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0 INTRODUCTION
In this paperwe report a new framework for evaluating the quality
of virtual acousticenvironments(VAE). Theframework is suitablefor
evaluatingbothstaticanddynamicVAEs. In a staticenvironmentthe
positionsof thesoundsourcesandthelistener, aswell astheroomge-
ometryarefixed, whereasin a dynamicVAE any or all of thesemay
change.

Roomacousticmodelingandauralizationcanbedivided into two dif-
ferentapproaches,namelyperceptualandphysics-basedmodeling. In
perceptualmodelingtheaimis to find asetof perceptuallyrelevantpa-
rametersby which room acousticscanbe rendered.For musicaland
multimediapurposestheseparametersincludesourcepresence,envel-

opment,roompresence,latereverberance,etc.asdescribedby Jot[1].
The perceptualapproachhasalsobeenusedby, e.g.,Pellegrini [2, 3]
whosegoalhasbeenplausiblesimulationof a listeningroom.By con-
trast,in physics-basedmodelingandauralizationthebehavior of sound
waves in a modeledspaceis simulated. Room acousticmodelingis
oftendoneusingtheray-tracingmethod[4, 5]. However, for auraliza-
tion purposestheimage-sourcemethod[6, 7] is moredirectlysuitable,
becauseit gives the direct soundandearly reflectionsin an efficient
manner. With the image-sourcemethodlate reverberationis usually
implementedseparately, e.g.,by anefficient recursive algorithms.

The basicprinciplesandideasof physics-basedrenderingweregiven
alreadyat1983by Moore[8]. However, oneof thefirst completesound
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renderingsystemsthatcreatesnaturalsoundingrendering,wasimple-
mentedin HelsinkiUniversityof Technology(HUT) [9] andit is called
Digital Interactive Virtual Acoustics(DIVA). Thesoundrenderingpart
of theDIVA systemhasbeenreportedin moredetailby Savioja et al.
[10] andin this paperwe presentthe recentimprovementsto thesys-
tem.

The motivation for the evaluationframework presentedin this paper
camefrom theneedto estimatethe quality of DIVA auralizationsys-
tem. Nevertheless,the framework is modularandcan be appliedin
evaluation of any soundrenderingsystem. The modularity allows
changingof any componentappliedin creationof both recordedand
auralizedsoundtrack.

In VAE creationour ultimategoalhasbeento developa soundrender-
ing applicationthatcanbeusedin acousticdesign.In its idealform an
authenticreproductionof a real environmentwould be indistinguish-
ablefrom therealenvironmentwithout any exception[11]. Of course,
this is not possiblebecauseof simplificationsthathave to bemadein
roomacousticmodeling.We try to do plausible,perceptuallyauthen-
tic, auralizationthat canbe usedasa reliable tool in room acoustics
design.We know very well that the renderingwith samelevel of nat-
uralnesscanbe implementedwith moreefficient algorithmswith per-
ceptualmodeling. However, our startingpoint hasbeento take the
roomgeometryandall thephysics-baseddatathatwecangetandwith
this information to realizenaturalsoundingauralization. To achieve
this ambitiousgoal,we utilize theDIVA auralizationsystemwhich is
a physics-basedroom acousticmodelingandauralizationsystemthat
doesrenderingin time domain. The appliedauralizationmethoden-
ablesdynamicrenderingwith normalPC(withoutany additionalDSP-
cards),runningLinux operatingsystem.

This paper is organizedas follows. First, the proposedevaluation
framework is introduced. We discussgeneralaspectsof evaluation,
room acousticmodeling,auralization,and soundrendering. Then a
more detaileddescriptionof DIVA auralizationis given with a case
study in which the proposedframework is applied. Only the recent
improvementsof DIVA auralization[10] arepresented.Also, the de-
scriptionof recordingequipmentaswell asparametersusedin sound
renderingarepresentedandpossibleerror sourcesarediscussed.Fi-
nally, conclusionsaredrawn.

