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omAbstra
tFor large Wave Field Synthesis (WFS) systems mul-tiple 
omputers are needed for rendering to managethe ne
essary amount of audio 
hannels. To makethis possible with the sWONDER software, the soft-ware was 
ompletely restru
tured and divided intoseveral separate programs whi
h 
an run on multi-ple 
omputers, 
ommuni
ating with ea
h other viaOpenSoundControl. This paper des
ribes the newstru
ture of the program, as well as several imple-mentation details of the s
heduling unit and audiorendering unit.KeywordsAuralisation, Wave Field Synthesis, Convolution1 Introdu
tionWave Field Synthesis (WFS) is a method forsound spatialisation. Its main advantage is thatit has no sweet spot, but instead a large listen-ing area, making the te
hnology attra
tive for
on
ert situations.The main prin
iple of WFS is illustrated in�gure 1. A wave �eld 
an be synthesized by asuperposition of wave �elds 
aused by a lot ofsmall se
ondary sour
es, provided you 
al
ulatethe right delays and amplitude fa
tors for thesour
e signal for ea
h se
ondary sour
e.For large WFS systems the 
al
ulation ofthe audio signals for ea
h loudspeaker 
annotbe done on just one 
omputer, due to limita-tions of the CPU-power and hardware 
onsider-ations, su
h as the number of output 
hannels.Thus, a 
luster of 
omputers is ne
essary, andthere is a need to syn
hronise these 
al
ulations.The previous versions of sWONDER [1; 2℄ weremonolithi
 programs, whi
h did not provide thisoption. This paper des
ribes a new stru
turefor the sWONDER program, whi
h enables thesoftware to 
ontrol large s
ale WFS systems.2 Hardware setupIn 2006/2007, the TU Berlin laun
hed a proje
tto equip one of the le
ture halls with a large

(a) The Huygens'Prin
iple (b) Wave FieldSynthesisFigure 1: From the Huygen's Prin
iple to WaveField SynthesisWFS system[3; 4℄, of in total 840 loudspeaker
hannels, both for sound reinfor
ement duringthe regular le
tures, as well as to have a larges
ale WFS system for both s
ienti�
 and artisti
resear
h purposes. The loudspeakers are builtinto loudspeaker panels[5℄, ea
h providing 8 au-dio 
hannels, whi
h are fed with an ADAT sig-nal. Ea
h panel additionally has 2 larger speak-ers whi
h emit the low-pass �ltered sum of the4 
hannels above it.To drive these speakers a 
luster of 15 Linux
omputers is used. Ea
h 
omputer 
omputesthe loudspeaker signals for 56 loudspeaker 
han-nels. Ea
h 
omputer is equipped with an RMEHDSP MADI[6℄ sound 
ard. Ea
h MADI out-put is 
onne
ted to an MADI to ADAT bridge(RME ADI648[6℄), whi
h is mounted inside thewall, so that the ADAT 
ables 
an be kept short(up to 10 meters). The input to the system ismultiplexed to ea
h MADI sound 
ard with theuse of MADI bridges (RME MADI Bridge[6℄).The 
luster has two networks, one for theOSC[7℄ 
ommuni
ation, and one for data-transfer. Separating these network fun
tions,
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Figure 2: S
hemati
 overview of the hardware setup for the WFS system in the le
ture hall of theTU Berlin.ensures that the OSC 
ommuni
ation is fast.The master ma
hine (Control PC) a
ts as abridge to the outside world and is the only 
om-puter that is 
onne
ted to an external network.A general overview of the hardware setup isgiven in �gure 2.The sWONDER software was adapted to 
on-trol this system, in su
h a way, that it 
an alsobe used by similar but not ne
essarily identi
alsystems.3 Software ar
hite
tureThe software is divided in several parts:
• a graphi
al user interfa
e,
• a s
ore player/re
order,
• a 
ontrol unit,
• a real-time render unit,
• an o�ine render unit
• and a 
ommon library for general fun
tions.Communi
ation between the di�erent parts ofthe program is based on the OSC proto
ol[7℄.Figure 3 gives an overview of the program partsand their 
ommuni
ation.

