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ABSTRACT 2. SYSTEM OVERVIEW
This contribution combines techniques for sound synttaesis ) ) )
spatial reproduction for a joint synthesis of the sound potion A generic model for the sound propagation from a virtual seur

and sound propagation properties of virtual string inseata, The ~ t0 @ loudspeaker array is shown in Fig. 1. Its basic comparaet
generated sound field is reproduced on a massive multichannethe sound source, its characteristic sound radiation patéad a
loudspeaker system using wave field synthesis techniquesn F  loudspeaker array for reproduction within the listeningearThese
physical descriptions of string vibrations and sound wanyepar- components are mapped to different building blocks of ttiet jo
tial differential equations follows an algorithmic proced forsyn-  Synthesis and reproduction system as shown iri Fig. 2.
thesis-driven wave field reproduction. Its processingstep de-
rived by mathematical analysis and signal processing iples:
Three different building blocks are addressed: The siraradf

string vibrations, a model for the radiation pattern of teegrated y _
acoustical waves, and the determination of the drivingaigfor radiation pattern
the multichannel loudspeaker array. The proposed methodsl

the spatial reproduction of synthetic spatial sound wittiloet need

for pre-recorded or pre-synthesized source tracks.

1. INTRODUCTION

virtual source

listening area
Sound synthesis and sound reproduction are usually se@pas s
rate processes to be performed independently of each dthes.
point of view originates from the usual workflow in music puoace
tion. Typically different voices are recorded as separaieks and
then a mix for reproduction for two-channel stereo or sumtbu loudspeaker array
sound is created. Recent advances in spatial reproductiea h
increased the number of loudspeaker channels from a fewto se
eral tens and even several hundreds. Besides Ambisoniog, wa
field synthesis has been established as a physically watiefed
method for determining the loudspeaker driving signalsuaths The virtual source is realized here by physical modelingigou
massive multichannel systems([1, 2]. The mixing proceswée synthesis for a vibrating string according to the functigrensfor-
field synthesis is much more involved than e.g. stereo aumfgit ~ mation method. The user input may consist of a stream of MIDI
panning. Some authoring tools exist which follow the samekwo ~ €vents which trigger the synthesis algorithm by a short secel
flow of generating loudspeaker signals from recorded trdgks  Of digital samples as excitation signal. Also the physicaperties

Figure 1: Generic sound propagation model from a virtuatc®u
to a loudspeaker array.

locally distributed moving sound sources|[3, 4, 5]. of the string can be varied by the user at any time.
This contribution goes one step further and combines physi- ~ When the string is attached to a sound board, a part of its en-
cal modeling sound synthesis with spatial sound reprodunctit ergy is radiated into the environment. A piston model is elnos

extends the physical model for sound synthesis by a model foras a simple model for a sound board. This model is closer to the
sound radiation. In this way, not only the wave form of a mu- properties of a real sound board than the point source oreplan

sical sound but also its spatial characteristics are getbfeom wave models usually employed in wave field synthesis. Fuorthe

physical models. They provide the information to calcultte more, the piston model is well established in acoustics @npls

loudspeaker signals for a multichannel reproduction syste loudspeaker model. The position of the piston and its osigor
This process is shown here for a specific combination of physi in space may be controlled by the user.

cal models for sound synthesis, propagation, and reprimaudtor For reproduction of the sound board radiation with an array

physical modeling sound synthesis, a string model with timef of loudspeakers, the particle velocity at the location ahelaud-

tional transformation method [6, 7] has been chosen. A simpl speaker has to be known. It can be obtained from the known ra-
model for sound propagation is the piston model frequergldu diation properties of the piston model. Then the usual tegles

as radiation model for loudspeakers [8, 9]. Finally, wavielfayn- for wavefield synthesis reproduction are applied to compioge
thesis is used for spatial sound reproduction. driving signal for each loudspeaker [2, 10, 11].

