o

nnsanANTudaud MTuszLLNIS Ay adesazTieulun s duNuLLUALFa e

¥
= o

TaeldTAseaFenensesunudesauiunislszunanadyyindulamuanag

Wneeyde Nt

?a‘vmﬁﬁwuﬁ‘ﬁﬂumuuﬁwmma?m‘mmwz‘v’nqmﬂ?wagﬁmﬂﬁmmmumﬂmeﬁm
angagaAINg N npdanddanssalviln
ANLEAAINITNANANT AN TRINUIINEAE

fnnsAnmn 2548
ISBN 974-53-2040-4

'

A1EN3V29AINTUNMNAIN LAY



COMPLEXITY REDUCTION FOR STEREOPHONIC ACOUSTIC ECHO CANCELLATION
USING SUBBAND FILTERING STRUCTURE BASED ON FREQUENCY-DOMAIN PROCESSING

Mr.Boonehai Krittayanun

A Thesis Submitted in Partial -Fulfillment of the Requirements
for the Degree of Master of Engineering Program in Electrical Engineering
Department of Electrical Engineering
Faculty of Engineering
Chulalongkorn University
Academic Year 2005
ISBN 974-53-2040-4



e
S))

NN HNUG nsanANTudaud uTuTTLILN IR ad Y @ eeasvianlunng
Aununuuvaeslalaaldlnseaireninsasunugdesauiunig

Uszunanadryonlulawuaanad

Tne weyeyde nomantiud
GRETEE T Aaanasn il

o‘d‘ Y L a gj/ dl a o
GRERECIDIEINTY ETeA1aA9NAN3e AT UANTA FAaLaSeNIde

ADIZIAINITNAARS ANIAINIINIMANLAY auN R WTLAMeNTinusaiiui

udounilereanisAneaannangmasdsy o umiings

..... W....ﬁﬂfﬂuﬁﬂm:ﬁﬁﬂﬂﬂumﬂﬂf

(AransIm T e Aen ainudAs)

ADLENTTHANTADLINY WS

(fdrumansiansd ar.fwedn )



yeyde ngpanius | nsanmNdudaudniussuunissindoyoyoudesasiaulunig
ﬁuumu‘uumLm?Tﬂimﬂ‘lﬁmm%qmmamLLmuﬂ@a%uﬁum?ﬂizmaw@ﬁmfmm’tu‘imL:uu
mmﬁ (COMPLEXITY REDUCTION FOR STEREOPHONIC ACOUSTIC ECHO
CANCELLATION USING SUBBAND FILTERING STRUCTURE BASED ON FREQUENCY-
DOMAIN PROCESSING) 2. FuBne - uA.a3 dAnTa r;“qm‘ﬁw?ia“ﬂ, 96 M. ISBN 974-53-
2040-4.

P ) .. >
nefnusiunaualnseaiaslauianldnimaesunutdassauiunislszunanalulaiuu
m*mﬁLﬁ@ﬂﬁ*ﬂﬂﬁ;\mmmumma‘zuumiﬁmﬁa&lmﬂmﬁﬂm:v’ifau’l,umﬁz?fumm WUUALAT b8 (SAEC) T
. . . dg X o AR > - . 4l
FudmINIgueesruUNEaTW e iassaiaminEue i paududaunieanisauaiingnaes
52U SAEC uuuing mallaiunauelaiaenlddunaudd AP2 dmsunisssuaanadtyynnluiny
ANDAT TuunuANDgeaziaenldiuneuas F-NLMS wuuuisdesdnyyrnininisdszuoanaly
TauANUIINeaAANTUTAUN1 9N IATUIIAR9TZLL SAEC  TagsanliAIndnue9ss Ll SAEC
- 4o . o . oA Y e
wuunF AvpanaLAAeUN1AYADRAY (Mean Square Error) luusiazunumoiudeesazgnldiiu

v v
WNOFT N2 A AN RA AN T ETE 19N9T1M2138 AP2 Lavdunatda F-NLMS

- r
F Tk TN 1t eV R ' R auleteldn. ... /25 o
A1V AAINTTH I e anileteeransdifine., S5 |
o
tnnsAnmn 2548




# # 4670697621 :MAJOR ELECTRICAL ENGINEERING

KEY WORD: STEREOPHONIC ACOUSTIC ECHO CANCELLATION / SUBBAND FILTERING / FAST AFFINE

PROJECTION
BOONCHAI KRITTAYANUN : COMPLEXITY REDUCTION FOR STEREOPHONIC
ACOUSTIC ECHO CANCELLATION USING SUBBAND FILTERING STRUCTURE BASED
ON FREQUENCY-DOMAIN PROCESSING. THESIS ADVISOR : ASST.PROF.NISACHON

TANGSANGIUMVISAL Ph.D., 96 pp. ISBN 974-53-2040-4.