3.1 Graphi
al User Interfa
eThe graphi
al user interfa
e (GUI) provides di-alogs for loudspeaker array 
on�guration, gridpoint 
on�guration (possible sour
e positionsand their 
hara
teristi
s), 
omposition and areal time 
ontrol interfa
e. In the real time
ontrol interfa
e, it is possible to move sour
esaround with the mouse, as well as to store dif-ferent s
enes, between whi
h 
an be swit
hed.The GUI is 
urrently still in development, andwill be based on the 
urrent GUI [1; 2℄. It willbe ported to Qt4 [8℄, its usability will be im-proved, and we are working on ways to visualisethe timeline of two-dimensional movement.3.2 S
ore player/re
orderThe system 
an take any kind of audio in-put, so that the user 
an use the audio player(s)he prefers to play the audio. The s
oreplayer/re
order is used to syn
hronise with anaudio player and re
ord and playba
k sour
emovements. Syn
hronisation is based on MTC(Midi Time Code), as this is a 
lo
k formatwhi
h many DAW's support.
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Figure 3: S
hemati
 overview of the di�erent parts of the software sWONDER. The 
ontrol unit
an 
ommuni
ate with an arbitrary number (N) of realtime and o�ine renderers.3.3 O�ine rendererFor room simulations or for 
omplex soundsour
es [9℄, the 
al
ulations for the impulse re-sponses for ea
h speaker 
an take quite long, and
annot be performed in realtime. For this pur-pose, there will be an o�ine render unit, whi
htakes 
are of all these 
al
ulations, utilising thebene�t from parallel exe
ution on a 
luster.3.4 Control unitThe 
ontrol unit a
ts as a bridge between theuser interfa
e and the audio renderers; it also
ommuni
ates with the s
ore player/re
order.Though the sWONDER suite of programs willalso supply a graphi
al user interfa
e, any otherprogram that 
an send (and re
eive) OSC 
anbe used to 
ontrol the system. The user inter-fa
e only needs to 
ommuni
ate with the 
on-trol unit, and does not need to know anythingabout the audio rendering details; the 
ontrolunit takes 
are of that.3.5 Rendering engineThe real-time render unit is responsible for thea
tual audio signal pro
essing. It has severalways to deal with the audio streams: playba
kof dire
t sound, utilising weighted delay lines,
onvolution of the input sound for early re�e
-tions, and 
onvolution of the input sound for re-verb followed by a weighted delay lines to 
reateplane waves with the reverb tail. S
hemati
allythis is shown in �gure 4.The rendering engine 
onsists of two parts:twonder for the delay line implementation, andfwonder for the 
onvolution. Both programs are
ontrolled by OSC; audio input and output hasJACK as the audio ba
kend.

4 Dire
t sound4.1 Delay linesThe dire
t sound of a WFS synthesized sour
e,
onsists of the delayed and attenuated sour
esignal. This delay and attenuation is unique forea
h speaker. The dire
t sound of the sour
eis rendered in the time-domain by the twonderpart of the program.To initialise the delay lines, the length of thedelay lines need to be determined. The length isrelated to the largest distan
e a sour
e will haveto a speaker. Also, it needs to be de
ided howfar in front of the speakers we want to movea sour
e, as this determines the needed delayo�set. If no fo
used sour
es are needed, we 
anset the delay o�set to a smaller number, thusintrodu
ing less laten
y in the system. Theseoptions 
an be set per sour
e.4.2 Moving sour
esWhen a sour
e moves, the delay time will 
hange
ontinuously, as well as the volume fa
tor. Intwonder the delay time for the start and theend of the blo
k is 
al
ulated (thus these area kind of an
hor points), and the samples in-side the blo
k are resampled. This is 
lari�edin �gure 5. If the delay time is 20 samples atthe start of the blo
k, and 30 samples at theend of the blo
k, we need to output 10 sam-ples less than the a
tual blo
k size N . Thus,we need to resample N − 10 to N samples. Be-
ause of the CPU restraints (we need to do thisfor a lot of delaylines in realtime), we need ane�
ient resampling algorithm. We 
hose linearinterpolated resampling. The implementation isa modi�ed version of Bresenham's line drawing
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Figure 4: An overview of the audio signal pro
essing by the real-time render unit
N + m downN upN − lFigure 5: Illustration of the resampling problem:if the delay time gets longer within a 
ertainblo
k, we need to output more samples than wehave available in our bu�er. Thus, we need toupsample the avaible samples. If the delay timegets shorter, we need to output less samples,than we have available in our bu�er and we needto downsample them.algorithm [10℄, whi
h eliminates the need to 
asta �oat to an integer in the innner loop.Moving a sour
e in this way, 
reates a Dopplere�e
t, whi
h will be audible if the movement isvery fast. In some 
ases it is not desired to heara Doppler e�e
t, so another option for move-ment is provided, whi
h we have 
alled a fadejump. Using this option, the illusion of move-ment is 
reated by fading the sour
e out on oneposition, while fading it in on the next position.The update frequen
y for this 
an be set by theuser.4.3 Plane wavesPlane waves are a
hieved by just varying the de-lay times for ea
h speaker, based on the anglethe wave front makes with the speaker array. Adelay o�set is 
reated by giving the plane wavea point of origin in spa
e, in addition to its di-re
tion. This approa
h also makes it possible toswit
h from a point sour
e to a plane wave andvi
e versa.

