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This thesis presents a new signal decorrelation technique, based upon adaptive
noise addition. The added noise level is adjusted according to the characteristics of the
speech inputs so that the quality of the decorrelated stereo speech signals is kept
undisturbed. Therefore, the performance of an SAEC system can be improved by
employing the adaptive noise addition technique. Test results on recorded speech
signals indicate improved performance in both objective and subjective manners. In
addition, the computational complexity for the proposed technique is insignificant as
compared to the whole system. Furthermore, this SAEC system with the proposed
decorrelation technique is applied to a communication system with G723.1 speech
codec. Simulation results demonstrate well-behaved performance of the SAEC system as

well as in the case without speech codec.
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o o A
NFANBULUSUFAS

h(n)=[h, (), h,(n), ..., h, (M T"

wazianesdtyinidivesszuuingl n'le Ae

x(n)= [x(n),x(n-l),...,x(n-L+1)]T

FryeyaslalasTiulusiesiu d(n) wildann

d(n)=y(n)+v(n)

=" h, ()x(n-ky#v(n) 2.1

L
k=0

| L-1
e znk(n)g(n—k) wlunasanaaulagdu (Convolution) 7219749 h(n) waz x(n)
k=0

wanannil dnyayanieendesaasnsasiuuliuse y(n) Aruanldainuasupeuiigduy
seminednilsrAnsrnmiinaesngamaasuuuildusa h, (n) dudtyonnudn x(n) Asaunnsi

(2.2)

9(n):2ﬁk(n)g(n-k) (2.2)

v
o

Aetiudtyyndiinwannasanisdszian e (n) Geurldannasatunnsinaszudng dyaon

aanyednanseuuuLiuse §(n) Audnyaululasiiu d(n) fvaunis

e(n)=y(n)+v(n)-y(n)

= [ hu(m)-hi () [x (n-k) +v(n) 2.9

k=0

\HaNANTUNANNI9T (2.3) axnudnfiean n - la o d1asasnsesuuudiusaainiem

d1aeeszun h(n) 16 naeke §(n) HArlndiAesdu y(n) Ardoyamiinnain e(n)

v
%

= v ¥ o [ 3 d’l [ % o 1 [ a =S o v
azdauadr InddAdyayrausunauiunds v(n) faduddayanaiianainaegninluld
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| o dl o aa 4 a dl = [ & o
dusiauannisiisaunaesiuuanaednazieundsadenfsauiauiu AEP Tuieady
o o ZJ/ as . 1 dld A ¥ :j/ g 1 o a

dmiLduneuda (Algorithm) fine 7 NAA9Ren 1 MellAdayaniianaia e(n) azgn
il lunspruaunisulasunlasdnisc@nsinuinasansasnsesuuuliusianauansle
Tuusazsaunisawdn (lteration) tialdmAnduilsz@natinutinaesisasnsasiuulsusialy
nisAuansaudinll Weanisdiudgeandudss@nstimtinaeasasnsesuuutlusanszingn
TWFes) wudnaednaziouniadesn indireaunigaiuanasiauniadesass luieeiu
AEP mlfandudse@ns h(n) Weruinesdnyuinanuilanain e(n) dadesauiy

Peansuls [13]

A iulunsdin AEP Snnsulasuminiaan (Time-varying) &1yon0eanua9ssLLay
| dl P2 o 3\1/ ?:/ add‘ 2 o o o
dusuunlasusunaidgasiuduaetdsnldaauannieinauaensasnseauuuiuen
wananazfasiimnudanuignlunisin liauneesdnynmianulianainaesssuy JA0
ae < wda feAqsnagheIln g lunTARANN (Tracking) NsilasuuLladzes AEP

atinepaLaInNaanAe [17] TeazetuanuauaAn) sANENI893N N IR IS

2.2 TUABUIEN LENUINASNTRIL LS LA
2.2.1 IUAAUIE Least Mean Square (LMS)

E/ acs [~ 3'/ Qdd‘a = v [ 1 v o o
Tunauds LMS udupeuidniaswasinisldauiuetendismnnsdmiuacuny
o o %3 zill [~ ?/ Qdd‘d dl
NN NI ULBIIN AN DI LLLS AT LA BT WABUITNH AN T ULNNUNU (Robust
Performance) wazilmanndudanliunisAnanimi (Low Computational Complexity) Dausl

[ %

Azlidnsnsgidn (Convergence Rate) NAawdnedn [12][15-16] waisauimauiuduneu

v
o a

35817 TuReUIFHIN LN NT1ABUIE Steepest Descent tAENENEINAAANARL RS

1 v 1
anvaasANdryIniianana. e(n) A tasnga [15-16] Tunauds LMS An19vinanui

'
a o

BNAINNITANULAATGENAWIELAA N 22 ANT10999A5N TR ULLSUAIYTE  LINLABT
duilsz@nsunniin (Tap Weight Vector) 48999a3n3aiilutiuma e Andnuse@natinunin
1e99asnsasuuuliudaargnufudgelinfeniusiuousaurresiuounisauinuesnis

4 ) °

fuans ArzesianiAeANUsyAngtmiin ﬁié’fafmmmw;fﬂui@mgmﬁﬂm:@jLmqmmu
289551891 Wiener Solution [15] NN UAB LA LMS Hasiidnsmizagneiy
sruunsAruANUULaUNAL Tmmmﬁﬂmzmum@ﬁugm 2 NITUIUNNIAD

1. Adaptive Process AUl asunnmesdulsyansinuinluusazsew

N394
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2. Filtering Process %Lﬂumiﬁﬁm@@mmﬂlmwdﬁwm%’mﬂ@ Foueyaddnuasn
wnnasdntlsr@nsiiminuesisasnsesuuulfudantiunszuounisiulgeandulsc@ns
Uutinuanann ludumal Adaptive Process

¥

1 v 1
Haridusiunu (Cost Function) #ldludunands LMS daAdlu Aeaunndsasdaes

1o

ANGTUNURANANAAIANNNS

J(n)=E{e*(n)} (2.4)
e E{.} Ae Expectation 184A&0yry 104
#a1su7UR 2.3 anndld x(n) waz d(n) iudnlauniaudneraizuuy Jointly

Stationary way J(n) \lwilsridunauand (Convex Function) 1194 ﬁ(n)

¥ a6 Y o d o a0 v -Qi
ﬂ’]’&illlWSLW@G&IQ_/I’WM?Uﬂ’)u‘W‘uM@ﬁﬂJﬁ’]u‘ﬂﬂﬂ’]ﬂ@umﬁlﬂ@@uﬁl INFNNITN  (2.3)

1 o

Aty R ananguasnLde i

e(n)=[ h(n)-A(n) | x(n) (2.5)

WA e(n) miuﬁmmumuwuiummm (2.4) azls

J<”>=E{Hh(n)-ﬁ(n)fx(n)ﬂ (2.6)

