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ABSTRACT

A new evaluation framework for virtual acoustic environments (VAE) is introduced. The framework is based on
the comparison of real-head recordings with physics-based room acoustic modeling and auralization. The real-head
recording procedure and VAE creation method are discussed and new signal processing structures for auralization

are introduced. As a case study, recordings were made in a classroom which was also modeled and auralized.

0 INTRODUCTION

In this paperwe reporta new framework for evaluating the quality
of virtual acousticenvironments(VAE). Theframevork is suitablefor
evaluatingboth staticanddynamicVAESs. In a staticervironmentthe
positionsof the soundsourcesandthelistener aswell astheroomge-
ometryarefixed, whereasn a dynamicVAE ary or all of thesemay
change.

Roomacousticmodelingandauralizationcanbe divided into two dif-
ferentapproachesjamelyperceptuabndphysics-basediodeling. In
perceptuamodelingtheaimis to find a setof perceptuallyrelevant pa-
rametersby which room acousticscan be rendered. For musicaland
multimediapurposesheseparameterincludesourcepresenceervel-
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opmentroompresencelatereverberanceetc. asdescribedy Jot[1].

The perceptuabpproachhasalsobeenusedby, e.g.,Pellarini [2, 3]

whosegoalhasbeenplausiblesimulationof a listeningroom. By con-
trast,in physics-basethodelingandauralizatiorthe behaior of sound
wavesin a modeledspaceis simulated. Room acousticmodelingis

oftendoneusingtheray-tracingmethod[4, 5]. However, for auraliza-
tion purposesheimage-sourcenethod[6, 7] is moredirectly suitable,
becauset gives the direct soundand early reflectionsin an efficient
manner With the image-sourcenethodlate reverberationis usually
implementedseparatelye.g.,by anefficient recursie algorithms.

The basicprinciplesandideasof physics-basedenderingweregiven
alreadyat 1983by Moore[8]. However, oneof thefirst completesound
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renderingsystemshat creatematuralsoundingrenderingwasimple-
mentedn Helsinki University of Technology(HUT) [9] andit is called
Digital Interactve Virtual Acoustics(DIVA). Thesoundrenderingpart
of the DIVA systemhasbeenreportedin moredetail by Savioja etal.
[10] andin this paperwe presenthe recentimprovementsto the sys-
tem.

The motivation for the evaluationframewvork presentedn this paper
camefrom the needto estimatethe quality of DIVA auralizationsys-
tem. Neverthelessthe framevork is modularand can be appliedin
evaluation of ary soundrenderingsystem. The modularity allows
changingof ary componentappliedin creationof both recordedand
auralizedsoundtrack.

In VAE creationour ultimategoalhasbeento develop a soundrender
ing applicationthatcanbe usedin acousticdesign.In its idealform an
authenticreproductionof a real ervironmentwould be indistinguish-
ablefrom therealenvironmentwithout ary exception[11]. Of course,
thisis not possiblebecausef simplificationsthat have to be madein
roomacousticmodeling. We try to do plausible,perceptuallyauthen-
tic, auralizationthat can be usedas a reliable tool in room acoustics
design. We know very well thatthe renderingwith samelevel of nat-
uralnescanbeimplementedwvith more efficient algorithmswith per
ceptualmodeling. However, our starting point hasbeento take the
roomgeometryandall the physics-basedatathatwe cangetandwith
this informationto realize naturalsoundingauralization. To achiee
this ambitiousgoal, we utilize the DIVA auralizationsystemwhich is
a physics-basedoom acousticmodelingand auralizationsystemthat
doesrenderingin time domain. The appliedauralizationmethoden-
ablesdynamicrenderingwith normalPC (without ary additionalDSP-
cards),runningLinux operatingsystem.

This paperis organizedas follows. First, the proposedevaluation
framework is introduced. We discussgeneralaspectsf evaluation,
room acousticmodeling, auralization,and soundrendering. Thena
more detaileddescriptionof DIVA auralizationis given with a case
study in which the proposedframevork is applied. Only the recent
improvementsof DIVA auralization[10] are presented Also, the de-
scriptionof recordingequipmentaswell asparametersisedin sound
renderingare presentedand possibleerror sourcesare discussed.Fi-
nally, conclusionsaredravn.