DAFX-1


http://www.LNT.de
mailto:rabe@LNT.de

Proc. of the 1¥' Int. Conference on Digital Audio Effects (DAFx-09), Comaly, September 1-4, 2009

user input

method[[6] 7].

physical modeling sound propagation reproduction —>
> loudspeaker
—c(] —>
A H G HoE B
e > signals
sound synthesis piston model wave field synthesis —»
A A
Figure 2: System overview of the combined sound synthesisvavefield synthesis system.
3. SOUND SYNTHESIS f(k)
Physical modeling sound synthesis methods are known to- fait /ib(l)
fuII_y reproduce the _sounds of a varie_ty of timbral classéds | 51 ¥ 1271 II 1 ai H—s v(k)
string, drum, bell, pipe sounds and alike. Unlike wavetayle- 7
thesis physical modeling offers parametric control of thetise- co(1) ci(1)
sized sound within its timbral class. Physical modeling hods ' ;
include digital waveguides [12, 13, 14], mass-spring medEs], :
component-based models [16] and the functional transfioma f(k) >‘ ay |_>®
The sound synthesis method in the first block of Fig. 2 is based j%b(”) :
on a physical model of a vibrating string in the form of a prti 21 | + -1 1J an

differential equation (see e.g. [17,/18])

*y(x,t) 'y(x,t) O*y(z, t)
pA ot? +EI Ox? - T o0x? @
dy(z,t) Py(z,t)
T e = f@t)

The independent variableis the space coordinate along the string
with lengthl (0 < = < [) andt is the time coordinate. The depen-
dent variabley denotes the deflection of the string. The excitation
is given by the functiory.(z, t). Table 1 lists the physical param-
eters.

density

Cross section area

Young’s modulus

moment of inertia

tension of the string

frequency independent damping
frequency dependent damping

N~

QU
@

Table 1: Physical parameters of the string model flom (1)

The continuous variable modél] (1) is turned into a sound syn-
thesis algorithm for the string velocity by the functionalrtsfor-
mation method. It has been described in detail e.g. in[607] s
that only the block diagram of the resulting algorithm iswwhan
Fig.[3.

The coefficientd(v), co(v), c1(v), anda, forv =1,... ,n
are calculated directly from the parameters in Table 1. Wigjial
filter structure is excited by a pulse of digital sampf&&) which
is triggered e.g. from each MIDI event “note on“. The output
v(k) closely represents the velocity of the string. The number
of second order sections should be chosen such that alarglev
harmonics throughout the audio frequency range are syindtes
In principle, the same algorithm is also suitable for thetisgais
of other timbral classes [19].

DAFX-

Figure 3: Synthesis algorithm as parallel arrangement cbrse
order digital filters. The blocks labeled ! are delays by one
sample.

4. PISTON MODEL

Strings by themselves do not radiate enough sound enerdlgefor
performance of musical sounds. In all acoustical instrus éme
strings are attached to some kind of sound board. To modgl thi
effect, the output of the synthesis algorithms, i.e. theeigy v(k)

in Fig.[3, is connected to a piston model.

The piston is a classical model for a loudspeaker with a stiff
membrane. Here, it is used as a first approximation to thedsoun
radiation by the sound board of an acoustical instrumene dih
rect connection between string and sound board is only thet mo
simple model which could be improved by a suitable impedance
More exact models of the radiation of guitars, violines, etay
require more elaborate models. For example a sound boardimod
consisting of a few discrete piston-oscillators coverihg most
important resonance peaks has been presented|in [20].

The following simple piston model describes the block lalel
sound propagation in Fig) 2. Séc. 4.1 presents an analysigof
piston model. Since the resulting integral expression i£aey to
evaluate, a classical approximation with a Bessel funétishown
in Sec[4.2. For more details on the piston model, see(e.§].[8,

4.1. Analysis of the Piston Model

Fig.[4 shows the coupling between the vibrating string ared th
piston in all three views of a Cartesian coordinate systeh wi
x = [z, y, 2]T. The velocity of the string is picked up at an arbi-
trary positionz, and transfered to the piston (top left fer = 0).

