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ABSTRACT

It is well known that the transferfunctionsfor out-of-head
soundocalizationdiffer with thelistener Ourgoalisto find
a methodthat easily realizesexcellent soundlocalization
without measuringthe individual transferfunctions. This
paperproposesan out-of-headsoundlocalization system
that usesadaptve inversefiltering without ary measuring
preprocessesThis systemestimategheinverseEar Canal
TransferFunction (ECTF), and can adaptvely obtain the
transferfunctionto fit the listenerin real-time. This paper
alsoproposesan adaptve inversefiltering methodfor out-
of-headsoundlocalizationthat differs from the filtered-x
method. In addition, the relationshipbetweencorvergence
time andinitial valueis assessedt is clarifiedthatthe pro-
posedmethodis moreeffective, in termsof corvergence jf
the initial valueis the averageof mary listeners’impulse
responses.

1. INTRODUCTION

With therecentrapidgrowth of signalprocessingechnolo-
gies, binauraltechniqueshave becomemore attractive for

realizing high performanceaudio-visualsystems. Out-of-
headsoundlocalizationis indispensabléor really effective
virtual soundsystems.Suchsystemggive the illusion that
the personor personsyou are communicatingwith arein

your room. This kind of technologyis very muchin de-
mand.

It is well known that the transferfunctionsfor out-of-
headsoundlocalizationareindividually differentwith each
listener[1[2]. Out-of-headsoundlocalization mainly de-
pendsontwo transferfunctions:HeadRelatedTransfer-u-
nction (HRTF), and Ear Canal TransferFunction(ECTF).
Theshape®f thelistenersface,ear andearcanal,strongly
influencethesetwo transferfunctions,andit is known that
the quality of soundlocalizationmay be poor if the indi-
vidual'stransferfunctionsarenotaccuratelyeproduced[B
For thatreasonwhenwe try to achieve out-of-headsound
localization,it becomenecessaryo obtainthetransferfunc-
tionsof eachistener However, measuringhetransferfunc-
tionsis not userfriendly nor practical. Still more,the con-

ventionalmethodof selectinga pre-measurettansferfunc-
tion is troublesome[¥ Our final goalis to find a method
thateasilyrealizesexcellentsoundiocalizationwithout me-
asuringthe individual impulseresponse®f the listeners’
transferfunctions.

This paperproposesan out-of-headsoundlocalization
systenthatusesadaptve inversefiltering withoutary mea-
suringpreprocessed his systemestimate®nly theinverse
ECTF, andcanadaptvely obtainthe transferfunctionto fit
thelistenerin real-time.This paperalsointroducesanadap-
tive inversefiltering methodfor out-of-headsoundocaliza-
tion thatis differentfrom thefiltered-xmethod.In addition,
therelationshipbetweercorvergencetime andinitial value
is deducedrom the coeficient errorvectorin orderto de-
cidetheinitial value of the adaptve inversefilter. A com-
puter simulationis carried out using the ECTF measured
from mary listenersandthe optimuminitial valuefrom the
viewpointof convergencetime is examined.

2. DEFINITION AND MEASUREMENT OF THE
TRANSFER FUNCTIONS

The principle of out-of-headsoundlocalizationis to repro-
ducethe soundwaveformsof the actualsoundfield at the
listeners’eardrumausingsterecheadphonesr earphones.
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Fig. 1. Therelationshipof thetransferfunctions.



Figurel shavstherelationshipof thetransferfunctions
usedin this paper The Spatial SoundTransferFunction
(SSTF) modelsthe corversion of the input signal of the
loudspeakemto the outputsignalof the microphonen the
ear canalof the listener The definition of the HRTF de-
scribedby Blauert[1]. The relationshipbetweenSSTFand
HRTF is givenby

HRTF = SSTF - LSTF . (1)

ThelLoudSpeakefransfer-unction(LSTF) modelsthe
conversionof the input signal of the loudspeakeinto the
outputsignalof areferencemicrophone.

ECTF modelsthe conversionof the input signalof the
earphonénto theoutputsignalof themicrophonen theear
canalof thelistener

From thesetransferfunctions,the SoundLocalization
TransferFunction(SLTF) canbederived usingEq.(2).

SLTF = SSTF - LSTF~' . ECTF~! (2)
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Fig. 2. Sterecearphone-microphone.