1 EVALUATION FRAMEW ORK FOR VIRTUAL ACOUSTIC
ENVIRONMENTS

In this framevork the evaluationof quality of auralizationis doneby
comparingreal-headrecordingsand auralizedroom acousticsimula-
tion (seeFig. 1). The real-headrecordingsare usedas reference
signals. The referencesoundtracksre preparedoy playing anechoic
soundsampledn the studiedroom andrecordingthe soundusingthe
real-headrecordingtechnique[12, 13] (see,e.qg.,[14] for moreabout
the fundamental®f binauralrecordingtechniques).The soundtracks
to beevaluatedarecreatedy auralizingmodelingresultsaspresented
ontheright columnof Fig. 1.

The novelty of this framewvork is thatit is also suitableto dynamic
soundrenderingwhich can not be realizedwith traditional convolu-
tion of binauralimpulseresponsesndanechoicstimulus[15]. Actu-
ally, traditionalcorvolution basedsoundrenderinghasbeenevaluated
respectiely by Pompetzki[16, 17]. In his work, he hasstudiedthe
influenceof modelcompleity andnumberof imagesourcesequired
for reasonablyauthenticperception.He usedstaticrenderingwith an
omnidirectionakource.

A FRAMEWORK FOREVALUATING VAES

ANECHOIC STIMULUS
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Fig. 1: Theframework for evaluatingvirtual acousticerviron-
ments.On the left columnthe processinglocksfor real-head
recordingsare presentedndon theright columnthe auraliza-
tion partsareillustrated.

1.1 ConsiderationsAbout the Evaluation Process

All possibleerror sourceshat do not dependon room acousticmod-
eling andauralizationshouldbe minimized. This meansg.g.,thatthe
samestimulushasto be usedin eachcase.In addition,inaccurag in
soundsourceandlistenemrmodelingshouldbekeptasminimal aspossi-
ble by usinga soundsourcewhoseradiationcharacteristicareknowvn
and by recordingwith a real headwith knovn HRTF characteristics.
For example,we areusinga high quality loudspea&r whoseradiation
propertiesveremeasuredn ananechoiadoom.

Real-headecordingsvithoutary stimulusshouldalsobemadeto cap-
turethebackgroundhoisein a studiedroom. Therecordedackground
noisecanthenbeaddedo auralizedsoundtracksothatthebackground
noiseis equalin comparisonln subjectve comparisorbinauralsound-
tracksshouldbe reproducedvith headphoneso that the acousticsof

thelisteningroomdo notaffectto theresults.Alternatively, loudspeak-
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ers canbe utilized if good listening conditionsand a properway to
reproducebinauralsountracksreavailable.

Oneproblemwith headphoneeproductionis thatheadphoneseldom
have veryflat frequeng responseandthemagnitudgaswell asphase)
errorsshouldbe compensatedA straightforvard methodto carry out
compensatiois to measurdneadphonéransferfunctionswhenthemi-
crophonesarein the entrance®f the earcanalsanddecowolve these
responsem reproduction.Thismeasuremeris oftencarriedout atthe
sameimewhenmeasurinddRTF functionsandheadphoneompensa-
tion canbeembeddeih thedesignedHRTF filters. However, in normal
casethereal-headecordingandHRTF measurement@renotmadeat
thesamedayandit cannotbeguaranteethatmicrophonepositionsin
earsareidenticals.If embeddedompensatiois appliedto HRTFsthis
might causesomeunwanteddifferencesespeciallyat high frequencies
(> 6 kHz, whenthe wavelengthof soundis the sameor smallerthan
the dimensionof pinnae).As a matterof fact, if utilized headphones
arevery high quality, no headphoneompensatiors neededbecause
the evaluationis doneby comparingsoundtracks. Anyway, the com-
pensatiorfor thefrequeny responsef the headphonesanbedoneif
needed.

1.2 Room Acoustic Modeling and Auralization

In roomacousticsimulationour goalis to createa totally artificial, but

still plausible,virtual auditoryervironment. In otherwords, no mea-
suredroomimpulseresponseareusedn soundrendering. Thismeans
thatthe soundsourcecharacteristicssoundpropagationin aroom as
well asthelistenerhave to bemodeled.