This kind of coupling may resemble a mechanical connect@n b
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Figure 4: Coupling between the string and the piston,

Top left: view on thex-y-plane,

Top right: Front view of the pistonifz-plane) with polar
coordinategp, ),

Bottom: view on they-z-plane; also the point, is here restricted
to this plane o = 0).

tween string and soundboard via a bridge or an electricai@on
tion via a magnetic pick-up, an amplifier and a loudspeaker.

The piston can be regarded as a circular disk with radius
located in thex-z-plane which vibrates in the direction of the
coordinate. The disk is stiff such that all points on the diske
the same phase. Each of these points is modelled as a poinéesou
The sound pressure at an arbitrary poigtin the half space with
y > 0 results from the superposition of the effect of all point
sources on the disk. The value of the sound pressure is elthin
integrating over the surface of the disk. The resultinggraére-
lation is most easily expressed in the temporal frequencyaiio
of the continuous time variable The velocityv(t) is thus rep-
resented by its Fourier transforii(w) = F{v(¢t)}. Note that
the output of the discrete-time synthesis algorithm fromg. B
at a suitable audio sampling rate closely resembles theeaorr
continuous-time velocity(¢).

Now consider the sound pressyré, R, xo) at the arbitrary
locationx, and its Fourier transforn¥(w, R, xo). It can be ex-
pressed by the velocity (w) of the piston with radiug through

integration over all point sources on its surfatg

P(w,x0) = jwprV (w) / G(w, |xo — x'|)dA. 2
Ao

HereG(w, |xo — x'|) is the free-field Green'’s function of a point
source on the piston &' which radiates to a pointy
—jwr/c

Gw,r) = ¢

@)

2y r:|x0—x’\
The lengthr denotes the distance between the locakgrand the
variable locationx’ on the piston. The corresponding differential
surface element on the piston is given by.dThe density of the
air is pr, and the speed of soundds

The evaluation of the integrall(2) can be found e.g! in [9] and
is only briefly presented here. The sound presdt(e, xo) is
obtained by expressing the coordinates of each point sourtiee
disc by polar coordinate§, ») as shown on the right of Fig. 4.
The components of the Cartesian coordinates’ dfecome

' = —psing, 2’ =pcosp, ¥y =0, p=Va'?+22% (4)

The distance

r=lxo — x| = /(2o — ') + 43 + (20 — )2

can be expressed in polar coordinates as

r=r(p,¢) = \/p2 +2p(zosing — zocosp) + 15 (5)
with

rh = [xol® = 28 + o + 20 - 6)

The integral expression ih](2) turns wittld= p di dp into

- R —jer(pe) /e
Plo,fox) = B [ [ E T 00 ()
2m r(p, )
p=0 =0

Since there is no closed form solution of this integral it has
to be evaluated numerically. A simpler representation c¢dy loe
obtained through certain approximations as is shown next.

4.2. Simplified Piston Model

For an easier evaluation and manipulation of the radiatiodeh
a simplified piston model is preferable. To this end a cladsic
approximation from e.g. [8,/9] is used. It is briefly presehtere.

The simplified model is obtained by two different approxima-
tions for the termr(p, ) in the magnitude and the phase of the
Greens’s function (3). In the magnitude from (3) is approxi-
mated byro from (6). This means that the distance of the point
atxo from the origin replaces the true distancexgfto each point
source on the piston. This approximation is justified fompgko
far away from the piston, i.e:o > R > p > 0.

Applying the same approximation also to the phase would
simply replace the piston by a point source. A better appnaxi
tion can be obtained for points, that lie in they-z-plane i.e.
x0 = [0, yo, 20]T. Alternatively,xo can now also be described
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Figure 5: Magnitude response of the piston model for a fraguef 200 Hz.Left: Numerical evaluation of the exact integral relatioh (7)).

Right: Bessel approximation (12).
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Figure 6: Magnitude response of the piston model for a frequef 2 kHz. Left: Numerical evaluation of the exact integral relatioh (7)).

