
ADAPTIVE PARALLEL SUBGRADIENT PROJECTION TECHNIQUES
WITH INPUT SLIDING TECHNIQUE

FOR STEREOPHONIC ACOUSTIC ECHO CANCELLATION

Masahiro YukawaandIsaoYamada

Departmentof CommunicationsandIntegratedSystems,Tokyo Instituteof Technology
Ookayama,Meguro-ku,Tokyo 152-8552,JAPAN.

E-mails:
�
masahiro, isao � @comm.ss.titech.ac.jp

ABSTRACT

In this paper, we presenta novel adaptive filtering schemefor
StereophonicAcousticEchoCancellation(SAEC).Theproposed
schemeis basedon the adaptive parallel subgradient projection
techniques(Yamadaet. al., 2002)combined with the input slid-
ing technique (Joncour andSugiyama,1998,Sugiyama,Joncour,
Hirano, 2001). The schemeusesinformationboth in the current
andpreviousperiodsof theinputsliding techniquesimultaneously
while the original technique just usesinformation in the current
period.Robustnessto noiseisachievedby introducingthestochas-
tic propertysets. Moreover it requiresonly linear computational
complexity becauseit is freefrom solvingsystemsof linearequa-
tions.Thenumericalexampleshowsthattheproposedschemecan
achieve, even in noisysituation,muchfasterconvergenceaswell
aslower miss-identificationof echopathsandhigherERLE than
theconventional technique.

1. INTRODUCTION

Stereophonicacousticechocancelers(SAECRs)becomeoneof
thekeys in successfulrealizationsof high quality hands-freesys-
tems,suchas advancedteleconferencing,car-phones,homeen-
tertainmentetc. In a teleconferencewith several talkers, for ex-
ample,the auditoryimagesin perceptual spacewould help us to
localize eachtalker. The principal part of SAECR is illustrated
in Fig. 1. Since the 2 echo pathsusually carry highly cross-
correlatedsignals,the normalequationto be solved for the min-
imization of the residualechois often ill-conditionedor hasin-
finitely many solutionsdepending on the transmissionchannels.
In otherwords,straightforward generalizationof monauralecho
cancelerto stereophonic onesuffers from lacking sufficient con-
dition to determinethe unique pair of echopaths,which is the
so-callednon-uniquenessproblem[1–6]. A greatdeal of effort
hasbeendevotedto achieve theunique pair [3, 6–9]. In particular,
it was reportedthat applyinga periodicallydelayedinput to the
NLMS helpsSAECRsachieve lower miss-identificationof echo
pathswith littl e audibledegradation[6,7]. This simplemethodis
calledinput sliding technique. Someconvergenceanalysesof the
techniquehave also beenreported[10,11]. From anotherpoint
of view, the statisticalnatureof the input signalsdepends on the
acousticpathsin thetransmissionroom,whichmayvarywith am-
bient temperatureetc.,or maybedynamicallymodifiedby move-
mentof objects;e.g.,humanbodiesor doors[12]. Thereforefast
tracking is strongly required. Moreover, becauseof the 2 audio
channels, wehaveto identify theimpulseresponsesof all 4 acous-
tic paths,from 2 loudspeakersto 2 microphones,by adaptingthe4
echocancelers.Thereforetheadaptive algorithm,employedin the
system,must be of low computationalcomplexity. Establishing
suchanefficient algorithmis themajorinterestin thestudyof the
SAECRs[13].

TheNLMS algorithmhasbeenwidely usedin acousticecho
cancelerdue to its simplicity androbustnessto noise. However,

unfortunatelyit shows slow convergence,even in thesinglechan-
nel case,for a coloredinput signallike a speech[14]. To improve
convergencespeed,theuse,in placeof NLMS, of moresophisti-
catedalgorithm,APA [15,16], would be conceivable. However,
APA causeshugecomputational costfor high dimensionalaffine
projection,moreover, the performanceof morethan two dimen-
sionalaffine projectionis severely influencedby noise(see[17]).
On theotherhand, to resolve thesedifficulties,anadaptive filter-
ing algorithmbasedon the adaptiveparallel subgradient projec-
tion (PSP)techniques was recentlyestablished[17]. The algo-
rithm is computationally efficient androbust to noise,andin ad-
dition, exhibits dramaticallyfastandstableconvergence. In [18],
thestraightforwardapplicationof thealgorithmin [17] to Stereo-
phonic AcousticEchoCancellation(SAEC)waspresented,which
exhibits fastandstableconvergenceevenin noisysituation.How-
ever [18] doesnot utilize the preprocessingof the input sliding
technique unlike [6, 7,10,11].

