que I'auditeur percoive une soatcpoint de focalisation.

Du fait de la distance finie qui sépare les hautepas adjacents d’'une antenne, des dis-
torsions spectrales du champ reproduit apparaissedela d’'une certaine fréquence: c’est
I'effet de repliement spaciaspatial aliasing. En théorie, on sait que le champ sonore synthé-
tisé sera plus proche du champ original si I'on leimgies haut-parleurs plus directifs. Le com-
portement en directivité des hauts-parleurs perg éontrolé en adaptant la forme du
diaphragme. C’est pourquoi I'on peut s’attendre artilleurs résultats avec des haut-parleurs
électrostatiques. Un prototype d’antenne, corts$glon ces principes, confirme qu’il est pos-
sible de synthétiser un champ d’ondes dont la #él&glétend plus haut dans le spectre. Cepen-
dant, l'efficacité d’'un tel prototype restant trdpible pour les applications pratiques en
synthese des champs d’ondes, c’est une antennedigtamique qui a donc été développée.

Un systéme de reproduction sonore de 128-canauwofigtruit, qui inclus les antennes
électrodynamiques délimitant une zone d’écoute4den2 Ce systeme décompose le champ
d’onde de chaque source comme suit : le champtdpés par un micro d’appoint) reproduit
par une source virtuelle, les premiéres réflectimaculées selon le principe des sources-
images) reproduites également par des sourceeNasuet le champ réverbéré (pris par des
microphones d’ambiance ou généré par des unitééwdebération artificielle) recréé par le
biais d’'ondes planes arrivant de différentes dioest De plus, des sources mobiles rapides
(enregistrees en champ proche) peuvent aussigttieétisées, ce qui réepond a d'importants
besoins dans les applications telles que le cinf@aaimulateurs, ou la réalité virtuelle.

Ce systeme de reproduction est évalué de deuxda&am la mesure (objective) et par
les tests d’écoute (subjective). Une étude comiparahtre ce systeme, le systeme stéréo et le
systéme 3/2surround sounda montré que la synthése des champs d’onded ¢dffdus large
zone d’écoute tout en conservant une reproducpiatiade correcte du son. L'image sonore
obtenue est plus stable que pour les autres systé&resystéme est aussi capable de susciter
une réelle impression spatiale dans laquelle tnfdus possible de distinguer les haut-par-
leurs. Enfin, la flexibilité du systéme concernnmanipulation des sources et des ambiances
constitue une importante innovation.

(traduction: Thierry Piccolo, Bernard Lefranc)

Edwin Verheijen, Université de Technologie de Delft1997



Geluidsreproductie omvat het opnemen, opslaan érnwbkergeven van geluid (inz.
muziek). Sinds de jaren vijftig berust geluidsrefurctie hoofdzakelijk op stereofonische tech-
nieken. Hierbij wordt het geluid opgenomen met twaierofoons, het zgn. hoofdsysteem
(main microphonés die voér het gebied met geluidsbronnen (bijn sgmfonieorkest) zijn
geplaatst. Vaak worden aparte geluidsbronnen cémmo daarvan tevens geregistreerd met
steunmicrofoonsspot microphongs Deze signalen worden gemengd met die van hdtdhoo
systeem, en afgespeeld over twee luidsprekerslutstaraar die midden voor de luidsprekers
plaatsneemt, zal een geluidsbeeld waarnemen dgegés vertoont in klank, diepte en balans
met het oorspronkelijke geluidsbeeld. Een luistedi& niet precies in het midden zit, ervaart
een ruimtelijk vervormd geluidsbeeld dat naar dehtdbijzijnde luidspreker nijgt. Het opti-
male luistergebied voor stereofonische weergaveregich dus tot enige zitplaatsen op de
liin midden tussen beide luidsprekers.

In dit proefschrift wordt een nieuwe reproductienuete beschreven, die is gebaseerd op
het principe van golfveldsynthesegve field synthesisHierbij worden rijen &rrays) van
luidsprekers op dusdanige wijze aangestuurd metebieg versies van de bronsignalen
(source signalgs dat er golffronten worden gevormd die vrijweérdiek zijn aan die van de
originele geluidsbronnen. Deze reproductiemethaddtltdaarmee een volumeoplossing, in
plaats van de puntoplossing die kenmerkend is ®onventionele reproductiemethoden.