TunsmAtdudss@natmin  h(n) Arwmnziga (Optimum) e J(n) Hesgn

(Minimum) gn@asanalalaemamAninsipewiiinmaiaas J(n) Faasilangly

V(J(n)):-Zp(n)-ZR(n)ﬁ(n) (2.7)

o

Tne?l p(n) Ao wninesauduiusdnu (Cross-correlation) s¥1319 x(n) uaz  d(n)

A1130U1 bFAN

p(N)=E{x(n)d"(n)} (2.8)
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Wa H A8 Hermitian Transpose way R A8 WWAINTenaUaNALS (Autocorrelation) 284

x(n) amnsanldann
R(M=E{x(n)x" (n)} (2.9)

aun1sliudgeAndudszAnsiivinresaasnsesuuudiusa h(n) vieaunisdiulii

v k3
n14a (Update Equation) 1249211 mmmmié’mnmmmqmmmwmqﬁqﬁi@Mﬁ

: A
h(n#1)=h(n)+Su[-v(3(n))] .10
dl A 1 dl o a Azl' 1 1 o o 1 o a af
e [ AD ANAINANUINAINUA N AINABARIIN1 71U F UL JaRn AN s AnBresisaTnseuLIL
15U wazarFandn AN1efing (Step-size)
adnslsfimuAtaeg p(n) waz R(n) #eaunnai (2.8) waz (2.9) ldanunsaumls
andryayrnudivesg At A9t ludwaetds LMS  A9tliuileanndunends Steepest
Descent  laanisladAntlezunns (Estimate) 209 p(n) waz R(n) PUSLIATNT
(Instantaneous) Jun13vnAMN A NmeFuaNn1N (2.7) IneAndssunniunizinatnile

789 R A8

R(n)=x(n)x"(n) (2.11)

'
a a

Wavanndynrunnansundudyninrieis (Real Value) asld <>Tunu <> way

' = =
ANUTENIUIDUZIAINUNUDS p. AR

E(n)q(n)d(n) (2.12)

WWaNANN19N (2.11) kAT (2.12) wnulugunian (2.7) way (2.5) aun19U5ulEiuniaaas

ﬁ(n) Tuanni3n (2.10) aznaneily

h(n+1)=h(n)+ux(n)[ d(n)-h" (x(n) | (2.13)
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=

o Z// d‘ o ?/ ad o o o
ANUULNAUNUWARUIT LMS N’ﬂmuﬂ'ﬁ‘ﬂ'ﬁ_l@Nﬂ'ﬁ“l’ﬂ\i’]%‘ll‘ﬂ\‘l@\‘l@?ﬂﬁ‘@\‘]LL‘LI‘LI‘]J?‘LIIWWI'WNE?JV]

2.3 azlAmuduingsing o 1anupe

y(n)=h"(n)x(n) (2.14)
e(n)=d(n)-y(n) (2.15)
ﬁ(n+1):ﬁ(n)+u5(n)e(n) (2.16)

1%

ANTNNNND [ @”ﬁm‘lmﬂmm@ﬁm’mﬁmLﬂ’ﬁzﬁmuvmﬁq (Steady State) 18992LIL Li489a1N

Y v
o A

finnstlaunau (Feedback) Iumumamﬁ LMS Tnsenadnantldssuniiafasls wellAn p

pasiaen et lutasaag [12][16]

O<u<>bi (2.17)

max

d . - a Ry o
WainEIANanysresszuL tne A A8 AN1ANZAY (Eigenvalue) 989 R NXANINNEA

De

Tnenlnd h(n) azlaigdagenitiosnignans I(n) wiazundssan - qafitieniiqail

=

L‘Llﬂ\‘i@ﬁﬂﬂ@?l@\?ﬂ’ﬁ‘ll Gradient Noise [15] na%A% ANRANANALUNTLTZNN AN TR

%

wninadfi R(n) waz p(n) iunalidsidusunuluanazatso vise J(a) HAmINNGn

mLfaaﬂmm@mm@mmmﬂmmmamwmmﬁﬁmfi@mﬁm (Jin) PANUANFNTZNIN I(0)

uaz J, Avlsendn Excess Mean Square Error 38 J_ (0) na1qae
Jo (@)= (o) -3, (2.18)

min

nedaNanASideNLBIBIAABUA NI WA INERsTdatiaznang I, (a) uar I, Tae

(FandnAn Misadjustment

J
Misadustment (M) :# (2.19)

min

UFLERIINTgLdnTe9 J(n) gAmaLa8d Wiener Solution (e he=R™*(n)p(n)) az

o

d
1 UN9NTZANETBIANANTAY (Eigenvalue Spread) 184 R @wwnain A /A, 80

uag



16

| = ° Vo Y Y o
N19NTLALUBIANANZANURY R HAES (>1) %mﬂu@mqmi@ummm Tummmmmﬂm

u v o

v o

difludynyrnusunauancazliAiianzasaas R windu 1 winusidnluszuy AEC drymyiou

[

dndaunnndnaziiludoyonondesyeaainianszateaedaanzasasd R gainlidnsnis

¥ |

17 -&l = o dd‘ % 17 | % [ %’/ A
L°l|’]T’m'D’]Lllfr]LVIEI‘LIﬂ‘LIﬂ?mVIZﬁﬂo_llﬂo_,IWML“ﬂ’]"llﬂﬁﬁ‘?é‘]_l‘LlL‘]JMZQOQ_IIE‘I_INWM?UﬂQuﬂ”I’J padilunisiaan

e eD_

'
a v

dd‘ o [ dl val o 1 a =)
dupaudsnaztiunldlunamAieeuaesszuy AEC e liddnsnisgiinia [saunsn
USunaaasdryoroudldiesacldannninaanlddunauds  Normalized Least Mean

Square (NLMS) gaaznanalusindadaly

2.2.2 1umauIs Normalized Least Mean Square (NLMS)

o [

salgnanalfluiade? 2.2.1 Dedunauas LMS  waqtiu tTadanlaauduiusa

wnnesduLsrAna1e1999sNBULULILES h(n) gnATueuaInATLsTa RN AL

6 o/

x(n)e’(n) WewntEunnilidudndaulaensaiuenmesdnyaoudi x(n) Adszann

o

= I8 49( dl o b = d? dl
18ansReuiazinTuiedan it x (n) Hawialuaau seluszun AEC aznuilom

o

al

Aana9 Wasanndynnidnaesssuiiudnyoyioudenyaninadinimnszatgaedaazal

U

¥ 1
299 R #A1ge witlyuotlannasovaniazslalaanisinuasunalad  (Normalize)
. = - <o > 2 A = ,
ANTENNUINILAL U AU TUATBS LN LABTATYTY 10D Hx(n)” e ||| Ae Euclidean
Norm [15] nMsfudgeAndulsg@naiingedasasnsasuuutiuda h(n) awmnsanszin

v v
D LILAD]

h(n+l) = h(n +M (2.20)
h(n+l) = h(n) o) 2.20

A ey a o de 42 A e ‘. o
el & Pa AvAsILAN ) Muaniisluasnis Wedlesiunisgeanaesiasnsaauuulisy
Tunsdindeuaoudailaunntdes - uazAndaiine fie(0,2) - avegmalitenlanandy
waznaiendmiunisgdingAmeuaesiumetds NLMS Weinnisuasunaladenlszann
napsuiseruaresdyiduds  Andosine i audusdsseeadnmuzianie
(Characteristic) 1834yty1oudn [15]

o s 2// as 1% A 730 3 o % dl o

A wFudunewda LMS  dusmanlden p tee) azvinlinisidasuuessinay
iag viIpANRANAIATasIzULITRE WAdRIINT9gdngdAtaauazdn Tunneasaiududie