1 EVALUATION FRAMEW ORK FOR VIRTUAL ACOUSTIC
ENVIRONMENTS
In this framework the evaluationof quality of auralizationis doneby
comparingreal-headrecordingsandauralizedroom acousticsimula-
tion (seeFig. 1). The real-headrecordingsare usedas reference
signals. The referencesoundtracksarepreparedby playing anechoic
soundsamplesin thestudiedroom andrecordingthesoundusingthe
real-headrecordingtechnique[12, 13] (see,e.g.,[14] for moreabout
the fundamentalsof binauralrecordingtechniques).The soundtracks
to beevaluatedarecreatedby auralizingmodelingresultsaspresented
on theright columnof Fig. 1.

The novelty of this framework is that it is also suitableto dynamic
soundrenderingwhich can not be realizedwith traditional convolu-
tion of binauralimpulseresponsesandanechoicstimulus[15]. Actu-
ally, traditionalconvolution basedsoundrenderinghasbeenevaluated
respectively by Pompetzki[16, 17]. In his work, he hasstudiedthe
influenceof modelcomplexity andnumberof imagesourcesrequired
for reasonablyauthenticperception.He usedstaticrenderingwith an
omnidirectionalsource.
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Fig. 1: Theframework for evaluatingvirtual acousticenviron-
ments.On the left columntheprocessingblocksfor real-head
recordingsarepresentedandon theright columntheauraliza-
tion partsareillustrated.

1.1 ConsiderationsAbout the Evaluation Process
All possibleerror sourcesthat do not dependon room acousticmod-
eling andauralizationshouldbeminimized. This means,e.g.,that the
samestimulushasto beusedin eachcase.In addition,inaccuracy in
soundsourceandlistenermodelingshouldbekeptasminimalaspossi-
ble by usinga soundsourcewhoseradiationcharacteristicsareknown
andby recordingwith a real headwith known HRTF characteristics.
For example,we areusinga high quality loudspeaker whoseradiation
propertiesweremeasuredin ananechoicroom.

Real-headrecordingswithoutany stimulusshouldalsobemadeto cap-
turethebackgroundnoisein astudiedroom.Therecordedbackground
noisecanthenbeaddedto auralizedsoundtrackssothatthebackground
noiseis equalin comparison.In subjective comparisonbinauralsound-
tracksshouldbe reproducedwith headphonesso that theacousticsof
thelisteningroomdonotaffect to theresults.Alternatively, loudspeak-
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ers can be utilized if good listening conditionsand a properway to
reproducebinauralsountracksareavailable.

Oneproblemwith headphonereproductionis thatheadphonesseldom
haveveryflat frequency responsesandthemagnitude(aswell asphase)
errorsshouldbecompensated.A straightforward methodto carryout
compensationis to measureheadphonetransferfunctionswhenthemi-
crophonesarein theentrancesof theearcanalsanddeconvolve these
responsesin reproduction.Thismeasurementis oftencarriedoutat the
sametimewhenmeasuringHRTF functionsandheadphonecompensa-
tioncanbeembeddedin thedesignedHRTFfilters. However, in normal
casethereal-headrecordingsandHRTF measurementsarenotmadeat
thesamedayandit cannotbeguaranteedthatmicrophonepositionsin
earsareidenticals.If embeddedcompensationis appliedto HRTFsthis
mightcausesomeunwanteddifferences,especiallyathigh frequencies
( j 6 kHz, whenthewavelengthof soundis the sameor smallerthan
thedimensionsof pinnae).As a matterof fact, if utilized headphones
arevery high quality, no headphonecompensationis needed,because
the evaluationis doneby comparingsoundtracks.Anyway, the com-
pensationfor thefrequency responseof theheadphonescanbedoneif
needed.

1.2 RoomAcousticModeling and Auralization
In roomacousticsimulationour goalis to createa totally artificial, but
still plausible,virtual auditoryenvironment. In otherwords,no mea-
suredroomimpulseresponsesareusedin soundrendering.Thismeans
that the soundsourcecharacteristics,soundpropagationin a room as
well asthelistenerhave to bemodeled.