In this thesis, a hybrid structure employing subband and frequency-domain processing is
proposed. The proposed technique aims to improve the performance of Stereophonic Acoustic
Echo Cancellation (SAEC) systems, in terms of convergent rate, while keeping the computational
complexity lower than that of the conventional fullband approaches. The proposed technique
employs the two-channel version of Affine Projection (AP2) algorithm for processing the signal in
low-frequency region. In the high-frequency region, the frequency-domain version of mono-
channel Normalized Least Mean Square (F-NLMS) algorithm is chosen in this thesis for reducing
the computational complexity of the SAEC system, as compared to the conventional one. The
Mean Square Error (MSE) in each subband is used as a criterion for algorithm selection between

AP2 and F-NLMS.
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wazivand R iuvinddnnanduius (Autocorrelation Matrix) 1asianinasdn)ninns

i x;(n) wsazsaiu
R, = E{x,(n)x," (n)} (2.7)
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W (n+1)=w,(n)+ = u[— (I(m)] (2.10)
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wWnEndMueNys (Diagonal  Matrix) AHanEn luuuanuesymiduaAdnHuzianIAaus

A,

Jj.1?

Y o

v 1 ¥
A gseen Ay, PANSNAL A9UU a1N137 (2.14) RaTendlual el
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c,(n+1)=1T-uQ,A,Q,"e,(n) (2.16)

a

] v
anpuantifresnindgurs Q # Q" windu Q' Asansngns QY vivaasinsaag

aun17 (2.16) Tondu
Q,"c,(n+)=A~uA Q" ;) (2.17)

Tnadvuali v.(n)=Q,"¢c,(n) Avtiu vj(n):QjH[wj(n)—Wj’o] Fael TIG1NITONN

ANNANTUEIRS v, (n) uaz v, (n+1) Ty
viin+1)=(L-uA,)v,n) (2.18)

o o 1 o % Qll 1 1 1% 9:/ ad
ANNTUANNNBUTLRNIEAN k (4, ;) ijmmummm TUUNUABNAUARUID Steepest-

Descent #1nsnideuannnsi (2.18) iy
VD) == v, () s k=12,.L (2.19)

AzWindnannsi (2.19) iluannisuasine@niug (Homogeneous Difference Equation)

Suguiviia Taerswiun s v, (n) flAnGuduiy v, (0) azléidn
Vo)== A, )V 0)  k=12,..L (2.20)

a9 NANA NI ELLLANZ BN T NT O AN A NF NN WS R, IURNUIUATILAN HARAL v, (n)

299ANN"97 (2.20) azlsigasn (Diverge) fnaLie
—1<l=pld; <1 ; Vk (2.21)

A9 LNDFNHIAHLAT TN INTBITEU ANTRerNg 1 AgatTutag

O<u<

(2.22)

j,max



12

v
o | ]

dll | 1o a ¢ o o o & dl-du -dl o
WA A, HuAaN UL AN ZRUNNINT AR A NANANUS Rj memrngm JUB AT

j,max

¥ I e a ¢ o o o a ] o
N1 4 LAZANANBEUSLANIE ﬂ,j!max WAILNNTNDRAR AN ANNUT Rj ArUNAlALATIFaan

o

v ¥
negudinganinzetsia (Convergence Rate) 18493a9n9aduuLLiusa Helidnanisgidnues

1
al

19930389 SUFA ks funsaiuAtaefiaenld daanldAntaafinanNAININa Y

I a

M lisasnsaunul fudagdngaiaaulaize winusdn Adasioudsunduiusiianain

] ¥ ISP

lunsu5uud (Misadjustment) nanaae nasiaen A taeinalAnInaznin lfAianainl

val 1 % -dl al

o 12 % :I/ A Y1 =KX ¥ IS Yy a9
ﬂ’]i‘ﬂi‘ULLﬂNﬂ’]@;\‘lm’]ﬂ fatiy nasiaan AT NN Zan Aefasiin1staredandalds

(Trade-off) 2e19198MIN19GLAN wazARANAIA WL FWA

2.2 UANNITINNULRI929N 529U LLUSUAIAETUABUAT Least Mean Square2

o al &

N19N9IUTA99ATN IBUUUL T UFIEIUTLTZULNIF AR YU LR LNA A LU

1 1 v
alal

awilaluszuunisdeanmnudesniassdesdounyin WeinnsaAuANFeduAeWITE Least
Mean Square? (LMS2) Nlszunanalulamuing aamnsouanslasldudanlnazunsusisgl

n23

Plant Il

********** och,(m)y

% (Unknfvlvanmslystem) 7777777 dl (n) + d (n)
h,(n)

fffffffffff REAG)