Right: Bessel approximation (12).

by the polar coordinate paito, ), where the anglé is defined
on the bottom of Fig. 4.

Considering the radiation of the piston to points in the-
plane only is sufficent for modeling the case where soundcgsur
and the reproduction array lie in the same plane.

With zo = 0, ro > p, and a truncated series expansion of the
square root[ (5) turns into

T(p, ) = /18 — 2pzocosp =10 — pi—o cosp,  (8)
0
or with zg = rq sin 0 (see Figl 4, bottom)
r(p, o) =ro— psind cosp. 9)

This relation constitutes the approximation fan the exponential
term in (7).

Inserting the magnitude approximatiofp, ) =~ ro and the
phase approximatioh {9) into the inner integralin (7) gives

27

27
—jwr(p,e)/c ] o
/eipdgpz ﬁef]“”'o/efjwpsme cosp /c ng
T(P, QD) To
0 0
= Lemien 2nJo(wpsinb /c)
To

(10)

whereJ is the Bessel function of the first kind and order zero and

\/y§+z§.

Performing the outer integration in|(7) results finally ie€49])

T0 1
T = — = —
(& (&

(11)

2 Ji(wre) 1

—JjwTo v
e V(W)

ﬁ(w,R7 X0) = jwpLR (12)

WTe

where the notatiorP distinguishes this approximation from the
exact relation in[([7) and

T Rsin9 Rizo
g = — = = .
¢ € VY + 2

The fractional term in[(12) involving the Bessel functionth&
first kind and order zerd; behaves similarly to the sinc-function.
Itis continuous around = 0 with

(13)

i i) _ 1

. 14
w—0  WwTy 2 (14

Equations[(1l1-13) consitute an approximation of the piston
sound pressure field in thez-plane. For any pointyo, 20), the
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relation (12) can be evaluated directly when numericalinestfor
exponential and Bessel functions are available.
The exact integral relation](7) and the approximation fri@a(

, Comalyl, September 1-4, 2009

In this new coordinate system, they-plane of the array co-
ordinates coincides with thg-¢-plane of the piston. The origin
of the piston coordinate systefm, ¢) (0,0) is denoted by

[13) are compared in Figs] 5 anf 6. Fig. 5 shows the magnitude of(z,y) = (zs,ys). Since piston and array lie in the same plane,

P(w, R,x0) andﬁ’(w7 R, x¢) for a selected range of thez-plane
and a frequency of 200 Hz. Obviously the approximation isejui
good. This is also the case for a frequency of 2 kHz (Fig. 6) and
for locations normal to the piston, i.e. small valueg oFor larger
values off, differences in the approximation are visible.

4.3. Sound Pressure Gradient

For loudspeaker reproduction not only the sound pressuralfol
its gradient are required. Itis considered here for thaalbatwo-
dimensional simplified model from Sec. 4.2.

Derivation of P(w, R, xo) from (12) with respect to the Carte-
sian coordinategy andzo gives

VP(w,R,x0) = pLcR e 7™ V(w) { ‘gi I;gi ] (15)
with
An = L wJi(wr) (16)
Crozo
A = =BV ) (17)
erd
Br = L w1 (wTe) (18)
Cro
1 R(z§ —1d)
B =~ hlom) - T Ggiem). 9)

Equations[(15—19) allow to calculate the gradient of thexgou
pressure at any point in thez-plane. They provide a reasonable
approximation for all locationg, with a sufficiently large distance
from the piston within the limits shown in Figs|. 5 6.

5. WAVE FIELD SYNTHESIS

This section presents the combination of the source mottel-in
duced above with a wave field synthesis system. At first the geo
metrical arrangement of source and loudspeaker arraysepted.
Then the required coordinate transformations are disdiense fi-
nally itis shown how to obtain the driving functions for edobd-
speaker in the array.