In DIVA auralizationthemodelingof roomacousticsaredivided into
threeparts:themodelingof directsound,earlyreflections,andlatere-
verberation.The direct soundandearly reflectionsaremodeledwith
theimage-sourcemethodandlatereverberationwith anefficient recur-
sive algorithm. With the image-sourcemethodthe following parame-
tersfor eachreflection,ateachtime instant,arecalculated:k orientation(azimuthandelevationangles)of soundsourcek distancefrom listenerk materialfilter parametersk azimuthandelevationanglewith respectto thelistener

Theseparametersare usedin the auralizationprocessthat is imple-
mentedas the signal processingstructurepresentedin Fig. 2. The
signalprocessingblockscontainthefollowing filters:k_lYm?n-o�p is adiffusefield filter of asoundsource.k\q m nHo�p is adiffusefield filter of HRTFs.kOr�s�t t t uLnHo�p containthe soundsourcedirectivity filter, distance

dependentgain,air absorptionfilter andmaterialfilter (not for
directsound).k\qvs�t t t u[n-o�p containdirectionalfiltering realizedwith separated
ITD andminimum-phasefilters for HRTFs.k R is a latereverberationunit.

Eachof theseblocksis discussedin modedetail in thecasestudysec-
tion.
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Fig. 2: The DIVA auralizationsignal processingstructure.
Fromthelongdelayline w�x thesoundsignalis pickedto filter
blocks y s�t t t u 7{z?= accordingto thedistanceof theimagesource
from thelistener.

1.3 SoundRendering
TakalaandHahn[18] have definedthetermsoundrenderingasa pro-
cessof forming a compositesoundtrackfrom componentsoundob-
jects.Here,thesoundobjectsaresuchasthedirectsound,earlyreflec-
tionsandlatereverberation.Thus,soundrenderingin our casemeans
processingof anechoicrecordings(or syntheticsound)so that spatial
characteristicsareincludedin theresultingsoundtrack.

Staticsoundrendering,wheresoundsourceandthelisteningpoint are
not moving, is usuallydoneby convolving ananechoicstimuluswith
binauralroom impulseresponses[15]. The convolution processcan
be realizedin time or frequency domainandis moreor lessa trivial
operation.

By contrast,dynamicsoundrendering,in whichanything canmove, is
not trivial, becausebinauralroomimpulseresponsescannot beused.
In fact,if theenvironmentis dynamic,theimpulseresponseis notany-
moredefined. However, the actualrenderingprocesscanbe donein
several parts. The first part consistsof direct soundandearly reflec-
tions, both of which are time- and place-variant. The latter part of
renderingrepresentsthediffusereverberantfield, which canbetreated
asa time-invariant filter. In practicethis meansthat the direct sound
andearlyreflectionsarerenderedaccordingto parametersobtainedby
roomacousticmodeling,namelyimagesourcemodeling.Theseaural-
izationparameters(presentedin theprevioussection)definethecoeffi-
cientsfor filters r4s�t t t uLnHo#p and qvs�t t t u[n-o�p (seeFig. 2) aswell assound
pick-uppointsfrom thedelayline |e} .

Thesignalprocessingparametersin DIVA systemis divided into ren-
deringandauralizationparameters.The auralizationparameters,pre-
sentedin Section1.2,areobtainedfrom imagesourcecalculationpro-
cessandneednot to be updatedfor every sample.However, the ren-
deringparametershave to bedefinedsampleby samplebasis,andthey
arecreatedinterpolatingauralizationparameter. Thereasonableupdate
rateof auralizationparametersdependson theavailablecomputational
power andspeedof movement. If very fast movementsare required
theupdateratehasto behigherthanwith slow movements.Otherwise
someaudibleartifactsoccur. Theseartifactscanbe clicks, for exam-
ple,comingfrom too big changesin filter coefficientsor inaccuracy in
localizationasreported,e.g.,by Wenzel[19].
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2 A CASE STUDY OF A LECTURE ROOM
As a casestudythe proposedevaluationframework wasappliedto a
lectureroom(dimensions12 m x 7.3 m x 3 m) thathasquitea simple
geometry, aspresentedin Fig. 3. In this section,we will describehow
real-headrecordingsandsoundrenderingweremade.We alsopresent
in moredetail theDIVA auralizationsystemanddetailsof all applied
filters.

For this casestudy we recordedandsimulatedsix caseswith differ-
ent listenerpositionandorientationcharacteristics.Two of thesewere
staticcases(listeningpointss1ands2),andfour weredynamiccases,
namelytwo turningsand two walk-paths. In turning caseslistening
pointss1 ands2 wereusedwith the headmovementst1 andt2 illus-
tratedin the cornerof Fig. 3. The dynamicwalk-pathsw1 andw2
werebothmadesothatthelistener’s headwaspointingto theforward
directionwhenwalking.

point s1
receiver

walk path w1

source
t1 and t2

turningspoint s2
receiver

walk path w2

sound

Fig. 3: The3D modelof thestudiedlectureroom. In addition,
differentrenderingcases,two staticones,two turnings,andtwo
walk-paths,aredepicted.Headturningst1 andt2 areapplied
in thereceiver pointss1ands2.