Adaptive Filter |

w,(n)

1 v
57 2.3 Taseainenisinauzesasnsasuuul fusafae duneuds LMS2

ﬁ‘ﬂﬁ‘gﬁdfm nallAluunan

a a o

ZI/ ac ZI/ dd‘ k7% o dl OI =® Yo a o
Tupauns LMS2 uiupaudsnianududaun1anisAtuoungi Deuddnasiians

1 1
a

U ¥ k73 A o ¥ o o = v % a
NIIQLUINARULINTY meamanmmwmixuummmzmamanmmmmmuuumLmT@Lﬂu
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v v
o o

k4 v
Fruounnadesya Hetdumeuds LMS2 1HFuntsWmunnniainduneuds Steepest Descent2

2
wildAnlszunaureanninefinginaws V(J(n))zZ(—2f)j+2ijj(n)) WM NA9AR
j=1

naaenldAn o anuelaanienile (Instantaneous  Value) WALNITATIUIUNNLNYINTE AR
anduius R WATNITANUI U NLADFANA NN UE 125 p, sty ﬁj =x,;(mx";(n) uag
~ * =< o % o % s <% o o o
P, =x,(m)d (n) A launrdiulgeAdndse@naiidnaesnsasnrasunuiliuda

w,(n) Tugunsi (2.10) J9stuneLAa Steepest-descent2 nanaiii
w,(n+1)=w,(n)+pux (n)en) (2.23)
e FrynynuRananaun ldann
e(n) = d(n)—d(n) (2.24)

WATA TN AANIRIINATNIRSULILI ST tAan

v o

d(n) = w," (n)x, (n)+w," (n)x, (n) (2.25)

[
& o

il Wanmasdyyrndn X;(n) wazaninafduiszdnsresaansasuuuilius

w,(n) WAAYFMNUUIAEINY L 191AP

2.3 UANNITNIULDII9A5NTDILUUUSUAINILAUADUIS Normalized Least Mean

Square2

ANLsranniaeanIAeFiNTAEUT ux ;(n)e(n) We j =12 luaunisdFuilys

Audsr@naresngasnsasiuydiusansdasdnumiedunauis LMS2 azifudndau

o o

Taangaiuanmesdyunndaadn x (n) 29992ULNIAAR YN LA E9A ST A UL
o v ] o o

o

a A o = y = . o & % 4 a
@Lmii@ LN@@%QJ']ML@EQL°1|’13J°1|u']miﬂﬁyﬂqﬂqgwqiﬂﬂq@fyfqumﬂW@’]ﬂ e(n) Iuﬂﬁi

1 v &
1sraNUANINIAAFINTRLUTRANANABAE d1915UN17U5U179A AN 32 AN EU099939N 709
]

v v ¥
Anedunalis Normalized Least Mean Square2 (NLMS2) wu apnisriuiloymiidlaanisin

-3 6 1 -8 6 6 o/ 2 J
uafunaladartlszanninnmasinalhauisoaaunasasanmasdny oo "xj(n)" wpiay
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1 v s
Fowlie || A Euclidean Norm fatis annnsliudgedndndss@naaesnsasnsesuuutfusn

v
w (n) fadunetda NLMS wldann

4 (n)e(n)

w(n+)=w,(n)+ (2.26)

2
c+ ”Xj(n)”

A 2 \ A A o v o o Al o v =
We ¢ An AALAN 7 Wiietlesiunisgeanaedeasnsesuuul fufansaindnysyiaudnd
YRR [2]

A Yo 1 % ‘d‘ 4 a ° v oA o/ % !
nnsLaan A1 T29nIa M ‘Vlu‘ﬂilLﬂuvl,ﬂ@;'iﬂ’]sl‘ﬂﬂ’]NﬂW@’]ﬁiuﬂqﬁ“ﬂﬁ‘ULLﬂZ\]ﬁZN bR

danalidnanisgidnaedasasnsaanuufudadiasson luniemssiudn naaidenldadag

|
% P

Anannaniiullagiinludnsannsgidniausiianaialunisdfuufazuinau lunsiiaes

(3

duneuds NLMS2 Argaenaanlaluntsdiuleduiscansaansasnsasuuuiliusioas

wasudasnuingn Taenaas sl

U

Y (2.27)
£+ ij(n)”