5.1. Geometrical Arrangement

Fig.[7 shows the geometrical arrangement of the virtual doun

source — represented by the piston model — and the loudspeake

array for reproduction. The loudspeakers are arranged Esam
array in the plane which contains the vector normal to theopis
Fig.[7 shows a circular array, but also other planar arrayigon

rations are possible.

So far, the center of the piston has been considered as the ori
gin of the coordinate system. Now the focus is shifted to tluel4
speaker array. Therefore an additional coordinate systenirp-
duced with its origin in the center of the array. For convan&
this new coordinate system is designated withy, andz. The
coordinates of the piston are now callegnd(¢ (y andz in the
previous section).

the third coordinate can be omitted and only a two-dimeradion

geometrical arrangement is considered from now on.

piston

(ws,ys, zs)

loudspeakem

loudspeaker array

Figure 7: Relation between the coordinate systems of tHemis
and of the loudspeaker array.

5.2. Coordinate Transformations

For an exact representation of the gradient from (15) in tha-c
dinates of the array, a precise formulation of the transédiom
between both coordinate systems is required.

The transformation from the piston coordinates() to the
array coordinatesz, y) is given by [20) and (21). It includes a
rotation by an anglex to align the coordinates and a translation to
match the centers of both coordinate systems

el (2] @
Ro= |0 e @

The inverse transformation from the array coordinatesedgtbton

coordinates is described by (22), where the inverse of ttzion

is a rotation by the negative angle

K |
¢

T — xs

Y—UYs (22)

-

These coordinate transformations are now used to determine

the gradient of the sound pressure at the position of thesjoeak-
ers of the reproduction array. To this end, a certain lousgrea
with numberm and array coordinatg&, y) is considered, as
shown in Fig[ 7. The numerical procedure to obtain the gradie
of the piston’s sound pressure at the locatjen,, y..) is shown
in Fig.[8.

It consists of the following steps:

e transform the array coordinatés.,, y,,) of loudspeaker
m into the piston coordinatg®),, ¢») using [(22),
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loudspeakem _ loudspeakem
. . coord. transformation | . . .
in array coordinates : in piston coordinate$
array— piston
Tm, Ym Mm, Cm

~ coord. transformation ~
VPa (u), R, zm, ym) | piston—array VB (w’ R, 1m, qm)

Figure 8: Coordinate transformations to obtain the gradiéthe
sound pressure for loudspeaker numieirom the piston model.

Combining [(15),[(2B) and (24) gives
D(w,Xm) = Hrad(w, Xm ) A(Xm ) Hwis(w)V (w) (25)
with

Hrad(wvxm) = 'lU(Xm,XS)pLCR e_ijO nT {AR +]AI:| .

™ | Br + jB1
(26)

The time constant, from (11) and the vector components frdm](16-

[19) have to be computed with the coordinate transformafiams

e compute the gradient of the sound pressure fiom (15). The gec[5.2.

location of the loudspeakéf)..,, ¢,») in piston coordinates

is used here for the arbitrary locatieq in (15). The sub-
scriptp indicates that the gradient is represented in piston
coordinates.

e use [(20) to transform the gradief}, from piston coordi-
nates into the corresponding expressiarfor the gradient
of the sound pressure in array coordingtes,, ym ).

This numerical procedure provides the gradient of the pis&ound
pressure at all positions of the loudspeaker array.

5.3. Loudspeaker Driving Functions

In a last step the driving functions for each loudspeakehefre-
production array have to be determined. According to [1idse
driving functions are obtained from the gradient of the sbpres-
sure at the loudspeaker position by application of

e a spatial windoww(x,,, xs) which selects the active loud-
speakers for a certain source direction,

e an amplitude factorl(x,,) which depends on the position
X, Of the loudspeaker with numbert,

e a frequency selective filteF s (w) which is independent
of the loudspeaker position

D(w7 XnL) - ’U}(X"H XS)A(X'm)was(w) i
on
The vectorx,, denotes the locatiofx ., y.. ) of loudspeakem in
thez-y-plane. Similarlyxs is the position(zs, ys) of the piston.