In this paper, we presentan efficient robust filtering scheme,
for SAEC,basedon theadaptive parallel subgradient projection
(PSP)techniquescombinedwith the input sliding technique. The
schemesimultaneouslyusesinformationboth in the currentand
previous periodsof the input sliding techniquewhile theoriginal
methodin [6,7] just usesinformationin the currentperiod. Ro-
bustnessto noiseis achieved by introducing the stochasticprop-
ertysets.Moreover it requiresonly linearcomputationalcomplex-
ity becauseit is freefrom solvingsystemsof linearequations.The
simulationresultshows that the proposedschemeachieves,even
in noisy situation,excellent improvements in Echo ReturnLoss
Enhancement(ERLE) andmiss-identificationas well as in con-
vergencespeed.

2. PRELIMINARIES

2.1. Notations

Let � and � denotethe setsof all non-negative integersandreal
numbers respectively. Define also �����	�
�������� . Let �����
denote the time index. We usethe length(����� � ) of the im-
pulseresponsesof transmissionroom andthe length(����� � )
of the impulseresponsesof receiving room. For simplicity, we
alsousethe samenotation � for the lengthof the filters. Given����� � , ���	� �"!$# is a real Hilbert spaceequipped with the
inner product %'&)(+*-,.�	�/&102* , 34&5(+*/�6� , andits inducednorm7 & 7 �	� & 0 & 8:9 ! , 34&;��� , wherethe superscript< standsfor
transposition.For any nonemptyclosedconvex set =?>/� , the
projection operator @5AB�C�EDF= is definedby

7 &HGI@1ACJK&5L 7� MONQPSRUTUA 7 &6GV* 7 (W34&X��� . The notation Y	Z[Y standsfor the
cardinality of a set Z . Vectorsand matricesare representedby
bold-faced lower-caseandupper-casecharactersrespectively. By
the talker’s speechsignal \^]"�	�`_	ab]c(dab]be 8 (dfdfgfd(hai]gekj"l 8Km 0 �n� j
( �o�p� ) andthe q -th transmissionpath rtsvu2wx�y� j J'q5��zc(h{|L , the
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Fig. 1. Stereophonicacousticechocanceler (SAECR); Unit 1
is a modificationunit (seeFig. 2). Without the unit, this figure
illustratesa standardsystemof SAECR.

input to the q -th microphone is generatedas � svu2w] �	��\ 0 ] r svu2w J'q��
z�(d{�L . Define the q -th input vector sequence } svu2w] ] Tb� >�� #
as } svu2w] �Q� � svu2w] (W� svu'w]be 8 (gfhfdfd(W�

s u'w]ge # l 8 0 �`� # (����`�"f For

� ����� , we use � svu2w] �Q� } svu'w] ( } s u'w]ge 8 (dfdfhfd( }
s u'w]ge���l 8 ��� #1� � .

Supposethat � � svu'w ��� # standsfor the q -th receiving echopath
to be estimated,and � ]I�	�
_ �-]�(dfdfdfd(��-]ge���l 8'm 0"��� � , 3������ ,
is the observed noisevector at the microphone in the receiving
room. Then the data processvector J � ]|L ] Tb� >�� � is mod-
eledas

� ]H�Q��_ �k]|(dfdfdfd(��k]be���l 8Km 0o�	����0] � �"� � ]�(�3������"(
where�C�o�Q� �x� s 8 w 0 (+�-� s ! w 0 0 �I� and �n]��Q� � s 8 w] 0 � s ! w] 0 0 �
�"!$#t� � . Let ��svu2wS�y�"# be(theimpulseresponseof) the q -th echo
canceler, an estimateof �x� svu2w for q��
z�(h{ . Thenwe define,with