17

¥ !
1A p wnaginlidnsnisguingAnausessruusauusnisdeuuuIasaaouiay



17

1 ]
a =

NINAUFE AFUAY  p AReNAIUIe ariiaosmNzaNd LAty nudaganile usl

q

anaazlildAmumnzaniudyginudiangauils nanoke anaazdenaliszuuiianisg

v o q

aants Weldduneuds NLMS  wudiArgaadna p(n) aziinnsidasuutlasnininaivse

wWasuldmudymyioudi feaunii (2.21)

(”):Lz
S ()]

(2.21)

geupnsnaannislddn p MduAaeludumesds LMS A p(n) Masuulaimunan
! | v

azdaNEaveuneiUaRsNITgIE AT IDENINTIBNA AL ALiLNNIANAR

o al

Aynroudenasfiautaglddunauds NLMS azddnsanisgiinnizondduneands LMS We
o % 3| o al = 1 Yo Z’/ ac =
Arynyroudfludryonudesyn visaaiaaznaelididunauds NLMS daanumunzanl
s2UU AEC Wedtyaraudailudaaansdesyananndanasidunetds LMS
o o = o £ o ?;/ ac :// asa
AsUNTTFe U UANNTUTFaR I UNNT AN UIIIBNTUARYAT LMS LATduAa1nE
NLMS &13190A U ANNA2ANTHUNT IULAAZI01UUAIN1TIUTIUAITUADUITFIATFI4

4198798 Ipeazn19ua 13 L ABAINNENIUa99997N 3890516

LMS algorithm +/- X

§(n)=h" (n)x(n) L -1 L

h(n+1) = h(n)+ ux(n)e(n) L L +1

Total computation complexity 2L 2L +1

1 v
AN9199 2.1 ANFUTaRluN1IAN U AT UARLNE LMS
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NLMS algorithm +/- X
e(n)=d(n)~h' (nx(n) . .
h‘(n 11)= ﬁ(n)+ ﬂﬁ(n)e(nz) L +1 L+3

£ +[x(n)
Total computation complexity 2L +1 2L +3

1 v
AN9NT 2.2 AINTLTR1IUN1ANLI IRITUARAE NLMS

nnslFauauaudUdanlun1sA L eI IUAaLWAT LMS WAy NLMS wuqn

A NFUdeuYeeiuneUAETIANAILTHRAIILAN LazAdAIHWNNTAIUINA ALY YFaYA
ANBENUTNIN ANFUFaL]UN1TAILILAANTUAAEATE NLMS NANAIUAINTUma1as LMS
= £ [ % 2’/ = 9./:// aa o o o al v ij/ [~3
faunadesun auiuluninaenlddunauddlussuunisnndandyyinidesasyiausiug
AINNTDLADNTIRDITUABUAE 1NN 191 weasinalan AN luN1IRANTNTLE AR AeinIg

WasuANEUzanIzaasdty anasdaasssuiiudaulsenaudn Ay
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2.3 NSWAAILANANHUDITELL UDII9A5NSTAILLULSUAY F1sUszuU SAEC

TunauIss dniuseasnsesuuudiudanldlussuy AEC anwnsntiann
dszgnaldluszuunimidndynudevasiiauiuuaesie (SAEC) Taadinnsaenassu

AEC Wifluszuiy SAEC draniaiiinasasnsasuuunlfusiou 2 fa fagii 2.4

Receiving room

X,(n)
x,(n) l
\4
v ul Loudspeaker-Efclosure-
i Microphone System
h,(n) R, m) . () (") (LEM)

d(n)

e(n F =background noise
W 5 e di) v(n)=backg

317 2.4 winAnaesszUy SAEC Tagldaasnsasuuuilfifaanass AEP

luszu SAEC # drymnndlReNasyiaun s uiasium laann
— T i
y(m=h, (n)x, (M+h, (n)x,(n) (2.22)

e o (M=[xn) X(0-1)— o X, (-L#D)]
bi(n):[hi,o(n) hi.(n) .. hi,L-l(n):IT

e i=1,2

oy ldainnisaiaasannisasiaunia@as  h (n) Taaldagasnsasuuutliugai 2

2

o

SR RIS ()
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§(n)=hy (M), (M)+A] (M), (n) (2.23)

! A

\iln h;(n)=[h,,(n) h;;(n) .. hi,L-l(n)]T

a dl a é’ ¥ [ 1 o al £
ANRANANANINATWAINNT M9aTngasuLLLFuAq TN sl seunuan TUTUNTULAENAZNAU

mlfann

e(n)=y(n)-[f; ()X, ()+A, (N)x, (M)] (2.24)

Walddumauds NLMS  Tunasdiutlgeniannanuaasesasnsasuuuiusialussu

SAEC aun13d5ulsiuniaaadssuiilugail

h, (n+1)=h, (n)+———— X, (n)e(n) (2.25)
e+ (m)]

A4 g9 A, o = o = = g -
a9 & A ANPINTaE ] LWﬂﬂﬂ\iﬂuﬂﬂﬁ‘QQ&ILZQEILZQE]EI?JW’]W‘?J@Q?SUUI%T]?MV]LfJﬂL[ﬂﬂﬁ‘

o—

Arynynudauntios
dl % 1 tﬂl v i o o o al v ¥
anndldnanaluunil 1 daedn nasnaandnyannidasassiaulnanialdasamsas

wuutl5usaluszuy SAEC dumaudreintdaannanluszuy AEC asandyynnidnans

sruvawiale x,(n) waz X,(n) luluuanassfinanaziauduiusiuag [1-4] Teazding

pan1sl5uAdnlszanaunuiinasasnsasuuufusaneans i aneus InaAsaiuA1an

4 = 1 1 o o ¥ { =2 v ¥ o
ASNDUNINLALN LLm@:ﬁM@wmmyty’]mm@ﬂmn@’mmiummmmiﬂ
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2.4 ﬁm.,“'] “Non-uniqueness Problem” luszu1 SAEC

o 3 [ al ¥ a ‘dl dl
ANNN9ANRNTTUUNIINER Ay auldenasiiaunuuawslaluglyn 25 1le
Fryynnudnaassruududy o oudaduldilaauniunan (Linear Time Invariant, LTI) g