Plane waves 
an be used to simulate sour
esthat are very far away and only have a dire
tion,or to simulate re�e
tions, as will des
ribed in thenext se
tion.5 Room simulationRoom simulation is a
hieved by adding re�e
-tions to the dire
t sound. This 
an be a
hievedin several ways: (1) in
lusion of a �rst re�e
tionin the delay line, (2) doing a short 
onvolutionfor early re�e
tions for ea
h speaker with o�ine
al
ulated impulse responses (IRs) and (3) doinga 
onvolution with a longer impulse response,the result of whi
h will be played ba
k usingplane waves.The �rst option is in development. In thisoption also a �lter on the re�e
ted sound 
an bein
luded, provided the �lter 
an be 
reated with
a. 8 FIR taps.The se
ond and third option are possible al-ready, though the o�ine renderer to 
al
ulatethe early re�e
tion impulse responses is notready yet. Alternately, other methods 
ould beused to 
al
ulate the early re�e
tion IRs, su
has an old version of sWONDER, or using anapproa
h based on measurements su
h as de-s
ribed in [11; 12; 13℄Ad 2: The impulse responses are unique toea
h sour
e position and speaker. Thus for ea
hspeaker a 
onvolution needs to be made. Thisoption is CPU-intensive, and requires all of theimpulse responses to be loaded into memory. In[14℄ resear
h is presented from whi
h 
an be 
on-
luded how 
losely gridpoints need to be spa
edto ensure per
eptual 
onsisten
y of the wave�eld, for a spe
i�
 setup (depending on the di-mensions of the virtual room, as well as the size



of the desired listening area).Ad 3: resear
h at the TU Delft has provedthat using 8 plane waves (at 45 degrees inter-val dire
tions) is su�
ient to 
reate a realisti
reverberation[15℄.5.1 ConvolutionThe fwonder program implements a fast 
onvo-lution from multiple inputs to (even more) mul-tiple outputs. It uses the same 
omplex multi-pli
ation method as BruteFIR [16℄. Instead ofextending BruteFIR we rewrote a 
onvolutionengine from s
rat
h, be
ause this was 
onsid-ered faster than extending BruteFIR, due to thela
k of transparen
y and do
umentation of theBruteFIR 
ode. The other available solutionswere not written in C++ or tied to SuperCol-lider [17; 18℄, whi
h would have slowed down de-velopment also. So we de
ided to reimplementthe algorithm, while learning from the others.5.2 IR 
a
hingWhen a sour
e is moving, we need to 
hange theimpulse responses being used. Be
ause the setof impulse responses does not �t into memory,a 
a
he stru
ture needs to manage the loadingof the impulse responses from disk.This problem is solved as follows: when theposition of a sour
e 
hanges the UI sends the ab-solute position in meter to the 
ontrol unit. The
ontrol unit sends the new position to twonder,and simultaneously 
al
ulates the 
orresponding(
losest) grid position for whi
h an early re�e
-tion impulse response is available, and sends thisinformation to the render unit. The render unitthen swit
hes the impulse responses used in the
onvolution to the new ones. Crossfading is usedto redu
e the artefa
ts of this pro
ess.Be
ause the loading of new impulse responsesis a task that takes some time to 
omplete, itshould happen before an event a
tually o