In DIVA auralizationthe modelingof room acousticsaredivided into
threeparts:themodelingof directsound earlyreflectionsandlatere-
verberation. The direct soundand early reflectionsare modeledwith
theimage-sourcenethodandlatereverberatiorwith anefficientrecur
sive algorithm. With the image-sourcenethodthe following parame-
tersfor eachreflection,ateachtime instant,arecalculated:

e orientation(azimuthandelevationangles)of soundsource
e distancefrom listener
e materialfilter parameters

e azimuthandelevation anglewith respecto thelistener

Theseparametersare usedin the auralizationprocessthat is imple-
mentedas the signal processingstructurepresentedn Fig. 2. The
signalprocessindlockscontainthefollowing filters:

o S,(z) is adiffusefield filter of a soundsource.

o Fy(z) is adiffusefield filter of HRTFs.

e Ty...n(2) containthe soundsourcedirectvity filter, distance
dependengain, air absorptiorfilter and materialfilter (not for

directsound).

e Fy . n(z) containdirectionalfiltering realizedwith separated
ITD andminimum-phaséilters for HRTFs.

e Risalatereverberatiorunit.

Eachof theseblocksis discussedn modedetailin the casestudysec-
tion.
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Fig. 2: The DIVA auralizationsignal processingstructure.
Fromthelongdelayline D L the soundsignalis pickedto filter
blocksTy...n (2) accordingto the distanceof theimagesource
from thelistener

1.3 SoundRendering

TakalaandHahn[18] have definedthe term soundrenderingasa pro-

cessof forming a compositesoundtrackirom componentsoundob-

jects.Here,thesoundobjectsaresuchasthedirectsound earlyreflec-
tionsandlate reverberation.Thus,soundrenderingin our casemeans
processingf anechoicrecordings(or syntheticsound)so that spatial
characteristicareincludedin theresultingsoundtrack.

Staticsoundrenderingwheresoundsourceandthelisteningpointare
not moving, is usuallydoneby convolving an anechoicstimuluswith
binauralroom impulseresponse$l5]. The convolution processcan
be realizedin time or frequeng domainandis moreor lessa trivial
operation.

By contrastdynamicsoundrenderingjn which anything canmove, is
not trivial, becauséinauralroomimpulseresponsesannot be used.
In fact,if theervironmentis dynamictheimpulseresponsés notary-

more defined. However, the actualrenderingprocesscan be donein

several parts. Thefirst part consistsof direct soundandearly reflec-
tions, both of which are time- and place-ariant. The latter part of

renderingrepresentshe diffusereverberanffield, which canbetreated
asa time-irvariantfilter. In practicethis meansthat the direct sound
andearlyreflectionsarerenderedaccordingto parametersbtainedby
roomacousticmodeling,namelyimagesourcemodeling. Theseaural-
izationparametergpresentedn the previous section)definethe coefi-

cientsfor filters Ty v (2) andFy. . v (2) (seeFig. 2) aswell assound
pick-uppointsfrom thedelayline DL.

The signalprocessingparameterin DIVA systemis dividedinto ren-
deringandauralizationparametersThe auralizationparameterspre-
sentedn Sectionl.2, areobtainedfrom imagesourcecalculationpro-
cessandneednot to be updatedfor every sample. However, the ren-
deringparametersiave to be definedsampleby samplebasis,andthey
arecreatednterpolatingauralizatiorparameterThereasonablepdate
rateof auralizationparameterslepend®n the availablecomputational
power and speedof movement. If very fastmovementsare required
the updateratehasto be higherthanwith slov movements Otherwise
someaudibleartifactsoccur Theseartifactscanbe clicks, for exam-
ple, comingfrom too big changesn filter coeficientsor inaccurag in
localizationasreportede.g.,by Wenzel[19].
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2 A CASE STUDY OF A LECTURE ROOM

As a casestudythe proposedevaluationframevork was appliedto a
lectureroom (dimensionsl2 m x 7.3 m x 3 m) thathasquite a simple
geometryaspresentedn Fig. 3. In this sectionwe will describenow

real-headecordingsandsoundrenderingveremade.We alsopresent
in moredetailthe DIVA auralizationsystemanddetailsof all applied
filters.

For this casestudy we recordedand simulatedsix caseswith differ-
entlistenerpositionandorientationcharacteristicsTwo of thesewere
staticcaseqlisteningpointss1ands2),andfour weredynamiccases,
namelytwo turningsand two walk-paths. In turning casedistening
pointss1 ands2were usedwith the headmovementstl andt2 illus-
tratedin the cornerof Fig. 3. The dynamicwalk-pathswl and w2
wereboth madesothatthelisteners headwaspointingto the forward
directionwhenwalking.

turnings
tl and t2

source

g

Fig. 3: The 3D modelof the studiedlectureroom. In addition,
differentrenderingcasestwo staticonestwo turnings,andtwo
walk-paths,are depicted. Headturningstl andt2 areapplied
in therecever pointsslands2.