Figure2 shaws a sketchof thetypical sterecearphone-
microphonejt consistsof asmallmicrophoneandanintra-
conchaype sterecearphoneThesizeof electretcondenser
microphonds 3.6 x 4.7 x 2.1mm. Its frequeny response
is relatively flat from 200Hzto 14kHz. The sterecearphone
isaSONY MDR-ED238. Sincethis earphones quite per
meableto sound,we caneasilyhearervironmentalsounds.
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Figure3 shaws, for the samesetupand3 listenerstheir
right side ECTFE. Note that thesecharacteristicsvere sig-
nificantly different. Figure4 shows the characteristicef a

listeners ECTFsmeasure@4times. In the experimentthe
earphonesvereremoved after eachmeasurementThereis

almostno changein thesecharacteristicswhich indicates
thatthe characteristicslo not dependon the exactlocation
of theearphonenicrophonecombinationin thecavum con-
cha.Thereforejt is necessaryo measurghelistenersown

ECTE

3. PROPOSED METHOD

Figure5 showvs how the methodadaptvely obtainsthe in-
verseECTFin real-timeby settinganadaptve inversefilter
attheear
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Fig. 5. Out-of-headsoundlocalizationusing adaptve in-
versefiltering.

The DesiredTransferFunction(DTF) is a BPFwith the
additionof somedelaytime to give causalityandstability to
inversefiltering. Thetransferfunction SSTF - LSTF ! is
installedasa prefilter SSTFuseghetransferfunctioncom-
mon to mary listeners. Since ECTF differs more widely
with thelistenerthanSSTF[5],ECTFis adaptedo eachlis-
teners ear This meanghatSLTF canbe estimatedn real-
time without requiringmeasurement-basgdeprocesses.

4. COMPARISON OF ADAPTIVE INVERSE
FILTER METHODS

4.1. Method 1

Oneof the mostwidely usedadaptve filter algorithmsfor

active noisecontrol (ANC)[6], is thefiltered-xtype[7]. A

block diagramof the out-of-headsoundlocalizationsystem
with thefiltered-xtypealgorithmis shavn in Figure6.

The prefilter SSTF - LSTF~! wasomittedin Figure6,
so input signal z(n) is the output signal of the prefilter.
The unknavn systemc is the listeners impulse response
(ECTF).Thereferencesystemc is anapproximatiorof the
listenersimpulseresponseThedesiredsystenb is theim-
pulseresponseof BPF with additionaldelaytime. x(n),
y(n), 2 (n), u(n), d(n), ande(n) in Figure6 aretheinput
signalsthe adaptve filter output,the outputsignalfrom the
unknavn system thefiltered referencesignals,the desired



systemoutput,andtheerrorsignal,respectiely. v(n) isthe
noisesignalsherev(n) = 0. n is the discretetime index.
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Fig. 6. Block diagramof filtered-x type algorithmimple-
mentation(Method1).

Theadaptveinversefilter h(n) is adjustedo makez(n)
approachi(n) by addingadjustmentiectorAh(n)

h(n +1) = h(n) + pAh(n), (3)
wherey is a scalingfactor calledthe stepsize,which con-
trolsthe convergencerateandtheamountof residualerror.

However, thereis a problemwith the adaptve filter in
thatit often fails to converge dueto the modelingerror of
thefiltered-xtypealgorithm.

4.2. Method 2

This methodis the one proposedn this paper Theinitial
valueis givenash’(n) andh(n) atn = 1.
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Fig. 7. Block diagramof the adaptve inversefilter with
initial value(Method2).

z(n), s(n), 2'(n), y(n), d(n), ande(n) in Figure7 are
the input signal, the input signal to the unknavn system,
the outputsignal from the unknowvn system,the adaptve
filter output,thedesiredsystemoutput,andtheerrorsignal,
respectiely. v(n) representthe noisesignals.

The advantagesof this methodis thatit is simplerto
implementandcontainsno modelingerror.