De originele bronsignalen wordt bewerkt door eemtlsyseoperator, die uit de golfveld-
representatie van Kirchhoff-Helmholtz wordt afgdleDeze theorie beschrijft de verdeling
van druk en deeltjessnelheid op een gesloten olgernen gevolge van (primaire) geluids-
bronnen buiten het omsloten volume. Wordt dit opladr bedekt met secundaire dipool- en

179



180 Samenvatting

monopoolbronnen, dan is theoretisch een perfectsstructie van het primaire bronveld mo-
gelijk in het omsloten volume. Voor het specialealevaarbij de secundaire bronnen in een
plat vlak liggen, kan Rayleighs theorie worden tyast. Deze stelt dat, indien de primaire
bronnen achter het platte vlak liggen, een vanebsabrten secundaire bronnen volstaat om
een kopie te genereren van het primaire golfvela @dat viak. In de praktijk kunnen viakke ri-
jen van luidsprekers (secundaire bronnen) worddsruged om virtuele bronnen (primaire
bronnen) te synthetiseren. Wanneer nu zowel deehaiars als de virtuele bronnen zich in een
horizontaal vlak bevinden, is een lineaire horiatetij van luidsprekers voldoende. Tevens is
het door middel van focussering mogelijk om vireubtonnen véoér de luidsprekers te creéren:
de luisteraars nemen dan een bron in het akoestiechs waar.

Omdat de luidsprekers in de rij een zekere afstandlkaar hebben, ontstaan er boven
een bepaalde frequentie spectrale afwijkingen trglkesproduceerde golfveld: de zogeheten
effecten van ruimtelijke onderbemonsterisgdtial aliasing. Uit de theorie komt naar voren
dat naarmate de luidsprekers een sterkere richimgeiirectivity) hebben, het opgewekte
geluidsveld het originele veld meer benadert. Dbtwerking van de luidsprekers kan worden
beinvioed door het afstralende diafragma te moelleDit lukt het beste met elektrostatische
luidsprekers. Een prototype rij van luidsprekershauwd volgens deze inzichten, bevestigt
dat het mogelijk is een geluidsveld op te wekkenaiddk voor hogere frequenties correct is.
Het rendement van dit prototype is echter nog atoehde voor toepassing bij golfveldsyn-
these, zodat tevens een elektrodynamische rijuidsprekers is ontwikkeld.

Met deze elektrodynamische luidsprekers is eenkb2@als reproductiesysteem ge-
bouwd, dat een luistergebied van 24 m2 omsluitgBleidsvelden worden in dit systeem per
bron als volgt opgebouwd: het directe geluid (gistegerd met een steunmicrofoon) wordt als
een virtuele bron weergegeven, de vroege reflefesekend met een spiegelbronnenmodel)
worden eveneens als virtuele bronnen gesynthetisearde nagalm (opgenomen met micro-
foons in het galmveld) of kunstgalm wordt door natldan vlakke golven uit verschillende
richtingen samengesteld. Ook snelbewegende brdmpgienomen met meebewegende steun-
microfoons) kunnen worden gesynthetiseerd, hetgeeamal voor toepassing in bioscopen,
simulatoren ewirtual reality theaters van belang is.

Het systeem is op twee manieren geévalueerd: metgea (objectief) en met luister-
proeven (subjectief). Uit een vergelijkend ondekzegarvan ook stereofonie en 3f2&round
sounddeel uitmaken, blijkt dat het golfveldsynthesetsgm het grootste luistergebied met
ruimtelijk correcte geluidsreproductie creéert. Qskhet geluidsbeeld robuuster dan bij de
andere weergavemethoden, in het bijzonder als dametechniek wordt afgestemd op weer-
gave met gesynthetiseerde golfvelden. Het systedmvendien in staat een zeer ruimtelijke
impressie te genereren, waarbij de luidsprekefsnzei meer kunnen worden onderscheiden.
Voorts wordt ook de flexibiliteit van het systeeemtaanzien van het beinvioeden van bronpo-
sities en akoestiek beschouwd als een belangrgkaeieuwing.

Edwin Verheijen, Technische Universiteit Delft, 199
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