���Q� � s 8 w�0 (+� s ! wW0 0 �`� and } ]��	� } s 8 w] 0 ( } s ! w] 0 0 �`� ,

the estimationresidual functions ��]���� D¡� by ��]|JK�5L��Q�} 0 ] �6GI�k]�(�3������"f
2.2. Non-Uniqueness Problem in Stereophonic Acoustic Echo
Cancellation

We focus,without lossof generality, on the identificationof the
echopathsfrom all the loudspeakersto anarbitraryspecifiedmi-
crophone in the receiving room. The ultimate goal of SAEC is
to identify the possiblychanging�C����� even in the noisy sit-
uations. For simplicity, however, in the following two subsec-
tions, we review the problemonly in noisefree situations;i. e.,�x]��¢��(+3����/� . In this case,becausewe can observe only

� svu2w] ] Tb� and J'�k]|L ] Ti� , all whatwe cando is to find a point in

£ �Q������o�
�5��]|JK�5L[�6�¤(k3S���O�"�[f (1)

Unfortunately,
£

is, in general,not a singleton, which is thenon-
uniquenessproblem.

2.3. Input Sliding Technique

In thissection,we introducetheinputsliding technique [6, 7]. Let¥ (W¦��y� � (
¥�§ ¦ ) denotetheone-cycleperiodfor modifications

andthe transitionperiodfor smoothness respectively. Definethe
periodicallydelayedsignal1

} s 8 w] ��¨©] } s 8 w] � J$z5GI¨©]iL } s 8 w]be 8 ( (2)

1Without loss of generality, we modify the input signal ª s 8 w] in the
first channel. In (2), we canalsouseany othermodifiedsignal in stead

of ª s 8 w]ge 8 . Note that, however, careful investigation shouldbe required in
ordernot to causeaseriousaudible degradation to thespeechsignal.
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Fig. 2. Themodificationunit. TheUnit 1 in Fig. 1 is replacedby
this unit.
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Fig. 3. A geometricinterpretationof the original input sliding
technique in thenoiselesssituation.

whereJ'¨©]�L�] Tb� is theperiodicsequencedefinedas,for ��¯®�O¯ ¥ ,

¨c].�	�
zc( ��¯®�O¯X° e�±! (z�G^D;�¤( ° e²±!´³ �O¯X° ! (�¤( ° ! ³ ��¯

¥ G ± ! (��G^Dµzc( ¥ G ± ! ³ �"¯
¥ (

(3)

where G^D meansthesmoothtransition. J'¨c]|L:¶h·k]g· ° is extended
periodicallyfor �¸�V� . Thus } s 8 w] alternatively changesbetween

theoriginal signal } s 8 w] andthedelayedsignal } s 8 w]be 8 . Themodifi-
cationunit is depictedin Fig. 2.

Define the solution space,constructedby the delayedinput

signals,
£ �Q� ���y�
� } 0 ] ��G �k].�6�¤(¤3��"�y� ( where} ]��	�

} s 8 w]be 8 0 ( }
s ! w] 0 0 and�k].�Q� } 0 ] �x� (seeSec.2.2). Sincethe

simpleuseof theinputsliding techniqueaccounts theonly current
information,theechocancelersapproachto thetarget � � through
an indirect way asshown in Fig. 3. The simultaneoususeof in-
formationboth in the previous andcurrentperiodscould leadto
fasterconvergenceto the target � � . In the following section,we
presentanefficient robustadaptive schemebasedon theadaptive
parallelsubgradientprojectiontechniques[17] with theinputslid-
ing technique.

3. EFFICIENT ROBUST ADAPTIVE FILTERING
SCHEME FOR INPUT SLIDING TECHNIQUE

Let �n] ] Tb� >¹� !$#1� � and
� ] ] Tb� >¹� � denotethemodified

signalsequences correspondingto J��n]|L ] Tb� and J � ]iL ] Ti� respec-
tively. Wedefinethestochasticpropertyset

=1]iJ'º¤L[�	� ���p�
�i»4]|JK�5LC�Q� 7 ~ ]iJK�)L 7 ! GIº�¯H� ( (4)
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Fig. 4. Thetime interval of modification.

where~ ]|JK�5L.�Q� � 0 ] ��G � ] and º�É�� . For given
¥

, ¦;�H� � ,
let ÊËJ'Ì�L��Q� ���O��� s Í e 8 w °! ¯®�O¯ Í ° e�±! (CÌ��6�)� , denote

thesetof all the time indexesin the Ì -th interval of modification
asshown in Fig. 4 (Ê.J2�²LC�Q��Î ).