2.1 Real-HeadRecordings

The referencesoundtracksvere preparedby playing anechoicsound
samplesin the studiedroom andrecordingthe soundusing the real-
headrecordingtechnique. The soundsampleswere music, suchas
singing,guitar andclarinet.In addition,we usedsnaredrumhitswhich
arewidebandtransient-lile signals.The anechoicstimuli wereplayed
with a CD player(Sory Walkman)andreproducedvith a smallactive
loudspeatr (Genelecl029A). SmallelectretmicrophonegSennheiser
KE 4-211-2),usedwith a custommadepreamplifiey were placedat
the entrance®f the earcanalsandconnectedo a DAT recorder The
contentf the DAT tapewerethentransmittedo the computeredited
andequalizedor headphondistening(seeleftmostcolumnin Fig. 2).
All recordingsaswell asauralizationsveredoneat 48 kHz sampling
frequeny.

A FRAMEWORK FOREVALUATING VAES

2.2 Auralization Parametersand Filters

A polygonal3-D modelof the studiedclassroomis usedto calculate
auralizationparameterfor thedirectsoundandearlyreflections.With
theseparameterghe direct soundand early reflectionsare auralized
takinginto accounthedirectvity of thesoundsource air andmaterial
absorption,and distancedelay and attenuationas well as directional
filtering with HRTFs. The appliedHRTFsaremeasuredrom the same
headwith which thereal-headecordingsveredone.To obtainacom-
pletesimulatedsoundtraclalsolatereverberationis addedo theaural-
ized early partof theroomresponseThe late reverberatioralgorithm
thatcreatedliffuselatereverberations adjustedaccordingo anobjec-
tive analysisof the roomimpulseresponsee.g.,reverberatiortime at
differentfrequenyg bands.

Filter designhasbeenrealizedwith Matlab [20] software by apply-
ing differentdesignmethods.All the designproblemshave beenfilter
fitting problemswherethefilter hasbeenmatchedo ameasurednag-
nituderesponsg¢appliedwith soundsourcedirectivities andHRTFs)or
to somegivendiscretemagnitudevaluesat certainfrequenciegapplied
with air andmaterialabsorption).

Beforefilter designwe preprocessethe magnituderesponseso that
thefilter fitting hasminimalerrorsby auditoryperceptiorpointof view.
Applied methodswerefrequeng dependensmoothingandweighting
accordingto ERB scale[21]. Themoststraightforvard way to accom-
plishsmoothings to usemoving averagingof variablewindow size,in
this casewindow sizewasan ERB band. In filter designwe usedal-
gorithmswhich allow frequeng dependentveighting,which hasbeen
foundto beveryuseful.In addition,we have usedanequivalentmethod
wherea given magnituderesponsés resamplediccordingo ERB res-
olution and thenfilter fitting is realized. The applied preprocessing
methodsyield filters thatrespecthe nonlinearfrequenyg resolutionof
thehumanhearing.

Soundsourcedir ectivity is quitea difficult phenomenomo model. A
goodoverviewn of thedirectvity of soundsourceshasbeenwritten by
Giron[22]. As mentioneckarlier we usedasmallGeneledoudspea&r
asthe soundsourcein our recordingandmodeling. For modelingpur-
poseswe measuredoudspeakr impulseresponses anechoicroom
from 24 differentazimuthangles(every 15°) and4 elevation angles
(0°, 30°, 60°, and90°), in total 96 responsesFromthesemeasure-
mentsa filter grid of every 5° in azimuthandelevation wasdesigned.
Finally, thetotalamountof designedilters was1368andthey wereap-
plied symmetricallyfor negative elevations,althoughthe loudspea&r
radiationcharacteristicarenotstrictly symmetricain upperandlower
hemisphere.

The soundsourcedirectvity filtering hasbeenrealizedaccordingto
ideaspresentedreviously [23, 24, 25]. Thefiltering is distributedto
two filters (for eachsoundsourceandreflection),namelydiffusefield
filter (Sq(2) in Fig. 2) anddirectvity filter (Do... x (2) in Fig. 4). The
measurednagnitudeesponsandfitted lIR filter (order30) of thedif-
fusefieldfilter is depictedn Fig. 5. Thetamgetdiffusefield powver spec-
trumhasbeenderivedfrom all measuredesponseby power-averaging

N
Sulw,0,6) = | v O Hilw, 0,9 cosp ()
i=1

where@ is the azimuthangle, ¢ is the elevation angle,andw is the
angularfrequeny.