5. INITIAL VALUE OF ADAPTIVE INVERSE
FILTER

With method2 thefilter mustbegivenaninitial value. This
sectiondescribeghe relationshipbetweeninitial valueand

corvergencetime and examinesthe optimuminitial value
from the viewpoint of convergencetime.
The coeficienterrorvectoris definedby
E(n+1)=h(n+1)—w. 4)
Here,w istheoptimalvalue. Whentheinputsignalof adap-
tive filter is assumedo be white noise,E(n + 1) is given
by
E(n+1)=(1-p)"E(1). (5)
Thecoeficienterrorvectornormis givenas
B+ D)7 = (1= )™ B[ (6)
h()(1) is theinitial valuej, w; is the optimal valuei
while hgj)(n + 1) is the adaptie inversefilter coeficient
aftertimen,
IE (n+ DI = (1= 0> [0 (1) = wil . (7)
As (1 — p)? = exp(—a), it convertsto the samplingtime ,
IEP W2 = [09(1) - wil|” = exp(—at;”) | wil .
(8)
I+ DI = [0+ 1) - wi?
= exp(=atly)wil”. (9)
Therefore convergencetime 7.7 (= t;ﬂ{l — )
(1) — w,||?
( Ib(1) ~ wi ) 10)
b (n 4+ 1) — w|?
is given. Theaveragecorvergencetime is deducedrom the

coeficient errorvector 73} of theinitial valueh(@)(1), is
givenby

i 1
TVZ(J) =_In
a

N
; 1 -
T =5 2T (11)
i=1

It is difficult to acquiretheinitial valuej in which T be-
comesminimumyvalueby arithmeticanalysismethod from
Eq.(11). Therefore,we usedan alternatve method,which
is computersimulation.

6. COMPUTER SIMULATION

Theinputsignalz(n), we usedwhite noise.In determining
theunknavn impulseresponse, we usedl18ECTF, which

wasmeasuredrom both earsof 59 listeners.To determine
the desiredimpulseresponséb, we usedthe BPF (20Hz-

15kHz)with additionaldelaytime of 5.33ms.In determin-
ing the referencampulseresponse requiredin methodl,

theaverageof 118 ECTFwasused.

Theestimatiorerroris definedby

2 (BN =ICWHH(fn))
2 IBUHI?

g(n) = 10logyg (dB),

(12)



whereB(f), C(f), andH(f,n) arecorvertedinto thefre-
queng domainequivalentsof b, ¢, andh(n), respectiely.

The corvergencetime is definedasthe samplingtime ¢
takento achieve theestimatiorerrore = —10dB down.

The othersimulationparameterareshovn belov: Step
sizep = 0.5, Affine Projection(AP) algorithms dimension
r = 2, andBlock length L = 257 for Method 1. It is
necessaryo usetheblock processingn orderto apply AP
algorithmto thefiltered-xtype,becaus@P algorithmneeds
errorsignalvectorof dimensionr-.

Table 1. The 1st order autocorrelationcoeficient of the
inputsignalof adaptve filter
duu(l)  (Methodl)

0.66

(Method2)
(c = 0.13)

22(1)
0.43

autocorrelatiorcoeficient of method2 is smallerthan of
methodi.

Therefore theseresultsindicatethat method2 is better
thanmethodl for anout-of-headsoundocalizationsystem.

7. CONCLUSION

This paperproposesanout-of-headsoundlocalizationsys-
temthatusesanadaptve inversefilter thatneedso prepro-
cessingmeasurementsThis systemestimateghe inverse
ECTF, andcanadaptvely obtainthe transferfunctionto fit

thelistenerin real-time. This paperalsoproposecan adap-
tive inversefiltering methodfor out-of-headsoundocaliza-
tion thatis differentfrom thefiltered-xmethod.In addition,
therelationshipbetweercorvergencetime andinitial value
is deducedrom the coeficient errorvectorin orderto de-
cidetheinitial valuegivento the adaptve inversefilter. A

computersimulationwascarriedout usingthe ECTF mea-
suredfrom mary listeners,and the optimum initial value
from theviewpoint of corvergencetime wasexamined.As

aresult,we clarified that the proposednethodis more ef-

fective, in termsof convergence,if the initial value of the
adaptve inversefilter is setasthe averageof mary listen-
ers’impulseresponsesThisis extremely effective sinceit

makegheinitial valueeasyto set.
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The simulationresultsare shavn in Figure 8 and Ta-
ble 1. Figure8 shavstherelationshipbetweeraveragecon-
vergencetime andEq.(11). Theresult(a) and(b) in Figure
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dispersiorof method?2 is smallerthanof method1.
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