Forgiven ÏO�O�)� , definetheindex setsÐU]Ë�Q��c�Ñ(d�.G�zc(gfdfhfd(d�G-Ï � zc��>¹� and Ò ] >6Ê.J'Ì�J��UL$L , whereÌ�J��UL[�	� Ó�J${�� � ¦�L ¬�¥tÔ ,3S���y� . Also definetheweight Õ s ] wÖ § �¤(�3�×^�pÐU]^Ø"ÒÑ] , 3��"�y� ,
to satisfy Ö T©Ù+Ú Õ s ] wÖ � Ö T�ÛÂÚ Õ s ] wÖ �®z , 3��"�y� . Theproposed
adaptive filtering schemeis givenasfollows.

Scheme 1 For an arbitrary given � ¶ �I� , defineJK�)]|L ] Tb� >��
by

��]hl 8 � �)] �ÝÜ ] Ö TUÙWÚ Õ
s ] wÖ @ svÞ�wß[àá sQâ Ú w JK�Ë]iL

� Ö TÑÛhÚ Õ
s ] wÖ @ svÞ�wß[àá sQâ Ú w JK��]iLãGV�)] (ä3S���O�"( (5)

where

@ sQÞ�wß à á sQâ Ú w JK�)LC�
� � e²å á sQâ Ú w l sQâ Ú e âÑw2æ'ç å á sQâ Ú wèWé ê æ á sQâ Ú w  éë æ á éë á l Þ:ì � é ê á sQâ Ú wWí » Ö JK� ] L�(

if � ¬�yî eÖ JK�)]|L�(�)( otherwise,
(6)î eÖ JK*-L5�Q�BÂ&��Ý�µ�ãJK&�G¹*-L 0 í » Ö JK*-L � » Ö JK*-L)¯��¤� , ïnÉ�� is

theregularizationparameterand Ü ]y��_ �¤(d{�ð�] m is thestepsize,
where ð ] is definedas

ñ á ò�ó Úãôãõ Ú¿öá�÷÷÷÷÷�ø õQù
öú à á õvû Ú ö sQâ Ú w e â Ú

÷÷÷÷÷
ü l ñ á ò�ý Úãôãõ Ú¿öá�÷÷÷÷÷�ø õvù

öú à á õvû Ú ö sQâ Ú w e â Ú
÷÷÷÷÷
ü

÷÷÷÷÷
ñ á òÑó Úãôãõ Ú�öá ø õvù

öú à á õvû Ú ö sQâ Ú w l
ñ á ò�ý Ú�ôãõ Ú�öá ø õvù

öú à á õvû Ú ö sQâ Ú w e â Ú
÷÷÷÷÷
ü (

if �Ë] ¬� Ö TÑþ$Ù+Ú$ÿãÛhÚ�� î eÖ JK��]iL�(zc( otherwisef
(NOTE: If ïn��� , @ sQÞ�wß�àá sQâ Ú w JK�5L is reduced to theexactprojection

from � ontotheclosedhalf-spaceî eÖ JK�Ë]iL ; i. e., @ s ¶ wß[àá sQâ Ú w JK�5L��@ ß[àá sQâ Ú w JK�5L ). Clearly, by (5)and(6), thealgorithmis freefrom
thecomputational loadof solvinga systemof linearequations to
updatetheestimate�)]hl 8 from �)] , unliketheAPA schemefor � É{ . Moreover a simpleinspectionof thesummationin (5) implies
thatthealgorithmis well suitedfor Ï � Y	Ò ] Y concurrentprocessors.
(NOTE: It is nothardto seethatthemethodin [6,7] is thesimplest
case,whereÕ s ] w] � zc(�Õ s ] wÖ ����J'3�×��� �ÑL�( � � zc(�º6�®� ). A
geometricinterpretationof Scheme1 is givenin Fig. 5.