2.1 Real-HeadRecordings
The referencesoundtrackswerepreparedby playing anechoicsound
samplesin the studiedroom andrecordingthe soundusing the real-
headrecordingtechnique. The soundsampleswere music, suchas
singing,guitar, andclarinet.In addition,weusedsnaredrumhitswhich
arewidebandtransient-like signals.Theanechoicstimuli wereplayed
with a CD player(Sony Walkman)andreproducedwith a smallactive
loudspeaker (Genelec1029A).Smallelectretmicrophones(Sennheiser
KE 4-211-2),usedwith a custommadepreamplifier, wereplacedat
theentrancesof theearcanalsandconnectedto a DAT recorder. The
contentsof theDAT tapewerethentransmittedto thecomputer, edited
andequalizedfor headphonelistening(seeleftmostcolumnin Fig. 2).
All recordingsaswell asauralizationsweredoneat 48 kHz sampling
frequency.

2.2 Auralization Parametersand Filters
A polygonal3-D modelof the studiedclassroomis usedto calculate
auralizationparametersfor thedirectsoundandearlyreflections.With
theseparametersthe direct soundand early reflectionsare auralized
takinginto accountthedirectivity of thesoundsource,air andmaterial
absorption,anddistancedelayand attenuationas well as directional
filtering with HRTFs.TheappliedHRTFsaremeasuredfrom thesame
headwith which thereal-headrecordingsweredone.To obtainacom-
pletesimulatedsoundtrackalsolatereverberationis addedto theaural-
izedearlypartof theroomresponse.Thelatereverberationalgorithm
thatcreatesdiffuselatereverberationis adjustedaccordingto anobjec-
tive analysisof the roomimpulseresponse,e.g.,reverberationtime at
differentfrequency bands.

Filter designhasbeenrealizedwith Matlab [20] softwareby apply-
ing differentdesignmethods.All thedesignproblemshave beenfilter
fitting problems,wherethefilter hasbeenmatchedto ameasuredmag-
nituderesponse(appliedwith soundsourcedirectivities andHRTFs)or
to somegivendiscretemagnitudevaluesatcertainfrequencies(applied
with air andmaterialabsorption).

Beforefilter designwe preprocessedthe magnituderesponsesso that
thefilter fitting hasminimalerrorsby auditoryperceptionpointof view.
Applied methodswerefrequency dependentsmoothingandweighting
accordingto ERB scale[21]. Themoststraightforwardway to accom-
plishsmoothingis to usemoving averagingof variablewindow size,in
this casewindow sizewasan ERB band. In filter designwe usedal-
gorithmswhichallow frequency dependentweighting,whichhasbeen
foundto beveryuseful.In addition,wehaveusedanequivalentmethod
whereagivenmagnituderesponseis resampledaccordingto ERBres-
olution and then filter fitting is realized. The appliedpreprocessing
methodsyield filters thatrespectthenonlinearfrequency resolutionof
thehumanhearing.

Soundsourcedir ectivity is quitea difficult phenomenonto model.A
goodoverview of thedirectivity of soundsourceshasbeenwritten by
Giron[22]. As mentionedearlier, weusedasmallGenelecloudspeaker
asthesoundsourcein our recordingandmodeling.For modelingpur-
poseswe measuredloudspeaker impulseresponsesin anechoicroom
from 24 different azimuthangles(every ~(�N� ) and4 elevation angles
( � � , �A� � , �A� � , and �A� � ), in total 96 responses.Fromthesemeasure-
mentsa filter grid of every � � in azimuthandelevation wasdesigned.
Finally, thetotalamountof designedfilterswas1368andthey wereap-
plied symmetricallyfor negative elevations,althoughthe loudspeaker
radiationcharacteristicsarenotstrictly symmetricalin upperandlower
hemisphere.