The spatial window functionv(x,,,xs) selects those loud-
speakers that are active for the reproduction of a certainati
source. It depends on the direction of two vectors: The vénto
dicating the direction from the sourcesat to the loudspeaker at
X, and the normal vectan,, on the surface of the loudspeaker
array. For the loudspeaker arrangement of[Big. 7 this vexctimts
inwards from the loudspeaket towards the center of the circular
array, i.e. the origin of the array coordinate system. Thedaw
function is positive if the scalar product of these vecterngasitive
and zero otherwise.

The amplitude factoA (x,, ) and the transfer functioH s (w)
result from the fact that a three-dimensional wave field Eae
duced with a planar array (see [11, chapter 13.2]).

The normal derivative oP, (w, x,,, ) at the louspeaker position

P(w,xm). (23)

Eqg. (25) gives the (Fourier transform of the) loudspeakir dr
ing signal for loudspeaker. It uses the string velocity (w) from
the physical modeling sound synthesis algorithm from Seas 3
input and computes the driving signal by filtering operagiofhe
transfer functionH,.q (w, xm) results from the radiation model
presented in Set. 4.2 applied to each active loudspeakergdih
factor A(x., ) and the transfer functiof+ have been introduced
above.

6. SIGNAL PROCESSING STRUCTURE

This section presents a signal processing structure wheilives
the simplified piston model from Séc. 4.2. Further approxiomes
for more efficient processing are shortly discussed.

6.1. Signal Processing Structure for the Piston Model

The determination of the loudspeaker driving functionading
to (25) closely resembles the block diagram from Fig. 2:

1. The string velocity is the result of the sound synthestlaén
first block. The structure of the corresponding synthesis al
gorithm through the functional transformation method has
been shown in Fid.]3 from Sec. 3.

2. The sound propagation model in the second block is given
by the transfer function#,.4 (w, x.» ) for each loudspeaker
m. They are based on the simplified piston model according
to Secl 4.2.

3. The third block is realized by the gain factd(x,,,) and
the transfer functiorfs(w) as described in Secl 5.

Fig.[9 shows a more detailed version of Fig. 2 with the transfe
functions and factors listed above. It represents the bigrea
cessing structure for computing the driving functions of avev
field synthesis system as triggered by musical events fronizd M
source or other kind of human input.

The structure of Fid.]9 follows closely the decompositioimin
functional blocks from Fig. 2 and even Fig. 1. However, it ap-
pears that the realization of the blocks from Fig. 2 accagdmn
Fig.[9 is not the most efficient one. Each branch for the imfivi
ual loudspeakers contains the transfer functifis (w) which is

xm in (23) can be expressed by the transpose of the above normaindependent of the loudspeaker position and thus the sanai fo

vectorn,, and the gradient of the sound pressure from (15) as

iP(u),xm) = n; Vlsa(w,R, X0)-

n (24)

branches. A first attempt would be to shift,s(w) to the output
of the sound synthesis model such that this filtering opemdias
to be performed only once. A more efficient processing stinect
can be obtained with further approximations.
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driving signal
loudspeaker 1
score file, FTM driving signal
MIDI, loudspeaker 2
exitation physical
impulse model
L A(xm)
1 driving signal
rad(w7 Xm) was(w) 9sig
loudspeakern
user input sound synthesis radiation pattern wave field synthesis output
Figure 9: Signal processing structure from MIDI input todspeaker outputs.
C(x1) R
R » @ driving signal
loudspeaker 1
Clx2) driving signal
score file, ETM > N g sig
MIDI, loudspeaker 2
I H(z i —
exitation (2) physical
impulse model
C(x -
.( ™) S —dn driving signal
L Ll VA
loudspeakem
input filtering sound synthesis multiplication delay output

Figure 10: Efficient implementation of the discrete-timgnsil processing structure by combination of transfer fionstand amplitude

factors across the block boundaries.