IFmnuduiusrnsnanauduassadniaduasdnyoynnudn ludasiudu (2]

X (g,=%, (Mg, (2.26)
Transmitting room Receiving room
&0 £ -
e  [Channel ) >
g,(m
 d i \ / /

Echo (N yﬂj

ﬂ ﬁ -l y(n)
- Channel| 5

+ y(n)

A

5171 2.5 uAan lnazUNINTBIZ UL SAEC

Walinanavauasatnvaduasdyinidn luiasdellavanainuea M uasiduszunida

1 v
Wl asununanfaiiv

gi:[gil Oi2 -+ Gim ]T

1
v A

e i=1, 2 uwazdunnnidnenululasinuluiasdalaniy

[~

RINANNTT (2.6) WaEIn1AeisriLiNe scnudAnianatnnangn taeld

ANNTUBY Wiener Solution aZWLI9N

J(n)zi A" ly(p)-h ()%, ()-] ()%, (D) 2.27)
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Wal¥ 0< 4 <1 {luAn Exponential Forgetting Factor danalifliannismanuduiusans

o

NN TUENANANAUS (Autocorrelation) hATHANTUANANNUSINN (Cross-correlation) 184

o/ ¥

&uryrnudnaeeszuuiluseil

. =R*(n)r(n) (2.28)

Wa  R(n) A8 wmAINT Covariance visalumIndenandunusaasdryoyinud
r(n) Ae Wariduandunusdnuszninedaunauduazdoyoyrueenainszuy

A

-1 - \ n-p Xl (p) T T s R xlxl(n) R x1x2 (n)
i (n)_; ’ Lﬁz (p)J [Xl A 68 (p)J \ [R w2x1(N) Ry (n)} 229

n NP
rn=>x (2.30)

p=L

vo) {xl (p) }

X, (p)

o :l/ dl W ¥ o o o v v a o OI
sty el ldAmeuressasnsesuuLliusa A wIndinaeiuqnsgaaas J(n) Tny

I

9,
U= (2.31)
9,
WAZLNANATUIAINANNTN (2.28) Az len
R(n) u=0 (2.32)

[
=3 1

AINANNTN (2.28) WLIINIUNANINLABFE N ILANDINATN AL LLSUFY Fuas)

u

o a s o

Aussndunguees R(n) dedwmsnd R(n) Tudfwmsndundiu (Invertible) AMmavuannig
dl % S a 1 < a a 8 o Y o ilz
Nazldfinamasineg adnelsinulussuuaseanunsamiumsndunduans R(n) 16 faiiis
=® 27| o dll a d‘ 901 7%

AANNNTONHALRALURIANNT LA U [2] iaNa1TunduniTh (2.29) aznuANT19e1
Tunagnnenugalunisuiuasndunduaes R(n) 1Hevainuaradauduiusaes

Aoyounndesarsslaluszuy nnlfwesnd R(n) dAnumsnddas R,,,,(N) was
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%

R, (N) atifiae AsdsnaliszunmAtnninasduiscansasamsastiusinldaaudnann

L% [ %3

- A galal o ! L " o o = ! o1 o
L?qL?ﬂﬂLNﬂ?ﬂsﬁWN@m NeAINANI11 “illed Condition” [2] ﬂﬂuu@\iﬂ@q')‘lm']q ANRABRLUURN

o

ANNN97 (2.28) AuatiuN1InNIzantrasAaIzasaadmsEnd R(n) Gedilusyuy AEC nns

o 4

' X o ~ \ = J
NTCANLABDIATNLANSAIUAN R(n) AZUUBLNUATUTU LU X(n) LNENTRNLAED sLu"llm::V]ﬂ']

kTl

\useuy SAEC NM9NseasandAianzasand R(n) Ainatazaueiudoynindiawsile

:j/ 1 o dld o [ o zl/ =2 ] v o = 1 %
N 2 TANATUIUNNHNANANNUENY AOUUANAINA LA AR LTRIANNIT (2.29) ‘Vl’]ﬂ’ﬂ,ﬂﬂ”lﬂ

o o v 2 a o A Y Ca
UL [2-3] @fmmmm@mﬂmﬁmmmiﬂmmwammmuﬂmzﬁmmiwumm NANIAR

q

' 1
a = =

22UUANAREHANRANAAN LA NE A UL = N99a9nsaanu LU FUF e I 11 na AN

q
v

6 o/ a £o o o o v v aa £ al a v a
L’JﬂLﬁlfﬂﬁ"&N‘]J?Z@Vlﬁuqﬂuﬂﬁ]ﬁ@?ﬂ?’ﬂﬁLL‘]_I‘]_I‘]J?LI[;‘]’ﬂmﬂ'Z\]LﬂﬂQﬂUQﬂ@ZVI‘ﬂuV]”I\iL@ﬂ\‘i@?\‘iiﬂ LTEIN

tTeymsananadn “Misalignment Problem” [1-4] #aldann

(2.33)

e h=[D1T,L h;LT LAY ﬁ:[ﬁﬂ ﬁ;—,L:|T

tlynsenannazldifnaulussuy AEC  Aelu iNan1dndy oy oudasasiaun

!
a 14 = = o o ¥

-ERI a aa a % 2 =<
Antuluszuudsa i lfuannan n1sARE AT LA N UM LLLA L e T A AT A A9AUD

q 77

%
=® |

o d as A da ORI d s 1w .
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3.2.3 NINAKBUAUNINLALININENIN (Subjective Listening Test)

v 1
nsnpaaUAnInnNan i nentinusetuilldiaenlduuunisAnaziuwaa

(Mean Opinion Score, MOS) Mux1A3FILY8Y ITU-R [14] Tnadidunaunisiinismaaeyune
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q U

ey

X-left PP

X-Right
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31787 Aryayanudeaws lan lilunsnaastiginin

waaINiuAs Az uLLAIN 1 Be 5 uiamun ndnonnudesaws e luusazga taedlunis 1y
pruuuatinsdaszraiuluntaedtynanndewsiazan TnanAnudniusrasnunIwAaiu

AZUWWWYNATLNEAIA99N 3.1

Rating Speech Quality Level of Distortion
5 Excellent Imperceptible
4 Good Just perceptible, but not annoying
3 Fair Perceptible and slightly annoying
2 Poor Annoying, but not objectionable
1 Unsatisfactory.(Bad) Very annoying.and.objectionable

F199 3.1 ADANINBIATYEY N ARENANNAZUIUFNG < N1ALNIMAaeL MOS Testing [14]
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ABSTRACT

In this paper, a new signal decorrelation technique,
based upon adaptive noise addition is presented for
Stereophonic Acoustic Echo Cancellation (SAEC). The
added noise level is adjusted according to the
characteristics of the speech inputs, hence, the quality of
the decorrelated stereo speech signals are kept
undisturbed. In addition, the computational complexity
for the proposed technique is insignificant. Test results
on recorded speech signals indicate improved
performance in both objective and subjective manners.