The soundsourcedirectivity filtering hasbeenrealizedaccordingto
ideaspresentedpreviously [23, 24, 25]. The filtering is distributedto
two filters (for eachsoundsourceandreflection),namelydiffusefield
filter ( l.mYnHo�p in Fig. 2) anddirectivity filter ( | s�t t t uLnHo#p in Fig. 4). The
measuredmagnituderesponseandfitted IIR filter (order30)of thedif-
fusefieldfilter is depictedin Fig. 5. Thetargetdiffusefieldpowerspec-
trumhasbeenderivedfrom all measuredresponsesbypower-averaging

�P���9�L���C���]�1� ���� �� �� �H� �U� �
� �9�L���C���]� � �b���4� � (1)

where � is the azimuthangle, � is the elevation angle,and � is the
angularfrequency.

Filtering the input signal with the diffuse field filter of the source
( lYm?n-o�p in Fig. 2) hasmany advantages.First of all, it makesthe de-
signof primarydirectivity filter ( | s�t t t uLnHo�p in Fig. 4) mucheasier, by
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flatteningtheresponseat low andhigh frequencies.This is alsocalled
diffusefield equalizationandit allows theuseof lower orderfilters for
theprimarydirectivity filter. In our casewe used �¡9¢ orderIIR filters.
The otheradvantageis that the signalfed to the late reverberational-
gorithmis filteredby theaveragedirectivity of thesoundsource.This
way the latereverberationspectrumis modifiedwith soundsourcedi-
rectivity propertiesasexplainedin [24].

Air and material absorption filters were designedas presentedby
Huopaniemiet al. [26, 10]. Air absorptiontransferfunctionswere
calculatedbasedon thestandardizedequations[27] andfirst-oderIIR
filters werefitted to theresultingmagnituderesponses.

Thematerialabsorptionfilterswerefitted to theabsorptioncoefficients
dataavailableat octave bands. Whensoundis reflectedfrom two or
more surfacesthe absorptiondatacan be cascadedso that only one
filter is needed.Thealgorithmfor realizingcascadedabsorptioncoef-
ficient datawith a low-orderIIR filter wasasfollows. First, all possi-
bleboundaryabsorptioncombinationswerecalculatedandtransformed
into reflectancedata. In the secondphase,the resultingamplitudes
weretransformedinto a minimum-phasecomplex frequency response.
A frequency-domainweightedleast-squaresfitting algorithmwasthen
appliedto thecomplex reflectancedata.As aresult,avectorcontaining
reflectionfilter coefficientsfor all surfacecombinationswasstoredfor
usein thesystem.

Binaural filtering wasrealizedwith adiffusefield filter ( q m nHo�p in Fig.
2)andwith diffusefieldequalizedHRTF filters. Thediffusefieldequal-
izationhasbeendiscussedin moredetail in [14]. This efficient imple-
mentation,presentedas division into an angle-independentpart (the
diffusefield part)anda directionaltransferfunction (DTF) by Kistler
andWightman[28], hasmany advantages.Theangle-independentfea-

turescanbemodeledasageneralfilter for all directions,andasaconse-
quencetheDTFscanbedesignedusinglower-ordermodelsthanthose
usedfor full HRTFs. In our implementationthe diffusefield filter is
alsousedfor spectralmodificationsof thelatereverberation.
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Thereexistsseveralmethodsto definea diffusefield binauralfilter re-
sponse[29]. We tried two different methodsand the magnitudere-
sponsesas well as the responseof the appliedfilter are depictedin
Fig. 7. Thefirst methodis equivalentto diffusefield sourcedirectivity
designandcanbecalculatedwith Eq. (1) from a setof free-fieldmea-
suredHRTFs. However, this methodproduceda magnituderesponse
in which high frequenciesareattenuatedquitea lot. Theotherapplied
method,proposedby Larcheret al. [29], allows measuringthediffuse
field filters in a normal room. In this methodthe real-headimpulse
responsesanda monauralimpulseresponsearemeasuredin a normal
room, at the samepoint. The diffuse field binauralresponseis esti-
matedon thelatepart(afterearlyreflections)of themeasuredimpulse
responses.Weusedthepartbetween50 and75 ms. Thenthis omnidi-
rectionalimpulseresponsepart is deconvolved from binauralresponse
partsandtheresultingfrequency responsesarediffusefield binauralre-
sponses.Averagingfrom a few measurementsandfrom bothears,we
achieved a response(seeFig. 7) to which we fitted theapplieddiffuse
field filter.

