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ABSTRACT

It is well known that the transferfunctionsfor out-of-head
soundlocalizationdiffer with thelistener. Ourgoalis to find
a methodthat easily realizesexcellent soundlocalization
without measuringthe individual transferfunctions. This
paperproposesan out-of-headsoundlocalizationsystem
that usesadaptive inversefiltering without any measuring
preprocesses.This systemestimatesthe inverseEarCanal
TransferFunction(ECTF), and can adaptively obtain the
transferfunction to fit the listenerin real-time. This paper
alsoproposesan adaptive inversefiltering methodfor out-
of-headsoundlocalizationthat differs from the filtered-x
method.In addition,the relationshipbetweenconvergence
timeandinitial valueis assessed.It is clarifiedthatthepro-
posedmethodis moreeffective, in termsof convergence,if
the initial value is the averageof many listeners’impulse
responses.

1. INTRODUCTION

With therecentrapidgrowth of signalprocessingtechnolo-
gies,binauraltechniqueshave becomemoreattractive for
realizinghigh performanceaudio-visualsystems.Out-of-
headsoundlocalizationis indispensablefor really effective
virtual soundsystems.Suchsystemsgive the illusion that
the personor personsyou are communicatingwith are in
your room. This kind of technologyis very much in de-
mand.

It is well known that the transferfunctionsfor out-of-
headsoundlocalizationareindividually differentwith each
listener[1][2]. Out-of-headsoundlocalizationmainly de-
pendsontwo transferfunctions:HeadRelatedTransferFu-
nction (HRTF), andEar CanalTransferFunction(ECTF).
Theshapesof thelistener’sface,ear, andearcanal,strongly
influencethesetwo transferfunctions,andit is known that
the quality of soundlocalizationmay be poor if the indi-
vidual’stransferfunctionsarenotaccuratelyreproduced[3].
For that reason,whenwe try to achieve out-of-headsound
localization,it becomenecessarytoobtainthetransferfunc-
tionsof eachlistener. However, measuringthetransferfunc-
tions is not user-friendly nor practical.Still more,thecon-

ventionalmethodof selectingapre-measuredtransferfunc-
tion is troublesome[4]. Our final goal is to find a method
thateasilyrealizesexcellentsoundlocalizationwithoutme-
asuringthe individual impulseresponsesof the listeners’
transferfunctions.

This paperproposesan out-of-headsoundlocalization
systemthatusesadaptive inversefiltering withoutany mea-
suringpreprocesses.Thissystemestimatesonly theinverse
ECTF, andcanadaptively obtainthetransferfunctionto fit
thelistenerin real-time.Thispaperalsointroducesanadap-
tive inversefiltering methodfor out-of-headsoundlocaliza-
tion thatis differentfrom thefiltered-xmethod.In addition,
therelationshipbetweenconvergencetime andinitial value
is deducedfrom thecoefficient errorvector in orderto de-
cide the initial valueof theadaptive inversefilter. A com-
puter simulationis carriedout using the ECTF measured
from many listeners,andtheoptimuminitial valuefrom the
viewpointof convergencetime is examined.

2. DEFINITION AND MEASUREMENT OF THE
TRANSFER FUNCTIONS

Theprincipleof out-of-headsoundlocalizationis to repro-
ducethe soundwaveformsof the actualsoundfield at the
listeners’eardrumsusingstereoheadphonesor earphones.
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Fig. 1. Therelationshipof thetransferfunctions.



Figure1 shows therelationshipof thetransferfunctions
usedin this paper. The SpatialSoundTransferFunction
(SSTF) modelsthe conversion of the input signal of the
loudspeakerinto theoutputsignalof themicrophonein the
ear canalof the listener. The definition of the HRTF de-
scribedby Blauert[1]. The relationshipbetweenSSTFand
HRTF is givenby���������	�
�
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(1)

TheLoudSpeakerTransferFunction(LSTF)modelsthe
conversionof the input signalof the loudspeakerinto the
outputsignalof a referencemicrophone.

ECTF modelstheconversionof the input signalof the
earphoneinto theoutputsignalof themicrophonein theear
canalof thelistener.

From thesetransferfunctions,the SoundLocalization
TransferFunction(SLTF) canbederivedusingEq.(2).
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Fig. 2. Stereoearphone-microphone.

Figure2 shows a sketchof thetypical stereoearphone-
microphone;it consistsof asmallmicrophoneandanintra-
conchatypestereoearphone.Thesizeof electretcondenser
microphoneis 3.6 � 4.7 � 2.1mm. Its frequency response
is relatively flat from 200Hzto 14kHz.Thestereoearphone
is a SONY MDR-ED238. Sincethis earphoneis quiteper-
meableto sound,we caneasilyhearenvironmentalsounds.
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Fig. 3. Thefrequency magu-
nitudecharacteristicsexam-
plesof ECTF.
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Fig. 4. Thecharacteristicsof
acertainlistener’sECTFsas
measured24 times.