1. INTRODUCTION

Voice communication systems nowadays have
shown the necessity of multiple channels, such as within
a stereo teleconferencing system, so that the audience is
able to indicate the presence of the talkers in-a more
realistic manner. Within such an audio system, echoes
normally/naturally occur due to acoustic coupling
between  loudspeakers and  microphones. — This
phenomenon, however, disturbs the conversation.
Stereophonic Acoustic Echo Cancellation (SAEC) is
therefore required to mitigate the effect of such coupling.
A schematic diagram of an SAEC system in a stereo
teleconferencing environment is illustratedin-Fig.-1,
where the transmitting and receiving rooms can be
referred to as far-end and near-end rooms, respectively.
The mathematical explanation of the SAEC situation
will be given in the next section.

Since the two loudspeaker signals in the near-end
room of a stereo teleconferencing-system come from a
common source in the far-end room, this results in a
strong correlation between the transmitted stereo signal
and thus prevents the two adaptive filters of the SAEC
system from identifying the impulse responses of both
unknown acoustic echo paths (AEPS) in the near-end
room uniquely and correctly. One possible way to tackle
this so-called non-uniqueness problem is to decorrelate
artificially the stereo speech signals so that the two input
signals of the adaptive filters become less correlated to
each other. As a result, the adaptive filters converge
more correctly and the non-uniqueness problem can be
alleviated. However, the quality of the decorrelated
stereo signals that travel to the near-end room has to be
minimally affected.

Several signal decorrelation techniques have been
suggested for SAEC, including random noise addition to
loudspeaker signals [1], non-linear transformation of the

loudspeaker signals [2], and the employment of
first-order time-varying allpass filters (TV-APFs) [3].
These techniques show improved performance in terms
of misalignment of the adaptive filters, but the stereo
perception of the signals are somewhat degraded. Other
signal  decorrelation techniques based on human
psychoacoustics have also been proposed in [4], [5]. In
[4], spectral-shaped random noise, which is designed to
be auxiliary signals based on human auditory properties
are added to the stereo signals in order to make the
added noise inaudible. Although this approach claims to
yield more efficient performance than the non-linear
transformation method in [3], the operation of the
frequency masking results in the undesirable processing
delay. To reduce the computational complexity of this
process, it is suggested in [5] that the masking patterns
can be approximated by employing the Autoregressive
(AR) analysis for the source of the transmitting speech
signals. The AR analysis is used to generate speech-like
noise in each channel so that the quality of stereo speech
signals is not affected after the addition of such noise.
Moreover, a time-varying gain is utilized in order to
keep the added noise level under the masking patterns.
However, the computational complexity of the AR
analysis part within the decorrelation technique in [5] is
rather high. In addition, the employment of the GS-AP
algorithm, as suggested in [5] is unnecessary. Once the
stereo input signals of the SAEC system are decorrelated
adequately by any signal decorrelation technique, the
Normalised- Least Mean Square (NLMS) algorithm is
sufficient to-eliminate -the acoustic echo signal at low
implementation cost.

In this paper, a signal decorrelation technique based
on the criterion of random noise-addition to stereo input
signals, using adaptive noise addition is proposed. The
added noise level is controlled by stereo input energy.
Improvement of the SAEC system in terms of
misalignment is demonstrated in this paper, together
with minimum degradation of stereo signal perception
based upon on the subjective listening test. Furthermore,
the computational complexity of the proposed technique
is insignificant, as compared to that in [5].

This paper is organized as follows. Section Il
described the structure of the SAEC system. The
proposed adaptive noise addition for signal decorrelation
technique is introduced in Section IlI, followed by the
experimental results based on stereo speech signals in
Section 1V. The Conclusions are given in Section V.



2. AN SAEC SYSTEM

This section describes the structure of an SAEC
system in brief. Two microphones in the far-end room
pick up speech signals from a source s(n) through two
AEPs, which are characterized by impulse responses
gi(n) for i = 1,2. These two stereo signals, x;(n), are
transmitted to the near-end room and travel to one of the
microphones via another set of AEPs, which are denoted
by L-tap impulse responses h;(n). Note that only half of
the system is considered in Fig. 1, i.e. one of the two
microphones in the near-end room is neglected, due to
similar comments for its independent AEPs hg(n) and

hs(n) between another pair of loudspeakers and
microphones.
x,(n) ‘
o |
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by S h ™ YO
o ) hym|  |hy(n) o
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s(n) T i;"'/w(n)
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Fi
gure 1: A diagram for Stereophonic Acoustic Echo
Cancellation.

Two Finite Impulse Response (FIR) adaptive
filters are needed for the identification of the two
unknown AEPs, hi(n), in the near-end room. In this
paper, the length of the adaptive filters is assumed to be
the same as those of the unknown AEPs in the near-end
room. The adaptive filters ﬁi(n)try to identify h;i(n),

yielding the output sum of
~ 2 ~
d(n) = > hi()x(n) )
i=1

where x;(n) =[x (n),x (n=1),....,x(n—L+1]" is the
input signal vector and the adaptive filters are given by
ﬁi(n) :[ﬁivl(n),...,ﬁil(n)]T . The microphone signal in
the near-end room is given by

a0 = SHEOx@e @)

where w(n) is the background noise that is assumed to be
of zero-mean and uncorrelated ‘with the input signals.
The acoustic echo ‘signal can be eliminated when the
error signal, given by

S[hm-hm] xm+wn) @

i=1
is as close to zero as possible.

Due to strong correlation of the stereo input
signals, the non-uniqueness problem exists [1], and
results in difficulty of the identification of the two
unknown AEPs in the near-end room. This is best shown
in the frequency-domain representation. By assuming
that the echo signal has been completely eliminated, it

e(n) =
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can be observed that the error signal approaches zero,
i.e.lime(n)=0. Thus, the error signal can be represented

n—ow

in the frequency-domain as

i[“i(“’)‘ﬁi(wﬁ G(w) = 0 (@)

i=1
where H.(w) and I:li(a)) are the frequency-domain

representation of the near-end room impulse responses
and the converged adaptive filters, respectively,
a)ZZIZ% and k=0,1,...,L—1. Given that the impulse

responses in the far-end room are not equal to
zero; G, (w) = 0, it does not imply that there is a unique

solution to (4). In fact, there can be many solutions
obtained by the adaptive filters. Thus, the unknown
AEPs cannot be identified uniquely. In addition, the
variation of the impulse responses G, (w) has strong

impact on the identification of the unknown systems [1].
Hence, it is necessary to identify the unknown systems
correctly and uniquely.

3. ASIGNAL DECORRELATION TECHNIQUE
USING ADAPTIVE NOISE ADDITION

The performance of the SAEC system can be
improved by employing a pre-processing block to
decorrelate the transmitted stereo signals, while keeping
the information of the transmitted signals unchanged. In
addition, the quality of the decorrelated signals, which
are the loudspeaker signals in the near-end room, should
be minimally affected. In this section, a proposed signal
decorrelation technique based upon adaptive noise
addition is present in order to decorrelate the stereo
signals sufficiently while guaranteeing the imperceptible
noise level in the decorrelated stereo signals.