Thefilter designprinciplesof theprimaryHRTF filters ( ¦ s�t t t uLnHo#p in
Fig. 4) hasbeenreportedin [10, 30]. As depictedin Fig. 4 theHRTF
filter is dividedinto ITD part(implementedwith apuredelayline) and
aminimum-phasecounterpartof HRTF. TheITD wascalculatedusing
asphericalheadbasedITD model(discussedin, e.g.,[31]) with added
elevationdependency ( §(¨A©.� ) [10].

ª4«
¬ �® � �(¯H° �
±²�4�³Y´ �N��� �
(2)

where µ is the radiusof thehead,� is theazimuthangle, � is theele-
vationangle,and ¶ is thespeedof sound.For minimum-phaseHRTFs
weusedFIR filters of order60.
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Fig. 7: Diffusefield binauralfilter ( ¥ m 7{z?= in Fig. 2).

The late reverberation in a room is often considerednearlydiffuse
and the correspondingimpulseresponseexponentiallydecayingran-
dom noise[32]. Undertheseassumptionsthe late reverberationdoes
nothaveto bemodeledasindividual reflectionswith certaindirections.
Therefore,to save computationin late reverberationmodeling,recur-
sivedigital filter structureshavebeendesigned,whoseresponsesmodel
thecharacteristicsof realroomresponses,suchasthefrequency depen-
dentreverberationtime.

The applied artificial reverberationis parameterizedbasedon room
acousticattributesobtainedwith impulseresponsemeasurementsin the
studiedroom.
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Theappliedlatereverberationalgorithm[33] contains½ parallelfeed-
backloops,whereacomb-allpassfilter is in eachloop(seeFig. 6). It is
a simplificationof a feedbackdelaynetwork (FDN) structure[34, 35]
and producesnaturalsoundinglate reverberation. The comb-allpass
filters in thefeedbackloops,denotedby ¾c¸ t t t ¹ n-o�p in Fig. 6, areadded
to producean increasedreflectiondensity. The filters ¦ ¸ t t t ¹ nHo�p im-
plementthe frequency dependentreverberationtime. Eachof them
containsa simpleall-pole first order lowpassfilter whoseparameters
arecalculatedautomaticallywhenusergivestherequiredreverberation
time at low andhigh frequencies.Thelengthsof thedelaylinesin the
loopsarechosento be mutually incommensuratein samplesto avoid
reflectionsoccurringat thesametime,andstrongcolorationcausedby
coincidingmodesin thefrequency domain[32].

The inputsto thereverberatorarepickeddirectly from themainprop-
agationdelayline ( |e} in Fig. 4). The fixed pick-uppointswerear-
bitrarily chosensothat thebeginningof the latereverberationslightly
overlapswith last early reflections.To increasethe reflectiondensity
the input signalsare fed througha Hadamardmatrix. The otherad-
vantageproducedby the Hadamardmatrix is that it makes reverber-
ation outputshighly uncorrelated.This is importantfrom the human
perceptionpoint of view andhelpsin externalizationin headphonere-
production.However, this uncorrelationis not frequency dependentas
in realcasewhenhigh correlationat low frequenciesoccurs.Thelow
frequency correlationcanbeachieved with a correlationfilter [24, 1],
but wehave not implementit.

2.3 SoundRendering
Theauralizationprocessin DIVA systemis dividedinto two processes,
namelyimage-sourcemethodandsoundrendering.Accordingto the
positionsandorientationsof thesurfaces,thesoundsource(s),andthe
listener, imagesourcecalculationprovidesauralizationparameterspre-
sentedin Section1.2. Both staticanddynamicrenderinghave been
implementedin thesamemanner. Naturally, with staticrenderingthe
interpolations,presentedbelow, arenotneeded.

In dynamic rendering, in which parametersof the direct soundand
early reflectionsaretime variant,every singleparameterhasto be in-
terpolatedfor every sample. The imagesourcecalculationuseswith
a chosenupdatefrequency (usually from 20 to 100 Hz) when com-
putingnew auralizationparameters.With theseparametersthesound
framebetweenpreviousandthenew updatesareprocessed.Somefil-
terscoefficients,suchasmaterialandair absorptionandHRTF filters,
canbeupdatedwithout any problemswhena new parametersetis re-
ceived. However, thesoundsourcedirectivity filters, being  �¡9¢ order
IIR filters, cannot be changedwithout interpolation.This is doneby
calculatingtwo filters andcross-fadingthem.