In Scheme1, themonotonicity
7 �)]hl 8 GV�C�

7 ¯ 7 �Ë]1GV�C� 7
is guaranteedif � � � Ö TUÙWÚ�ÿãÛhÚ î eÖ JK�)]iL [17,Proposition1]. Un-
derthepracticalassumptionof thenoiseprocessof zeromeani.i.d.
Gaussianrandomvariables��J2�¤(�� ! L , a systematicdesignof the
stochasticpropertyset =1]iJ'º¤L wasproposedbasedon the follow-
ing simpleformulaefor º that rely only on � andon thevariance� ! of thecorruptingnoiseprocessJ'�x]|L ] T�� .

£
£

�Ë]

� �
�

=1]iJ'º¤L

= ]	� J'º¤L
Fig. 5. A geometricinterpretationof Scheme1. � : currenttime
index, ��
 : a time index in theprevious period Ê.J'Ì�J��UL$L . For each
time � , ��] monotonically approachesto theintersectionof =1]|J'º¤L
and = ] � J'º¤L .
Example 1 [17] (Designof Stochastic PropertySets)º 8 �Q��J � �� { � L� ! É6º ! �Q� � � ! É6º Ç �Q��M��	�ã|J � G�{�L� ! (���� .

4. NUMERICAL EXAMPLE

To comparethe performanceof Scheme1 to the NLMS [6,7],
basedon the structureof input sliding technique, for estimating� � ��� �Q����� 8 ! (� �/� �X{���� ), a simulationtestwasper-
formedunder thenoisesituationof SNR�Q�®z�������� 8 ¶ � � !] ¬ �� !] ��{�� dB, where� ]��Q� } 0 ] �x� and � denotesexpectation.
In the modificationunit, we set

¥ ������� and ¦
����� . We uti-
lized a male’s speechsignal,which wassampledat 16kHz,asthe
input J�ab]|L ] Tb� . For theNLMS algorithm,thestepsizewassetto�¤fv{ by following arecommendationgivenin [6, 7]. For afair com-
parison(see[19]), theproposedschemeemployed Ü ]����¤f �cð ] ,3����! , º�� º Ç (seeExample1) and � �¢z . For the present
numericaltest, we focus on the specialcases: (a) Ï �"� andÒÑ]"�Q�`c�.G ¥�¬ {5G$#Ñ� è%'& ¶ , 3��p�p� , and(b) Ïp�/z�� and Ò�]���Î ,
3����n� . We let Õ s ] wÖ �Q�`z ¬ z�� , 3����n� , 3S×-�IÐU]5ØVÒ�] , 3��¸�¸� .
(NOTE: Proposed(b) corresponds to thestraightforwardapplica-
tion of adaptive PSPalgorithm [17] to input sliding technique,
on the otherhand,proposed(a) usesthe informationboth in the
current and previous periodssimultaneously). For a fasterand
more stableconvergence,the regularizationparameterï wasset
to zcf �$(Iz�� e ! bothfor theNLMS andfor Scheme1.

Weevaluatethesystemmismatchdefinedas
7 � � GÝ�)] 7 ! ¬ 7 � � 7 ! ,3����O� , aswell as

ERLEJ��ÑLC�Q��z��)�*��� 8 ¶
]u & 8 J � u L !]u & 8 J � u G } 0u � u L !

f
Fig. 6 shows that the proposed schemeoutperforms the NLMS
basedmethod. Furthermore,we observe that it is effective to use
the databoth in the previous andcurrentperiodssimultaneously
for fasterconvergence.

5. CONCLUSION

In thispaper, wepresentanefficientrobustadaptivefilteringscheme
for theSAECproblem.Theproposedschemeis basedontheadap-
tive parallelsubgradient projectiontechniquescombinedwith the
input sliding technique. Theschemecouldapproach to the target
echopathsdirectlybecauseof thesimultaneoususeof information
both in thecurrentandprevious periodsof the input sliding tech-
nique, while the original techniquejust usesinformation in the
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currentperiod. Thenumerical exampleshows that it canachieve,
even in noisysituation,muchfasterconvergenceaswell aslower
miss-identificationof echopathsandhigherERLE thanthe con-
ventionaltechnique.
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