Filtering the input signal with the diffuse field filter of the source
(S4(2) in Fig. 2) hasmary adwantages.First of all, it makesthe de-
signof primarydirectvity filter (Do...n (2) in Fig. 4) mucheasierby
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flatteningtheresponsat low andhigh frequenciesThis is alsocalled
diffusefield equalizatiorandit allows the useof lower orderfilters for
the primary directity filter. In our casewe used7t” orderlIR filters.
The otheradwantageis that the signalfed to the late reverberational-
gorithmis filtered by the averagedirectvity of the soundsource.This
way the late reverberationspectrumis modifiedwith soundsourcedi-
rectvity propertiesasexplainedin [24].

Air and material absomtion filters were designedas presentedy
Huopaniemiet al. [26, 10]. Air absorptiontransferfunctionswere
calculatedbasedon the standardize@quationg27] andfirst-oderlIR
filters werefitted to the resultingmagnituderesponses.

Thematerialabsorptiorfilters werefitted to the absorptiorcoeficients
dataavailable at octave bands. When soundis reflectedfrom two or

more surfacesthe absorptiondatacan be cascadedo that only one
filter is needed.The algorithmfor realizingcascade@bsorptioncoef-

ficient datawith alow-orderlIR filter wasasfollows. First, all possi-
bleboundaryabsorptiorcombinationsverecalculatecandtransformed
into reflectancedata. In the secondphase,the resultingamplitudes

weretransformednto a minimum-phaseomple frequenyg response.

A frequeng-domainweightedlieast-squareftting algorithmwasthen
appliedto thecomplex reflectancelata.As aresult,avectorcontaining
reflectionfilter coeficientsfor all surlacecombinationsvasstoredfor
usein the system.

Binaural filtering wasrealizedwith adiffusefield filter (F;(z) in Fig.
2) andwith diffusefield equalizedHRTFfilters. Thediffusefield equal-
ization hasbeendiscussedn moredetailin [14]. This efficientimple-
mentation,presentechs division into an angle-independerart (the
diffusefield part) anda directionaltransferfunction (DTF) by Kistler
andWightman[28], hasmary adwantagesTheangle-independeriea-

A FRAMEWORK FOREVALUATING VAES

turescanbemodeledasagenerafilter for all directionsandasaconse-
guencethe DTFscanbedesignedisinglower-ordermodelsthanthose
usedfor full HRTFs. In our implementatiorthe diffusefield filter is
alsousedfor spectraimodificationsof thelatereverberation.

Diffuse field filter of the sound source (IIR N=15)

—— Response
_ - - - Designed filter

Magnitude [dB]
b

|
N
o

T
~

-25+

-30 > 3 »

Frequency [Hz]

Fig. 5: Diffusefield filter of thesoundsource(S4(2) in Fig. 2).
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Fig. 4: Detailedfiltersin Ty~ (2) andFo._ N (2).
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Thereexists several methodsto definea diffusefield binauralfilter re-
sponsef29]. We tried two different methodsand the magnitudere-
sponsesas well asthe responseof the appliedfilter are depictedin
Fig. 7. Thefirst methodis equialentto diffusefield sourcedirectvity
designandcanbe calculatedwith Eq. (1) from a setof free-fieldmea-
suredHRTFs. However, this methodproduceda magnituderesponse
in which high frequenciesreattenuatedjuite alot. Theotherapplied
method proposeddy Larcheretal. [29], allows measuringhe diffuse
field filters in a normalroom. In this methodthe real-headmpulse
responseanda monauralimpulseresponsare measuredn a normal
room, at the samepoint. The diffuse field binauralresponseés esti-
matedon the late part(afterearlyreflections)of the measuredmpulse
responsesWe usedthe partbetweerb0 and 75 ms. Thenthis omnidi-
rectionalimpulseresponsgartis decowolved from binauralresponse
partsandtheresultingfrequeny responsearediffusefield binauralre-
sponsesAveragingfrom a few measurementandfrom both ears,we
achiered aresponsédseeFig. 7) to which we fitted the applieddiffuse
field filter.

Thefilter designprinciplesof the primary HRTF filters (Hy.._n (2) in

Fig. 4) hasbeenreportedin [10, 30]. As depictedin Fig. 4 theHRTF

filter is dividedinto ITD part(implementedvith a puredelayline) and
aminimum-phaseounterparbf HRTF. TheITD wascalculatedusing
asphericaheadbasedTD model(discussedn, e.g.,[31]) with added
elevationdependengc(cos ¢) [10].