The proposed technique involves three steps of
investigation as follows. First, the level of random noise
addition to each stereo signal can be varied according to
signal-to-noise ratio (SNR) between the stereo speech
signal and the added random noise signal in that channel.
This variable gain can be obtained from

SNR
0 o)
vé (n)
wherev; (n).is.a white Guassian noise sequence, for i =

1,2. The decorrelated stereo signals obtained using this
variable gainy; (n) are given by

%) = %) +7%Mm-vin (6)
This approach is expected to give approximately the same
capability for signal decorrelation as the random noise
addition in [1]. The advantage is due to the variable SNR
of the noise level added to the stereo signals, as compared
to the fixed noise level in [1]. Hence, the quality of the
decorrelated stereo signals employing this approach
should be less degraded.
Second, another type of signal decorrelation based
on non-linear transformation is observed. The
decorrelated signals using this technique are given by

®)

7i(n) =



%) = %)+ B3P () )
The parameter S is used to control the level of
non-linearity added to the stereo speech signals in each
channel. The energy of the speech input signal in each

channel is found from
K-1

P = S 2= ®)

=
and K is the averaged window length. In fact, P,_(n)can

be found recursively from

P.(N) = P (n-1)+xt(n)—x2(n-K+1) 9
As compared to the non-linear transformation using
half-wave rectifier in [2], this technique should give
approximate capability for signal decorrelation.

In order to maximize the signal decorrelation level,
the adaptive noise addition technique is proposed. The
variable gain random noise addition and the non-linear
transformation methods are combined. The decorrelated
stereo signals become

x'i(n) =X (n)+ B Py (n).7; (n).v; () (10)
By controlling the level of noise signal v; (n) according to
the energy of the speech input signal P_(n), the added

noise is imperceptible. In terms of the computational
complexity, the energy of speech input signal in each
channel will already be calculated in the adaptation part
of the adaptive filters, provided that the NLMS algorithm
are employed. Thus, by choosing the average window
length to be K = L, the additional computational
complexity required for calculating the adaptive noise
level is insignificant.

4. EXPERIMENTAL RESULTS

4.1. Simulation Results

The experiments were carried out under a
statistically stationary assumption for the near-end room,
i.e. the coefficients of the AEPs were fixed and modeled
as given in Fig. 2 of length L = 256. Stereo speech
signals, sampled at 8kHz, were used as the input signals
of the system. The background noise.at the microphone
in the near-end room was 50dB SNR. The adaptive
filters employed in this system were also of length L =
256 and controlled by the two-channel NLMS algorithm
with the step-size parameter = 0.8.

For comparison, the Weight Error Vector Norm
(WEVN) performance was evaluated. The WEVN
performance of the SAEC system employing the signal
decorrelation techniques using random noise addition in
[1], non-linear transformation in [2], and those three
steps of the proposed technique are illustrated in Fig. 3.
As compared to the SAEC system without any
decorrelation methods, the WEVN performance of
system employing the random noise addition method in
[1] with SNR of 30dB was improved by 9dB. When
employing the random noise addition with variable gain
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Figure 2: Acoustic Echo Path hy(n) in the near-end room.

7;(n), the improvement of WEVN of 8dB was obtained.

For the non-linear transformation method in [2] when the
non-linear factor was set to bea =0.8in this paper to
maintain the speech quality, the WEVN performance was
improved by 3dB. Similarly to the method in [2], the
SAEC system with non-linear transformation as given in
(7) and (8) reached about the same level of WEVN when
the parameter f =0.6 was chosen. For the proposed

adaptive noise addition, with p=0.6 , the WEVN

performance can be improved by 7dB.
In addition, the magnitude squared coherence,
defined as

2
P, (1)
f) = —| e 11
(D= 5 e () )
was used to indicate the correlation between the stereo
signals in each channel at each frequency, i.e.

%,(f)e[0,1] , where B, (f) and P (f) were the

power spectra of the speech input signals x;(n) and x,(n),
and the cross-spectral density between x;(n) and x,(n) was
P, (f) . From Fig. 4, the coherence function of the

stereo speech signals with no decorrelation methods is
about unity-at all frequency. The technique that gives the
best decorrelation level-of the stereo signals among these
methods was the proposed method employing adaptive
noise addition.

4.2. Subjective Listening Test

Based on the ITU recommendation, the first one
subjective listening tests were undertaken with 20
listeners. The original stereo signals were compared with
the decorrelated stereo signals employing the random
noise addition technique in [1], the non-linear
transformation in [2], and those from three steps of the
proposed method employing adaptive noise addition. The
Mean Opinion Score (MOS) value of the original stereo
signals was 4.38, whereas those decorrelated stereo
signals were graded as given in Table 1.

The test shows that the signal decorrelation
approaches employing the proposed adaptive noise



addition and the non-linear transformation preserve
much better stereo perception of the signals than the
other investigated methods, whereas the technique using
random noise addition in [1] gives the lowest MOS
value. It can be seen that the signal decorrelation
performance and the ability to maintain the quality of the
processed stereo signals have to be compromised.

—— (1) no decorrelation
0 —— (2) non-linear transformation in [1]
------ (3) non-linear transformation in eq.(7)
N —— (4) variable noise addition

o —— (5) proposed method
\3‘ N — — (6) random noise addition
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Figure 3: Comparison of WEVN performance.
1 v . —

0.9}

0.8

o
2

Coherence magnitude
o o
S o
T

o
w
T

o
N

I3
s

|
I
3500 4000

0

. . . . . .
0 500 1000 1500 2000 2500 3000
Frequency (Hz)

Figure 4: Coherence function of decorrelated stereo
signals employing the proposed adaptive noise addition.

Table 1: Mean Opinion Score value of the stereo signals
employing different decorrelation methods.

Signals MOS values
No signal decorrelation method 4.38
Non-linear transformation in [2] 3.56
Non-linear transformation in (7) 2.22
Variable noise addition in (6) 2.88
Adaptive noise addition 3.50
Random noise addition in [1] 2.00

In addition, the effect of SNR level of the added
noise signals to the SAEC system is shown. By carrying
out another subjective listening test, the MOS values of
the proposed adaptive noise addition and the random
noise addition techniques were investigated. At the same
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level of added noise, the proposed technique offers
higher MOS values than the method in [1]. Moreover,
the proposed technique yields more signal decorrelation
level as compared to the method in [1] while preserving
better quality of the decorrelated signals than the one in
[1].

4.5

—-C- with propose decorrelation signal
[ | — with random noise decorrelation signal

IN
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*
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Figure 5: Effect of SNR level on MOS score for the
signal decorrelation in [1] and the proposed technique.