Figure3 shows, for thesamesetupand3 listeners,their
right side ECTF. Note that thesecharacteristicswere sig-
nificantly different. Figure4 shows thecharacteristicsof a

listener’s ECTFsmeasured24 times. In theexperimentthe
earphoneswereremovedaftereachmeasurement.Thereis
almostno changein thesecharacteristics,which indicates
that thecharacteristicsdo not dependon theexact location
of theearphonemicrophonecombinationin thecavumcon-
cha.Therefore,it is necessaryto measurethelistener’sown
ECTF.

3. PROPOSED METHOD

Figure5 shows how the methodadaptively obtainsthe in-
verseECTFin real-timeby settinganadaptive inversefilter
at theear.

: small microphone

: stereo earphone
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Fig. 5. Out-of-headsoundlocalizationusingadaptive in-
versefiltering.

TheDesiredTransferFunction(DTF) is a BPFwith the
additionof somedelaytimeto givecausalityandstability to
inversefiltering. The transferfunction
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installedasaprefilter. SSTFusesthetransferfunctioncom-
mon to many listeners. SinceECTF differs more widely
with thelistenerthanSSTF[5],ECTFis adaptedto eachlis-
tener’s ear. This meansthatSLTF canbeestimatedin real-
timewithout requiringmeasurement-basedpreprocesses.

4. COMPARISON OF ADAPTIVE INVERSE
FILTER METHODS

4.1. Method 1

Oneof the mostwidely usedadaptive filter algorithmsfor
active noisecontrol (ANC)[6], is the filtered-x type[7]. A
blockdiagramof theout-of-headsoundlocalizationsystem
with thefiltered-xtypealgorithmis shown in Figure6.

Theprefilter
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wasomittedin Figure6,
so input signal $&%('*) is the output signal of the prefilter.
The unknown system + is the listener’s impulseresponse
(ECTF).Thereferencesystem+ is anapproximationof the
listener’s impulseresponse.Thedesiredsystem, is theim-
pulseresponseof BPF with additionaldelay time. $&%-'*) ,. %('*) , /�01%-'2) , 3&%-'2) , 45%-'2) , and 67%('*) in Figure6 arethe input
signals,theadaptivefilter output,theoutputsignalfrom the
unknown system,thefiltered referencesignals,thedesired



systemoutput,andtheerrorsignal,respectively. 89%-'*) is the
noisesignals,here8:%('*) 	<;

. ' is thediscretetime index.
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Fig. 6. Block diagramof filtered-x type algorithmimple-
mentation(Method1).

Theadaptiveinversefilter =&%-'*) is adjustedtomake/>%-'*)
approach45%-'2) by addingadjustmentvector ?@=A%('*)

=&%-'�B<CD) 	 =&%-'*):BFE�?@=A%('*)1G (3)

whereE is a scalingfactorcalledthestepsize,which con-
trols theconvergencerateandtheamountof residualerror.

However, thereis a problemwith the adaptive filter in
that it often fails to converge dueto the modelingerror of
thefiltered-xtypealgorithm.

4.2. Method 2

This methodis the oneproposedin this paper. The initial
valueis givenas =:0H%-'*) and =A%-'*) at ' 	 C .
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Fig. 7. Block diagramof the adaptive inversefilter with
initial value(Method2).

$&%('*) , I7%-'2) , /�0J%('*) , . %-'*) , 45%-'2) , and 67%('*) in Figure7 are
the input signal, the input signal to the unknown system,
the output signal from the unknown system,the adaptive
filter output,thedesiredsystemoutput,andtheerrorsignal,
respectively. 8:%-'2) representsthenoisesignals.

The advantagesof this methodis that it is simpler to
implementandcontainsno modelingerror.

5. INITIAL VALUE OF ADAPTIVE INVERSE
FILTER

With method2 thefilter mustbegivenaninitial value.This
sectiondescribesthe relationshipbetweeninitial valueand

convergencetime andexaminesthe optimuminitial value
from theviewpointof convergencetime.

Thecoefficienterrorvectoris definedbyK %-'LBMCD) 	 =&%-'�BNCD)9OQP � (4)

Here,P is theoptimalvalue.Whentheinputsignalof adap-
tive filter is assumedto be white noise,

K %-'<BRCD) is given
by K %('�B�C7) 	 %SC*OLE*)UT K %VCD) � (5)

Thecoefficienterrorvectornormis givenasW K %-'FBMCD) WYX 	 %VCZOFE*) X T W K %VCD) WJX � (6)

=2[]\Y^S%VCD) is the initial value _ , Pa` is the optimal value b
while = [c\Y^` %('MBdCD) is the adaptive inversefilter coefficient
aftertime ' ,W K []\1^` %-'FBMCD) W X 	 %eC�OLE*) X T W = []\1^ %VCD)fO<Pa` W X � (7)