_a(sinf +0)

ITD = cos ¢ (2
2c

wherea is theradiusof thehead,§ is theazimuthangle, ¢ is theele-
vationangle,andc is the speedof sound.For minimum-phaséRTFs
we usedFIR filters of order60.

A FRAMEWORK FOREVALUATING VAES

Diffuse field binaural filter (IIR N=30)

10 T T

Magnitude [dB]

—— Diffuse response from measurement /
-8 - - Diffuse response from HRTFs a
- - - Designed filter I

10° 10° 10"
Frequency [Hz]

Fig. 7: Diffusefield binauralfilter (F;(z) in Fig. 2).

The late reverberation in aroom is often considerechearly diffuse
and the correspondingmpulseresponsexponentiallydecayingran-
dom noise[32]. Undertheseassumptionshe late reverberationdoes
nothave to bemodeledasindividual reflectionswith certaindirections.
Therefore to save computationin late reverberationmodeling,recur

sive digitalfilter structuredhave beendesignedwhoseresponsemodel
thecharacteristicsf realroomresponsessuchasthefrequeng depen-
dentreverberatiortime.

The applied artificial reverberationis parameterizedasedon room
acoustiattributesobtainedwith impulseresponseneasuremenis the
studiedroom.

out(left)
1

Y

Hl(z) Al(z)

Y

H2(z) AZ(Z)

Y

HB(Z) Aéz)

HA(Z)

Y

A f2) (P

out(right)

pd _|_’

Fig. 6: Latereverberatioralgorithm. Thefilters H; _4(z) arelowpasdIR filters of 1°¢ orderandA:._4(z) arecomb-allpassilters.
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Theappliedlate reverberatioralgorithm[33] containsn parallelfeed-
backloops,whereacomb-allpasiilter is in eachloop (seeFig. 6). It is
a simplificationof afeedbaclkdelaynetwork (FDN) structure[34, 35]
and producesnatural soundinglate reverberation. The comb-allpass
filtersin thefeedbackoops,denotedby A; ...4(2) in Fig. 6, areadded
to producean increasedeflectiondensity Thefilters Hy .. 4(z) im-
plementthe frequeng dependenteverberationtime. Eachof them
containsa simple all-pole first order lowpassfilter whoseparameters
arecalculatechutomaticallywhenusergivestherequiredreverberation
time atlow andhigh frequenciesThe lengthsof the delaylinesin the
loopsare chosento be mutuallyincommensuraté samplego avoid
reflectionsoccurringat the sametime, andstrongcolorationcausedy
coincidingmodesn thefrequeng domain[32].

Theinputsto thereverberatorare picked directly from the main prop-
agationdelayline (DL in Fig. 4). The fixed pick-up pointswerear
bitrarily chosersothatthe beginning of the late reverberationslightly
overlapswith lastearly reflections. To increasethe reflectiondensity
the input signalsare fed througha Hadamardmatrix. The otherad-
vantageproducedby the Hadamardmatrix is thatit makes reverber
ation outputshighly uncorrelated.This is importantfrom the human
perceptiorpoint of view andhelpsin externalizationin headphonee-
production.However, this uncorrelatioris notfrequeng dependenas
in realcasewhenhigh correlationat low frequencieoccurs. Thelow
frequeny correlationcanbe achiered with a correlationfilter [24, 1],
but we have notimplementit.

2.3 SoundRendering

Theauralizatiorprocessn DIVA systemis dividedinto two processes,
namelyimage-sourcenethodand soundrendering. Accordingto the
positionsandorientationsof the surfaces the soundsource(s)andthe
listenerimagesourcecalculationprovidesauralizatiorparametergre-
sentedin Sectionl1.2. Both staticand dynamicrenderinghave been
implementedn the samemanner Naturally with staticrenderingthe
interpolationspresentedbelow, arenotneeded.

In dynamic rendering, in which parametersf the direct soundand
early reflectionsaretime variant, every single parametehasto bein-
terpolatedfor every sample. The imagesourcecalculationuseswith
a chosenupdatefrequeng (usually from 20 to 100 Hz) when com-
puting new auralizationparametersWith theseparametershe sound
framebetweerprevious andthe new updatesare processedSomefil-
terscoeficients,suchasmaterialandair absorptiorand HRTF filters,
canbeupdatedwithout ary problemswhena new parametesetis re-
ceved. However, the soundsourcedirectiity filters, being7t" order
IIR filters, cannot be changedwithout interpolation. This is doneby
calculatingtwo filters andcross-adingthem.