5. CONCLUSIONS

It has been shown in terms of WEVN that stereo
signals can be decorrelated efficiently by employing the
proposed low-complexity adaptive noise addition
technique. Furthermore, the proposed technique results
in minimum degradation of the quality of the stereo
signals, as compared to the other techniques investigated
in this paper.
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ABSTRACT

In this paper, a new signal decorrelation technique,
based upon adaptive noise addition is presented for
Stereophonic Acoustic Echo Cancellation (SAEC),
with  insignificant  additional ~ computational
complexity. The added noise level is adjusted
according to the characteristics of the speech inputs,
hence, the quality of the decorrelated stereo speech
signals are kept undisturbed. Test results on recorded
speech signals indicate improved performance in
both objective and subjective manners.

1. INTRODUCTION

Voice communication systems nowadays have shown
the necessity of multiple channels, such as within a
stereo teleconferencing system, so that the audience
is able to indicate the presence of the talkers in a
more realistic manner. Within such an audio system,
echoes normally/naturally occur due to acoustic
coupling between loudspeakers and microphones.
This  phenomenon,  however, disturbs the
conversation. Stereophonic  Acoustic - Echo
Cancellation (SAEC) is therefore required to mitigate
the effect of such coupling. A schematic diagram of
an SAEC system in a stereo teleconferencing
environment is illustrated in Fig. 1, where the
transmitting and receiving rooms can be referred to
as far-end and near-end rooms, respectively. The
mathematical explanation of the SAEC situation will
be given in the next section.

Since the two loudspeaker signals in  the
near-end room of a stereo teleconferencing system
come from a common source in the far-end room,
this results in..a strong. correlation between  the
transmitted stereo signal and thus prevents the two
adaptive filters of the SAEC system from identifying
the impulse responses of both unknown acoustic echo
paths (AEPS) in the near-end room uniquely and
correctly. One possible way to tackle this so-called
non-uniqueness problem is to decorrelate artificially
the stereo speech signals so that the two input signals
of the adaptive filters become less correlated to each
other. As a result, the adaptive filters converge more
correctly and the non-uniqueness problem can be
alleviated. There is another important factor that has
to be taken care of when decorrelating the stereo
signals. The quality of the decorrelated stereo signals
that travel to the near-end room is required to be
minimally affected.

Several decorrelation techniques have been
suggested, including random noise addition to
loudspeaker  signals  [1], [2], non-linear
transformation of the loudspeaker signals [3], [4],
and the employment of first-order time-varying
allpass filters (TV-APFs) [5]. These techniques show
improved performance in terms of misalignment of
the adaptive filters, but the stereo perception of the
signals are somewhat degraded. Other signal
decorrelation  techniques based on  human
psychoacoustics have also been proposed in [6], [7].
In [6], spectral-shaped random noise, which is
designed to be auxiliary signals based on human
auditory properties are added to the stereo signals in
order to make the added noise inaudible. Although
this approach claims to yield more efficient
performance than the non-linear transformation
method in [3], [4], the operation of the frequency
masking results in the undesirable processing delay.

The signal decorrelation technique in [7]
suggests to approximate the masking patterns by
employing the Autoregressive (AR) analysis for the
source of the transmitting speech signals in order to
reduce the computational complexity, as compared to
[6]. The AR analysis is used to generate the
speech-like noise in each channel so that the quality
of the stereo speech signals is not affected after the
addition of such noise. Moreover, a time-varying
gain is utilized in order to keep the added noise level
under the masking patterns. The computational
complexity of the AR analysis part within this
technique—is still rather high. In addition, the
employment of the GS-AP algorithm as suggested in
[7] 'is  unnecessary. By applying any signal
decorrelation technique within.an SAEC system, the
Normalised Least Mean Square (NLMS) algorithm is
sufficient to eliminate the acoustic echo signal with
low implementation cost.

In this paper, a signal decorrelation technique
based on the criterion of random noise addition to
stereo input signals, using adaptive noise addition is
proposed. The added noise level is controlled by the
energy of the stereo input signals. Improvement of
the SAEC system in terms of the misalignment is
demonstrated in this paper, together with minimum
degradation of stereo signal perception based on the
subjective  listening  test.  Furthermore, the
computational complexity of the proposed technique
is insignificant as compared to that in [7].

This paper is organized as follows. Section Il
described the structure of the SAEC system. The



proposed adaptive noise addition for signal
decorrelation technique is introduced in Section IlI,
followed by the experimental results based on stereo
speech signals in Section 1VV. The Conclusions are
given in Section V.

2. THE SAEC SYSTEM

This section describes the structure of an SAEC
system in brief. Two microphones in the far-end
room pick up speech signals from a source s(n)
through two AEPs, which are characterized by
impulse responses g;(n) for i = 1,2. These two stereo
signals, x;(n), are transmitted to the near-end room
and travel to one of the microphones via another set
of AEPs, which are denoted by L-tap impulse
responses h;(n). Note that only half of the system is
considered in Fig. 1, i.e. one of the two microphones
in the near-end room is neglected, due to similar
comments for its independent AEPS hs(n) and hs(n)
between another pair of loudspeakers and
microphones.

X, (n)
[ O \
o) Q v o : =
ﬁgl(n) 4 ﬁl(n) v Shl(n)
"'. r ~ |
o | /o
L i
s(n) } L ;/ w(n)
- N | Q ©
|
|

Far-end room

Figure 1: A diagram for Stereophonic Acoustic Echo
Cancellation.

Two Finite Impulse Response (FIR) adaptive
filters are needed for the identification of the two
unknown AEPs, h;(n), in the near-end room. In this
paper, the length of the adaptive filters is assumed to
be the same as those of the unknown AEPs in the

near-end room. The adaptive filters h.(n)try to
identify h;(n), yielding the output sum of

i0) = LR K 0

where x, (n) =[x.(n), X (n=1),...,x (n - L+D] is_the
input signal vector and the adaptive filters are given
by ﬁi (n)= [ﬁm(n),---: ﬁi,L(n)]T . The microphone
signal in the near-end room is given by

a0 = THEx@m @

where w(n) is the background noise that is assumed
to be of zero-mean and uncorrelated with the input
signals. The acoustic echo signal can be eliminated
when the error signal, given by

S[hm-hm] xm+wn) @

i=1
is as close to zero as possible.

e(n) =

Near-end roon
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Due to strong correlation of the stereo input
signals, the non-uniqueness problem exists [1], [2],
and results in difficulty of the identification of the
two unknown AEPs in the near-end room. This is
best shown in the frequency-domain representation.
By assuming that the echo signal has been
completely eliminated, it can be observed that the
error signal approaches zero, i.e. rI]ime(n):O. Thus,

the error signal can be represented in the
frequency-domain as

2 ~ u

S[Hi@)-H (@] @) = 0 (4)

i=1
where H, (@) and I:Ii(w) are the frequency-domain

representation of the near-end room impulse
responses and the converged adaptive filters,

respectively, = 27[% and k=01...,L-1.Given

that the impulse responses in the far-end room are not
equal to zero; G, (@) = 0, it does not imply that there

is a unique solution to (4). In fact, there can be many
solutions obtained by the adaptive filters. Thus, the
unknown AEPs cannot be identified uniquely by the
adaptive filters. In addition, the variation of the
impulse responses G, (w) has strong impact on the

identification of the unknown systems [2]. Hence, it
is therefore necessary to identify the unknown
systems correctly and uniquely.