6.2. Simplified Signal Processing Structure

A more efficient structure for the determination of the driysig-
nals can be obtained by further approximations. Rather ¢imin
using geometrical approximations as in 4.2, techsifjoen
the design of digital filters may be applied to approximate th
transfer functionH,q(w, x,»,) from (26) by a simpler transfer
function of the general form

Hyaa(w,Xm) ~ Hyaa(w)B(xpm )e 74T 27)
Here the transfer functiofl,.q (w) is the same for all loudspeak-
ers, while the gain factoB(x,,) and the phase terar 7« vary
for each loudspeaker positien. The methods to choosﬁérad(w),
B(xm), and,, for a good approximation off;.q(w,xm,) in a
certain sense are not discussed here.

Instead the signal processing structure which results fhisn
simplification is shown in Fid. 10. Due the simple form [of [(27)
all filtering operations are independent of the loudspegicesi-
tion. Therefore the transfer functiod$y(w) from Fig.[9 and
H,aq(w) from (27) can be combined into one discrete-time trans-
fer function H (z) shown in Figl. 10. A Fourier-type approximation

of the continuous-time transfer functions has been appligich
results in a realization off (z) by an FIR filter of order up to 256.

Since the sound synthesis algorithm by the functional foans
mation method (FTM) is a linear system, the filtering operaty
H (z) and the synthesis algorithm may be interchanged. As shown
in Fig.[10, the output of{(z) is the input signal for the sound syn-
thesis block. It is thus not required to perform a filteringegiion
with H(z). Instead each MIDI note event triggers the pre-stored
impulse response dff (z) to feed the sound synthesis algorithm.
The same principle has been used for a so-called commuted pia
synthesis in'[21].

The simple radiation model fromh (27) and the driving func-
tions contain also amplitude factors for each loudspeadsitipn
which can be combined into one factor ea¢hx,,,) in Fig.[10).
Finally there remain only the delays from the simple radiati
model which are specific for each loudspeaker. The delays
in samples result from the time constants in seconds via the
sample rate.

Comparing the structures in Fig. 9 and Figl 10 shows that now
the branches for each loudspeaker are free from any filtepeg
ations. Since the number of loudspeakers is in the ordernsf te
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or hundreds, the resulting signal processing structurevishio
Fig.[10 allows for a more efficient realization. The qualifytioe
spatial reproduction depends on the quality of the appration

in (27). The trade-off between numerical expense and rejerod

tion quality can only be established by listening tests.nyn ease,
the structure in Fig.19 provides a physically well found miagih
a moderate geometrical approximation at the expense afirilte
each single loudspeaker channel.

These signal processing structures have been implemented f

reproduction with a 48-channel wave field synthesis systetmea
Telecommunications Laboratory of the University Erlangéirn-
berg. Musical examples with multiple strings at differesgdtions
and with the movement of sources along their individuakttg-
ries demonstrate the feasibility of this joint synthesisl agpro-
duction method. Listening tests with the simplified pistoadeal
in various distances show that this model allows for a grharé
ation of the sound between its two extremes, a distant pointe
and a plane wave.

7. CONCLUSIONS

Physical modeling sound synthesis has been confined sotfae to

production of monophonic or two-channel stereo sound.dpzae
bility for spatial reproduction is greatly enhanced by tlenbi-
nation with wave field synthesis. Both physical modelingrabu
synthesis and wave field synthesis rely on physical modetlsen
form of partial differential equations. The missing linktheen a

synthesized sound source and its reproduction by wave fiald s

thesis is the spatial radiation pattern of the virtual imstent. The

well-known and proven piston model has been used here a®t pro

of concept. It can be implemented directly by a suitableaigno-
cessing structure or it can serve as starting point for &urgim-
plifications of the multichannel algorithm. It has been fied by
listening tests that the promises of physical modellinglhioé. not
only the timbre of the sound but also the location, orientatand
motion of the source are subject to parametric control byutes.
The appropriateness of the piston model and its simpliboatfor
specific families of instruments like violins, brass instents, or
pianos have still to be established by more detailed madgtind
testing.
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