ursif possible. In real-time mode we do not knowin advan
e what parameters of whi
h sour
e will
hange next. As a solution the grid of points forwhi
h IRs are 
al
ulated is divided in an
horpoints and normal points. An
hor points arepoints whose IRs are always stored in memory.When a sour
e moves to a new lo
ation, �rstthe IR of the an
hor point is used, and then thesurrounding points are loaded into memory, sothat 
hanges to lo
ations nearby 
an be made inreal-time (see �gure 6). When there is a s
ore,we do know whi
h IRs are needed in the future,and we 
an determine the needed IRs in time,as shown in �gure 7.
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Figure 6: Loading grid point impulse responsesinto 
a
he. The bla
k points are the an
horpoints and 
orrespond to impulse responses thatare always loaded in memory. The red (darkestgrey) point indi
ates the grid point used for the
urrent position, the orange (grey) points theone for whi
h the IRs are 
urrently loaded inmemory. The light grey points are the availablepoints.
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Figure 7: Loading grid point impulse responsesinto 
a
he while playing a s
ore. As we know thefuture lo
ations of the sour
e, we 
an preloadthe IRs that 
orrespond pre
isely to the soundpath.The 
ontrol unit takes 
are of this s
hedulingof loading and unloading of IRs and sends 
om-mands to the render units to perform this (i.e.the render unit is 'stupid' and just follows theorders of the 
ontrol unit).5.3 Cal
ulating the IRsThe IRs as des
ribed above, will need to be
al
ulated beforehand with the o�ine renderer.This is handled as follows: in the UI the user



de�nes a grid of points and virtual room dimen-sions. Then he sends a message to the 
ontrolunit to start the 
al
ulation. The 
ontrol unitthen 
ommuni
ates with all the o�ine render-ers that are running, to perform this task, andsends a message ba
k to the UI when the taskis 
ompleted. Then the 
al
ulated IRs 
an beused in realtime.6 Time and syn
hronisationThere are several 
on
epts of time within thesystem: the user interfa
e 
an send messages,whi
h have to be exe
uted now and have a 
er-tain duration; or it 
an send messages whi
hhave to be exe
uted at a 
ertain time from nowand have a 
ertain duration.The s
ore player/re
order has to deal withboth MTC and syn
hronise itself to that 
lo
k,as well as 
ommuni
ate to the 
ontrol unit, justlike other user interfa
es.All 
ommuni
ation from the user interfa
e tothe 
ontrol unit about time, is in se
onds. Asthe renderers need to be syn
hronised with sam-ple a

ura
y, the 
ontrol unit translates the timein se
onds to frame time. The audio 
lo
k isused as the time referen
e. This 
lo
k is reliable,has got the desired granularity and is present onea
h render unit and the 
ontrol unit. The au-dio devi
es in the units are fed with a MADIsignal in
luding a word 
lo
k signal. Be
ausethe audio links are digital, a sawtooth generatedat the 
ontrol node, will be su�
ient to extra
tthe initial syn
hronisation position from the au-dio signal. When initial syn
hronisation is done,syn
 will be maintained by the word 
lo
k syn
.This leads to a system with one 
entral 
lo
kand avoids the need for 
lo
k skew 
ompensationwhi
h is needed when having multiple 
lo
ks.As an example we 
onsider the task of 
hang-ing the position of a sour
e. This informationis sent from the UI to the 
ontrol unit wherea timestamp for this event is generated. Sin
ethe 
ontrol unit has the information about thea
tual time in samples the messages will bestamped with this time referen
e and send tothe render unit.Both the 
ontrol unit and the render unit 
andeal with interpolation over time, i.e. it is pos-sible to send the 
ontrol unit a message to movea sour
e from one position to another with a
ertain duration of the movement. The 
ontrolunit will pass on this duration to twonder, whi
hthen interpolates the movement and 
al
ulatesthe positions (and thus the delays) at the end

of ea
h blo
k, and 
reates the movement. The
ontrol unit will also 
al
ulate the intermediatepositions on the grid, and ensure that the IRs forthe intermediate points are preloaded by fwon-der and the IRs needed for the 
urrent positionare swit
hed to in time.7 File formatsFor 
on�guration of the system and 
reating aproje
t with the system, several �les are neededto store the relevant data.It was 
hosen to use XML for the format forstoring this data, as it is easily extendible in 
aseof need.There are �les for:Con�guration This 
ontains the data aboutthe rendering units: the network setup andthe speaker setup.Proje
t This 
ontains the general settings fora proje
t, su
h as how many sour
es areused and the 
hara
teristi
s of ea
h sour
es.It 
an also 
ontain a s
ore, and settingsfor di�erent s
enes (stati
 