3. ASIGNAL DECORRELATION TECHNIQUE
USING ADAPTIVE NOISE ADDITION

The performance of the SAEC system can be
improved by employing a pre-processing block to
decorrelate the transmitted stereo signals, while
keeping the information of the transmitted signals
unchanged. In -addition, the quality of the
decorrelated signals, which are the loudspeaker
signals in the near-end room, should be minimally
affected. In this section, a proposed signal
decorrelation technique based upon adaptive noise
addition is present in order to decorrelate the stereo
signals “ sufficiently  while guaranteeing the
imperceptible noise level in the decorrelated stereo
signals.

The proposed technique involves three steps of
investigation as follows. First, the level of random
noise addition to each stereo signal can be varied
according to signal-to-noise ratio (SNR) between the
stereo speech signal and the added random noise
signal in that channel. This variable gain can be
obtained from

SNR
@Xm{ﬂ
v5i(n)
wherev; (n) is a white Guassian noise sequence, for i
= 1,2. The decorrelated stereo signals obtained using
this variable gain y; (n) are given by

XM = %M+ 7(m-vn) (6)
This approach is expected to give approximately the
same capability for signal decorrelation as the random

Q)

7i(n) =



noise addition in [1]. The advantage is due to the
variable SNR of the noise level added to the stereo
signals, as compared to the fixed noise level in [1].
Hence, the quality of the decorrelated stereo signals
employing this approach should be less degraded.
Second, another type of signal decorrelation
based on non-linear transformation is observed. The
decorrelated signals using this technique are given by
%(n) = %(n)+B-P (n) @)
The parameter g is used to control the level of
non-linearity added to the stereo speech signals in

each channel. The energy of the speech input signal in
each channel is found from

K-1
Py = & Y s i) ®)
=0

and K is the averaged window length. In fact,
P, (n) can be found recursively from

P.(N) = P (n-1)+x*(n)—x}(n—K+1) 9)

As compared to the non-linear transformation using
half-wave rectifier in [3], this technique should give
approximate capability for signal decorrelation.

In order to maximize the signal decorrelation
level, the adaptive noise addition technique is
proposed. The variable gain random noise addition
and the non-linear transformation methods are
combined. The decorrelated stereo signals become

X%(n) = %(n)+B-P (n)-7(n):-v(n) (10)
By controlling the level of noise signal v; (n) according
to the energy of the speech input signals P, (n), the

added noise is imperceptible. In terms of the
computational complexity, the energy of speech input
signal in each channel will already been calculated in
the adaptation part of the adaptive filters, provided
that the Normalised Least Mean Square (NLMS)
algorithm are employed. Thus, by choosing the
average window length to be K = L, the additional
computational complexity required for calculating the
adaptive noise level is insignificant.

4. EXPERIMENTAL RESULTS
4.1. Simulation Results

The experiments were carried out under a statistically
stationary assumption for the near-end room;i.e. the
coefficients of the AEPs were fixed and modeled as
given in Fig. 2 of length L = 256. Stereo speech
signals, sampled at 8kHz, were used as the input
signals of the system. The background noise at the
microphone in the near-end room was 50dB SNR.
The adaptive filters employed in this system were
also of length L = 256 and controlled by the
two-channel NLMS algorithm with the step-size
parameter = 0.8.

For comparison, the Weight Error Vector Norm
(WEVN) performance, as described in (11) was
evaluated.
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Figure 2: Acoustic Echo Path h;(n) in the near-end
room.

> b o

WEVN(n) = 10xlog,,2———— (11)
2
>ln|

The WEVN performance of the SAEC system
employing the signal decorrelation techniques using
random noise addition in [1], non-linear
transformation in [3], and those three steps of the
proposed technique are illustrated in Fig. 3. As
compared to the SAEC system without any
decorrelation methods, the WEVN performance of
system employing the random noise addition method
in [1] with SNR of 30dB was improved by 9dB. By
considering at the performance when employing the
random noise addition with variable gainy;(n), the

improvement of 8dB was obtained. For the non-linear
transformation method in [3] when the non-linear
factor was set to be o = 0.81in this paper to maintain
the speech quality, the WEVN performance was
improved by 3dB. Similarly to the method in [3], the
SAEC system with the non-linear transformation as
given in (7) and (8) reached about the same level of
WEVN when the parameter 8 =0.6 was chosen. For

the proposed adaptive noise addition, with #=0.6,

the WEVN performance can be improved by 7dB.
In addition, the magnitude squared coherence,
defined as

2

[P (D)
72(F) 0N
lexl ( f )szxz ( f )
was used to indicate the correlation between the

stereo signals in each channel at each frequency, i.e.
7. (f)€[0,1] , where P, (f) and P, (f) were the

X%

(12)

power spectra of the speech input signals x;(n) and
X2(n), and the cross-spectral density between x;(n) and
X(n) was B, (f). From Fig. 4, the coherence

function of the stereo speech signals with no
decorrelation methods is about unity at all frequency.
The technique that gives the best decorrelation level of
the stereo signals among these methods was the
proposed method employing adaptive noise addition.
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Figure 4: Coherence function of decorrelated stereo

signals employing the proposed adaptive noise

addition.

4.2. Subjective Listening Test

Based on the ITU recommendation [9], the subjective
listening tests were undertaken with 20 listeners. The
original stereo signals were compared with the
decorrelated stereo signals employing the random
noise addition technique in [1], the non-linear
transformation in [3], and those from three steps of
the proposed method employing adaptive noise
addition. The Mean Opinion ‘Score (MOS) value of
the original signal was 4.38, whereas - those
decorrelated stereo signals were graded as given in
Table 1.

Table 1: Mean Opinion Score value of the stereo signals
employing different decorrelation methods.

Signals. MOS values
No signal decorrelation method 4.38
Non-linear transformation in [3] 3.56
Non-linear transformation in (7) 2.22
Variable noise addition in (6) 2.88
Adaptive noise addition 3.50
Random noise addition in [1] 2.00
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The test shows that the signal decorrelation
approaches employing the proposed adaptive noise
addition and the non-linear transformation approach
in [3] preserve much better stereo perception of the
signals than the other investigated methods, whereas
the technique using random noise addition in [1]
gives the lowest MOS value. It can be seen that the
signal decorrelation performance and the ability to
maintain the quality of the processed stereo signals
have to be compromised.

5. CONCLUSIONS

It has been shown in terms of WEVN that stereo
signals can be decorrelated efficiently by employing
the proposed low-complexity adaptive noise addition
technique. Furthermore, the proposed technique
results in minimum degradation of the quality of the
stereo signals, as compared to the other techniques
investigated in this paper.
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