In additionto filter coeficient changeghe pick-up pointsfrom delay
line (DL in Fig. 2) have to be changedvhenlisteners distancefrom
the soundsourcechanges.This operationis a kind of resamplingand
hasto be doneusing fractional delays[36] if a continuousoutputis
desired.As depictedn Fig. 4, we usedthe simplestpossiblefractional
delay a first orderFIR filter. The dravbackof sucha simplebut ef-
ficient filter is shavn in Fig. 8. The high frequenciesare attenuated
whenthe desiredpick-up pointis betweerntwo samplesHowever, this
attenuationis not very severe (worst case when exactly betweentwo
samples? dB at 10 kHz and5 dB at 15 kHz). The worstcaseoccurs
rarely becausevhile the pick-up pointis moving it seldomhappengo
beexactly in themiddle of two samplesActually, whathappendgo the
direct soundand eachreflectionis thatin movementsthe attenuation
changedetweemull andtheworstcase(seeFig. 8). Theupdatedde-
lay valuesarealwvaysintegervaluessowhenthelistenerdoesnotmove
no fractionaldelayis applied. The othercasewherefractionaldelays
areusedis in ITD delays. In this casethe fractional delayis always
appliedto the contralaterakar thefilter of which alreadyhasstrongly
attenuatedhigh frequencies.

A FRAMEWORK FOREVALUATING VAES

Magnitude responses of FIR FD filter {h(0)=1-g, h(1)=g}

Magnitude [dB]

I

I
QQQQQQQQ
Iy iyl
Soooo0
apwnN -

10 10°
Frequency [Hz]

-15

Fig. 8: Magnituderesponsesf FIR fractionaldelayfilters of
1%t orderwith differentgainvalues.

Theadwantageof this interpolationis thatit givesa continuousoutput.
If this small high frequeng attenuations disturbingfor someappli-
cations,more sophisticatedractionaldelayscanbe applied. Another
way, presentedy Wenzeletal. [37], is to useupsamplingoeforethe
fractionaldelay The interpolationalso gives a Doppler effect if the
listener(or the soundsource)is moving fastenough.Indeed eachre-
flection hasits own interpolationratedependingon the changein dis-
tance.Accordingto our knowledgethis is alsothe casen reallife, and
in reverberantspacethe Dopplereffect is not so easilyperceved asin
freefield conditions.

TheDopplereffectindeedaffectsto thewalk-path creation neededn

modeling. In this casestudywe hadto createby handthe samewalk-

pathsthatwererecorded Theappliedmethodwasto usekeypointsand
interpolatewith spline functionsbetweenthesekeypoints. The key-

pointshave to beselectedvith greatcaresothattheinterpolationdoes
notcreatefastaccelerationsr decelerationslf thesgphenomenaccur
they areheardasaslightflangereffect or beating.

Synchronizing recordedand modeledsoundtracksis anissuewhich
hasto be handledwith greatcarebecausen subjectve evaluationthe
soundsamplesare listenedwith AB comparisortest. No automatic
synchronizatiormethodwasapplied insteadhesoundtracksveresyn-
chronizedmanually A good and practicalway to do it is to listen,
e.g.,theleft channelof both soundtracksvith headphonesothatthe
recordedoneis playedto theright earandthe auralizedoneto theleft
ear Thiswaytheunsynchronizatiors easilydetectecandcanbefixed.

In our simulationsthe update rate for the auralizationparametersvas
100 Hz. The updaterate neededor good perceptuabjuality depends
on the speedof the simulatedmovement,in our casemainly the an-
gularvelocity of the headin the turning points. The necessaryipdate
rate may alsodependon the methodandimplementatiorselectedor
HRTF filter interpolation;in somecasesinwanteddisruptionamayoc-
curif the updaterateis too small. From the perceptuapoint-of-viev
the selectedipdaterateshouldgive flawlessresults(seee.g.,[19]).

For our casestudy the simulationsto be comparedvith therecordings
were preparedoff-line. Thus, the latenciesintroducedby the aural-
ization systemwere not a big concernfor us. Additionally, because
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the recordingswere madewithout ary positionaltracking, it wasim-
possibleto make the real and simulatedtrajectoriesexactly the same.
However, the simulationsystemis capableof real-timerenderingwith
systemlatenciessuitablefor interactve use.