onstellationsof sour
es, between whi
h the user 
answit
h).Grid This 
ontains the information about thegrid points used for early re�e
tion 
al
ula-tion, as well as information about the im-pulse responses (path and format in whi
hthey are stored).As a basis for the proje
t �le format we usedthe XML-format for 3D audio as des
ribed in[19℄. Currently we are undertaking e�orts tostart a dis
ussion with other institutes that workon Wave Field Synthesis to agree upon a 
om-mon XML-format to be able to ex
hange 
on-tent.8 Working OSC 
ommandsIn table 1 an overview is given of the 
urrentlyworking OSC 
ommands.8.1 Proje
tTo be able to store s
enes, you need to
reate a new proje
t with the 
ommand:/WONDER/proje
t/
reate, with one string asargument: the proje
t name.You 
an save the proje
t with the 
ommand:/WONDER/proje
t/save, and later load it againwith the 
ommand /WONDER/proje
t/load.




ommand types arguments/WONDER/proje
t/
reate s proje
tname/WONDER/proje
t/load s proje
tname/WONDER/proje
t/save s proje
tname/WONDER/s
ene/add i s
ene no./WONDER/s
ene/sele
t i� s
ene no., time, duration/WONDER/s
ene/remove i s
ene no./WONDER/s
ene/set i s
ene no./WONDER/sour
e/position i��f sr
id, pos x, pos y, pos z, time, duration/WONDER/sour
e/angle i�f sr
id, angle, time, duration/WONDER/sour
e/type ii� sr
id, type, angle, timeTable 1: Working OSC 
ommands8.2 S
enesYou 
an 
reate a snapshot of the 
urrentsour
e positions (
alled a �s
ene�) and storethem in the proje
t, using the 
ommand/WONDER/s
ene/add with an integer as argu-ment for the slot number under whi
h you wantto store the s
ene.Later you 
an re
all the s
ene with the 
om-mand /WONDER/s
ene/sele
t, with as argu-ments the s
ene number, the time at whi
h the
hange to the s
ene should start, and the dura-tion in whi
h it should fade to the new s
ene.With /WONDER/s
ene/remove a s
ene isdeleted (and thus the slot is freed again). With/WONDER/s
ene/set you 
an overwrite an exist-ing s
ene. Note the subtle di�eren
e betweenadding a s
ene and setting a s
ene: adding 
re-ates a new s
ene and stores the 
urrent sour
epositions to it. It gives an error ba
k when thes
ene number already exists. �Set� stores the
urrent sour
e positions to an existing s
ene andgives an error ba
k if the s
ene slot does not ex-ist.8.3 Sour
e 
ontrolThere are two types of sour
es: point sour
e (see�g. 8a) and plane wave (see �g. 8b).With the 
ommand: /WONDER/sour
e/typeyou 
an set the type for one sour
e. Plane waveis �0�, point sour
e is �1�. The angle argumentis the start angle for the plane wave. When-ever the type is 
hanged you should also senda /WONDER/sour
e/position 
ommand, to setthe position of the sour
e. In the 
ase of a pointsour
e, this will be the a
tual position of thesour
e. In the 
ase of a plane wave, this is areferen
e point for the 
al
ulation; it should be
hosen to be a position somewhere behind thearray in the dire
tion where the plane wave is
oming from. This point determines the basi


(a) Point sour
e (b) Plane waveFigure 8: Sour
e typeslaten
y of the plane wave./WONDER/sour
e/position takes as argu-ments the sour
e id, the x and y position (inmeters), the z position (whi
h should be 1.0 fornow), the time at whi
h the 
hange should start(in se
onds from �now�), and the duration forthe 
hange to take pla
e (also in se
onds)./WONDER/sour
e/angle takes as argumentsthe sour
e id, the angle, the time at whi
h the
hange should start, and the duration for the
hange to take pla
e.9 Con
lusionsWe have presented the new ar
hite
ture of thesWONDER software, with a fo
us on the 
entral
ontrol unit and the audio rendering unit. Theuser interfa
e of sWONDER, a s
ore player ando�ine render unit are in development, to pro-vide a full suite of open sour
e tools for doingWFS.Parts of the software may also be useful forother purposes, su
h as the OSC-
ontrollable de-



laylines and 
onvolution engine.We plan to extend the software with optionsfor other spatial reprodu
tion te
hniques, su
has binaural headphone reprodu
tion and am-bisoni
s.10 A
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