In additionto filter coefficient changesthe pick-up pointsfrom delay
line ( |e} in Fig. 2) have to bechangedwhenlistener’s distancefrom
thesoundsourcechanges.This operationis a kind of resamplingand
hasto be doneusing fractional delays[36] if a continuousoutput is
desired.As depictedin Fig. 4, weusedthesimplestpossiblefractional
delay, a first orderFIR filter. The drawbackof sucha simplebut ef-
ficient filter is shown in Fig. 8. The high frequenciesareattenuated
whenthedesiredpick-uppoint is betweentwo samples.However, this
attenuationis not very severe(worst case,whenexactly betweentwo
samples,2 dB at 10 kHz and5 dB at 15 kHz). Theworstcaseoccurs
rarelybecausewhile thepick-uppoint is moving it seldomhappensto
beexactly in themiddleof two samples.Actually, whathappensto the
direct soundandeachreflectionis that in movementsthe attenuation
changesbetweennull andtheworstcase(seeFig. 8). Theupdatedde-
lay valuesarealwaysintegervaluessowhenthelistenerdoesnotmove
no fractionaldelayis applied. The othercasewherefractionaldelays
areusedis in ITD delays. In this casethe fractionaldelay is always
appliedto thecontralateralear, thefilter of which alreadyhasstrongly
attenuatedhigh frequencies.
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Fig. 8: Magnituderesponsesof FIR fractionaldelayfilters ofº » ¡ orderwith differentgainvalues.

Theadvantageof this interpolationis that it givesacontinuousoutput.
If this small high frequency attenuationis disturbingfor someappli-
cations,moresophisticatedfractionaldelayscanbe applied. Another
way, presentedby Wenzelet al. [37], is to useupsamplingbeforethe
fractional delay. The interpolationalsogives a Doppler effect if the
listener(or thesoundsource)is moving fastenough.Indeed,eachre-
flectionhasits own interpolationratedependingon thechangein dis-
tance.Accordingto ourknowledgethis is alsothecasein reallife, and
in reverberantspacetheDopplereffect is not soeasilyperceived asin
freefield conditions.

TheDopplereffect indeedaffectsto thewalk-path creationneededin
modeling.In this casestudywe hadto createby handthesamewalk-
pathsthatwererecorded.Theappliedmethodwasto usekeypointsand
interpolatewith spline functionsbetweenthesekeypoints. The key-
pointshave to beselectedwith greatcaresothattheinterpolationdoes
notcreatefastaccelerationsor decelerations.If thesephenomenaoccur
they areheardasaslight flangereffect or beating.

Synchronizing recordedand modeledsoundtracksis anissuewhich
hasto behandledwith greatcarebecausein subjective evaluationthe
soundsamplesare listenedwith AB comparisontest. No automatic
synchronizationmethodwasapplied,insteadthesoundtracksweresyn-
chronizedmanually. A good and practicalway to do it is to listen,
e.g.,the left channelof both soundtrackswith headphonesso that the
recordedoneis playedto theright earandtheauralizedoneto theleft
ear. Thiswaytheunsynchronizationis easilydetectedandcanbefixed.

In oursimulationstheupdate rate for theauralizationparameterswas
100 Hz. The updaterateneededfor goodperceptualquality depends
on the speedof the simulatedmovement,in our casemainly the an-
gularvelocity of theheadin theturningpoints. Thenecessaryupdate
ratemay alsodependon the methodandimplementationselectedfor
HRTF filter interpolation;in somecasesunwanteddisruptionsmayoc-
cur if the updaterateis too small. From theperceptualpoint-of-view
theselectedupdaterateshouldgive flawlessresults(see,e.g.,[19]).

For ourcasestudy, thesimulationsto becomparedwith therecordings
were preparedoff-line. Thus, the latenciesintroducedby the aural-
ization systemwerenot a big concernfor us. Additionally, because
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the recordingsweremadewithout any positionaltracking,it wasim-
possibleto make the real andsimulatedtrajectoriesexactly the same.
However, thesimulationsystemis capableof real-timerenderingwith
systemlatenciessuitablefor interactive use.