3 DISCUSSION

The simulationsystemcontainsdozensor even hundredf digital fil-
tersandotherprocessingomponentskor thisevaluation,ourgoalwas
to createa virtual acousticervironmentthatwould soundasnaturalas
possibleand could be directly comparedwith real recordings. Thus,
we did not aim for ultimate efficieng at this point, but we will make
simplificationsto the simulationsystemlater checkingthe systemfor
perceptuadiifferencesftereachmodification. Thecompromisesnade
in computationakfficiengy and optimalfilter ordersresultedin simu-
lation times abouttwice the time durationof the soundsampleson a
normal powerful PC computer(a 500 MHz Intel Pentiumlll Proces-
sor).

Theoptimalsolutionfor filter ordersandthechoserfilter designmeth-

odsarehardto define.For examplewe know thatHRTF filtering canbe

performedwith lesscomputationatequirement®y using,e.g.,princi-

pal componenbasisfunctions[28, 38] or the interauraltransferfunc-

tion model[39]. However, our first goal is to make as perceptually
authenticauralizationas possibleand the secondgoal is to optimize
thecomputationatequirements.

3.1 Preliminary Results

In this casestudyimagesourcesvere calculatedup to the third order
reflections.In the studiedspace(Fig. 3) this means30-50reflections
thatarrive to the listenerin the time window of 50 ms after the direct
sound.Thelatereverberatioralgorithmstartsto createoutput“reflec-
tions” after30ms, thusit is alittle bit overlappingwith thelastmodeled
earlyreflections.In Fig. 9 two impulseresponsesneasure@ndmod-
eled,aredepictedo clarify thisoverlapping.ln addition,theresponses
shawv thatourmodelingis notyet perfectandtheresponsebok differ-
entin the beginning. However, theseerrorsin modelingareatlow and
highfrequencieshut thefirstlisteningtestg40] shavedthatatmid fre-
quenciesour modelingis quitereliable. The staticimpulseresponses
canalsobe analyzedwith objectve methodssuchastraditionalroom
acousticattributes basedon soundenegy decayof impulseresponse
on one-thirdoctave or octave bands. This analysisis out of the scope
of this article, aswell asthe appliednovel auditorily motivatedtime-
frequenyg analysismethod[41]. However, objectve analysiswill be
presentedn nearfuture[42].

Possiblenodelingerrorscanbedividedinto threegroupsaspresented
in Table1. This coarsedivision is basedon theresultsof informal lis-
teningtestswith the DIVA auralizationsystem. All “negligible” and
“clearly audible”errorscanbefixedby usinglongerandmoreaccurate
filtersaswell asmoretimein refiningthemodels.However, “modeling
errors”cannotbeovercomeusingtheimage-sourcenethod but we do

A FRAMEWORK FOREVALUATING VAES

not know the relevanceof theseerrorsfrom perceptionpoint of view.
For example,the diffraction needsa moreelaboratenodelingmethod
[43].

1 T .
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o 0.5f |
©
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1 :
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Fig. 9: Measuredand modeledimpulseresponsén listening
points1(measuredn theentranceof theleft ear).

4 CONCLUSION

The evaluationframework for virtual acousticervironmentshasbeen
introducedwith a casestudydonein anordinarylectureroom. In our
evaluationframework, real-headecordings(both staticanddynamic)
are usedasreferencesoundsignals. The methodsand equipmentfor
creatingthesereferencesoundtracksrereported by pointing out the
designandimplementationssuef goodquality real-headecordings.
Alsothepost-processing.e.,theheadphonequalizationijs discussed.

In the casestudy sectionthe descriptionof the recentimprovements
madeto the DIVA auralizationsystemwere presented.The filter de-
sign methodswereoverviaved andauralizationcomponentsveredug
in moredetail. Also the soundrenderingissues suchasdynamicren-
dering, updaterate and computationakfficienyy werediscussed.Fi-

nally, the quality of the DIVA auralizationsystem—tobe evaluated
with proposedramevork—wasdiscussed.

Negligible or barely audible

Clearly audible

| Modeling errors

smallerrorsin distancedelaymodeling
smallerrorsin air absorptiormodeling
smallerrorsin walk-pathcreation
smallerrorsin materialabsorption
modeling

smallerrorsin distanceattenuation
modeling

errorscausedy interpolations
errorsin HRTF modeling

errorsin sourcedirectvity modeling
errorsin latereverberatiormodeling
numberof imagesourcesised

lack of diffractionmodel
lack of diffusereflectionmodel

Tablel: Theerrorsourcedetweerrecordedandsimulatedsoundtracksisingthe DIVA auralizationsystem.
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