As %eCZOgE*) X 	�hji>k %1Oml5) , it convertsto thesamplingtime n ,W K []\1^` %VCD) WYX 	 W = []\Y^ %VC7)9O�Po` WJX 	<h�i>k %eO�ljn []\Y^� ) W Po` WYX G
(8)

W K []\Y^` %-'FBMCD) W X 	 W = []\Y^` %-'FBMC7)9O<Pa` W X	 hji>k %eO�ljn []\1^Tqp � )
W P ` W X � (9)

Therefore,convergencetime r []\1^` % 	 n []\Y^Tqp � OLn []\Y^� )
r [c\Y^` 	 C

l
sut W =*[]\Y^S%VC7)9OQP ` W XW = [c\Y^` %('vBNCD)9OQP ` W X (10)

is given.Theaverageconvergencetimeis deducedfrom the
coefficient errorvector, r [c\Y^w�xSy of theinitial value =2[]\Y^S%VCD) , is
givenby

r [c\Y^w�xSy 	 Cz
{
`c| � r

[c\Y^` �
(11)

It is difficult to acquiretheinitial value_ in which r []\1^w�xSy be-
comesminimumvalueby arithmeticanalysismethod,from
Eq.(11). Therefore,we usedan alternative method,which
is computersimulation.

6. COMPUTER SIMULATION

Theinputsignal$&%-'*) , weusedwhitenoise.In determining
theunknown impulseresponse+ , weused118ECTF, which
wasmeasuredfrom bothearsof 59 listeners.To determine
the desiredimpulseresponse, , we usedthe BPF (20Hz-
15kHz)with additionaldelaytime of 5.33ms.In determin-
ing the referenceimpulseresponse+ requiredin method1,
theaverageof 118ECTFwasused.

Theestimationerroris definedby

} %-'2) 	 C ; su~D� �U� � %e�c��%1�f)e�>OM�u��%1�f)1��%1��G1'2)e�-) X

� �u��%1�f)e�
X %��
�a)1G

(12)



where ��%1�f) , ��%1�f) , and ��%1��G1'2) areconvertedinto thefre-
quency domainequivalentsof , , + , and =A%-'2) , respectively.

Theconvergencetime is definedasthesamplingtime n
takento achieve theestimationerror } 	 O�C ; dB down.

Theothersimulationparametersareshown below: Step
sizeE 	<; � �

, AffineProjection(AP) algorithm’sdimension� 	��
, and Block length � 	�� ���

for Method 1. It is
necessaryto usetheblock processingin orderto applyAP
algorithmto thefiltered-xtype,becauseAP algorithmneeds
errorsignalvectorof dimension� .
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Fig. 8. Theaverageconvergencetime.

The simulationresultsare shown in Figure 8 and Ta-
ble1. Figure8 showstherelationshipbetweenaveragecon-
vergencetime andEq.(11).Theresult(a) and(b) in Figure
8 indicatethat (1) the averageconvergencetime becomes
shortwhentheaverageof many listeners’ECTF

���
is used

astheinitial value,(2) theconvergencetime of method2 is
alsogenerallyshorterthanof thatof method1, and(3) the
dispersionof method2 is smallerthanof method1.

Table1 shows the 1st orderautocorrelationcoefficient
of the input signal of adaptive filter. ¥ in Table 1 is the
standarddeviation. In this case,initial value =90J%VC7) , theav-
erageof 118ECTF

���
wasusedfor method2. The1storder

Table 1. The 1st order autocorrelationcoefficient of the
inputsignalof adaptivefilter¦�§q§ %VCD) (Method1)

¦�¨�¨ %eCD) (Method2)
0.66 0.43 ( ¥ 	�; � CS© )

autocorrelationcoefficient of method2 is smaller than of
method1.

Therefore,theseresultsindicatethatmethod2 is better
thanmethod1 for anout-of-headsoundlocalizationsystem.

7. CONCLUSION

This paperproposesanout-of-headsoundlocalizationsys-
temthatusesanadaptive inversefilter thatneedsnoprepro-
cessingmeasurements.This systemestimatesthe inverse
ECTF, andcanadaptively obtainthetransferfunctionto fit
thelistenerin real-time.This paperalsoproposedanadap-
tive inversefiltering methodfor out-of-headsoundlocaliza-
tion thatis differentfrom thefiltered-xmethod.In addition,
therelationshipbetweenconvergencetime andinitial value
is deducedfrom thecoefficient errorvector in orderto de-
cide the initial valuegiven to the adaptive inversefilter. A
computersimulationwascarriedout usingtheECTFmea-
suredfrom many listeners,and the optimum initial value
from theviewpoint of convergencetime wasexamined.As
a result,we clarified that the proposedmethodis moreef-
fective, in termsof convergence,if the initial valueof the
adaptive inversefilter is setasthe averageof many listen-
ers’ impulseresponses.This is extremelyeffective sinceit
makestheinitial valueeasyto set.
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