3 DISCUSSION
Thesimulationsystemcontainsdozensor evenhundredsof digital fil-
tersandotherprocessingcomponents.For thisevaluation,ourgoalwas
to createa virtual acousticenvironmentthatwould soundasnaturalas
possibleandcould be directly comparedwith real recordings.Thus,
we did not aim for ultimateefficiency at this point, but we will make
simplificationsto the simulationsystemlatercheckingthesystemfor
perceptualdifferencesaftereachmodification.Thecompromisesmade
in computationalefficiency andoptimalfilter ordersresultedin simu-
lation timesabouttwice the time durationof the soundsampleson a
normalpowerful PC computer(a 500 MHz Intel PentiumIII Proces-
sor).

Theoptimalsolutionfor filter ordersandthechosenfilter designmeth-
odsarehardto define.For exampleweknow thatHRTF filtering canbe
performedwith lesscomputationalrequirementsby using,e.g.,princi-
pal componentbasisfunctions[28, 38] or the interauraltransferfunc-
tion model [39]. However, our first goal is to make as perceptually
authenticauralizationas possibleand the secondgoal is to optimize
thecomputationalrequirements.

3.1 Preliminary Results
In this casestudyimagesourceswerecalculatedup to the third order
reflections.In thestudiedspace(Fig. 3) this means30-50reflections
thatarrive to the listenerin the time window of 50 msafter thedirect
sound.Thelatereverberationalgorithmstartsto createoutput“reflec-
tions” after30ms,thusit is alittle bit overlappingwith thelastmodeled
earlyreflections.In Fig. 9 two impulseresponses,measuredandmod-
eled,aredepictedto clarify thisoverlapping.In addition,theresponses
show thatourmodelingis notyetperfectandtheresponseslook differ-
entin thebeginning. However, theseerrorsin modelingareat low and
highfrequencies,but thefirst listeningtests[40] showedthatatmid fre-
quenciesour modelingis quite reliable. The staticimpulseresponses
canalsobeanalyzedwith objective methodssuchastraditionalroom
acousticattributesbasedon soundenergy decayof impulseresponse
on one-thirdoctave or octave bands.This analysisis out of thescope
of this article, aswell asthe appliednovel auditorily motivatedtime-
frequency analysismethod[41]. However, objective analysiswill be
presentedin nearfuture[42].

Possiblemodelingerrorscanbedividedinto 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-sourcemethod,but wedo

not know the relevanceof theseerrorsfrom perceptionpoint of view.
For example,thediffractionneedsa moreelaboratemodelingmethod
[43].
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Fig. 9: Measuredandmodeledimpulseresponsein listening
point s1(measuredin theentranceof theleft ear).

4 CONCLUSION
The evaluationframework for virtual acousticenvironmentshasbeen
introducedwith a casestudydonein anordinarylectureroom. In our
evaluationframework, real-headrecordings(bothstaticanddynamic)
areusedasreferencesoundsignals. The methodsandequipmentfor
creatingthesereferencesoundtracksarereported,by pointing out the
designandimplementationissuesof goodqualityreal-headrecordings.
Also thepost-processing,i.e.,theheadphoneequalization,is discussed.

In the casestudy sectionthe descriptionof the recentimprovements
madeto the DIVA auralizationsystemwerepresented.The filter de-
signmethodswereoverviewedandauralizationcomponentsweredug
in moredetail. Also thesoundrenderingissues,suchasdynamicren-
dering,updaterateandcomputationalefficiency werediscussed.Fi-
nally, the quality of the DIVA auralizationsystem—tobe evaluated
with proposedframework—wasdiscussed.

Negligibleor barely audible Clearly audible Modeling errors

smallerrorsin distancedelaymodeling errorscausedby interpolations lackof diffractionmodel
smallerrorsin air absorptionmodeling errorsin HRTF modeling lackof diffusereflectionmodel
smallerrorsin walk-pathcreation errorsin sourcedirectivity modeling
smallerrorsin materialabsorption errorsin latereverberationmodeling
modeling numberof imagesourcesused
smallerrorsin distanceattenuation
modeling

Table1: TheerrorsourcesbetweenrecordedandsimulatedsoundtracksusingtheDIVA auralizationsystem.
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