/uj(n):

FauandgannmsldAntasinaneiludunewda LMS2 ¥ AN () Alasuutlasniy
wanludunenis NLMS2 sz Wramadandai@aszudnsdnsanisgiiuazAiananlu
nsUsuud Aninlssuunfssaduaandessieud i dduneiia NLMS? AzidRINITY
N zaundniuneuds LMS2 Lﬁ'@zﬁyﬁyﬂmﬁﬂLfluzﬁ"ﬁymﬁm@ﬂmm fraviu 1u
Aneniinusatuiasidenldunenda NLMS2 Tunstlfutgedutlsz@vsaesnsansesuuy

o o o s o o = o o o )
U5upin Lﬂuﬂ]um@urJﬁquTﬂqu@qW?ULﬁﬂULWﬂUﬂumum@u'ﬂﬁ@uj m‘ﬂ‘l‘l_]

2.4 UANNITVNINIULDI9ATNTAILUUUSLUAIN8UUADUIT Fast Normalized Least

Mean Square2

& v 1
n19ufuednisv@nszesasansesuuuliudonindunenuis NLMS2  Liiedin
o = o = o o A .o
o eAesaziau Annstitauenlulamunanuarinmuaiudetinssiaiiias [3], [6] -
[10] dwmFunnsdfudedudss@nsaesasasnsaauuudfudalulnmunanlunasldaruaes
PXULNNTAAA YN ULA AT A ULL LT aA Y YN ULABALAZ TS UUNTAAA Y Ty UL AR

1 - R
mv’f@mmuzﬁ I3 LR1Y TEUL rﬁ”lmmimmuﬁmﬂiza‘w%m@mwimmmmumnlumi
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dszannitaziieuniadasliiiaougniasuazilszs@ninan awinlinisilszaunanaaag
o o = oy ° = = 9 = 3
aasnsaduuuliudalulawunaiiaoududauniainisAiuauige deudidnaziaen’ld
< aaala o Yy ° P y e aa v
Tuna1dsNHANFUFauN19IN19ATUINAT W TuReudE NLMS2 ugu n1sannaw
dudountanisaurutiarnnsonnlalaenisdiuiledud sz dnsaesasasnsesuuuiliusnluy
TALUAANND [7]-[10] 1% 91ma1aT Block Least Mean Square2 (BLMS2) [7] Aitlszunana

WULLR®N karduneldd Fast Normalized Least Mean Square? (F-NLMS?2) [2] 1l

|
A

Lan1uua L w (k) dluaninesdutlsrdnaresisamsasuuuliufaniiuenn L

o

paetesdtynd j=1,2 o udend k azldan

w00 =W, o (k)W (K)o w; -, (OTT, k=01,.  (2.28)

AMFUNAT 71 1B9N13ANLIRL B IALNBIANANNUNFLAZUARAT k 1TBIAUNITANUI LU

URANNANNANAUS 1 Fatl
n=~kL+r, r=0,1,..,L-1 (2.29)

WanisAuanwuuuaentl vianasutsdeyazesdynnneaniuudenas L weninng

L
dszananaluaimile) Awiu wnweddmyminidasuuassiareuiazteadny o o 1an

n 1
Xj(n):[xj(n),xj(n—1),...,xj(n—L+1)]T (2.30)

TINANNL N ULA LN BA VAN HENUD IR U VAN 22 A NFURI9ATNFRINL LU FUF2

AN UeaNTe9NATNINLLLLISUAAINIAATT e Ty e 1l 1981 1 M ldann
d,(ny=w." (k)x,(n) (2.31)
Fagunsn@aulsiily

d,(kL+r)=w," (k)X (KL+r), r=0,,.,L-1 (2.32)
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Wanuualddyyindiaesdalasinuludesiudu d(n) wnmefdyyiuianainasmn

16270

2
e(kL+r)=d(kL+7r)=>.d (kL + 1), r=01,.,L—1 (2.33)

Jj=1

atnelafinnu auindulsv@nsrensansasunuliudaazgnaidaliilAiasnnasnnig

@ R PP . e = = = o
‘]J?ZN']@N@GLLL‘LI@@ﬂMuQ“] FalfudauniannuanseateiaRuidaldTaunaufunng

drzananalulamunainulnd Ndndsca@narasasamnaeanuutlfusazgniiudgednn

v 1
o a

v &
pFanddayalulaesdrynnnuds Asiiu auntsliulssdulszAnsrevameasuuny fusn
v

Halddunauds LMS2 uazninislszananauuuaan wildann

o—

w,(k +1) =w (k) + y[f:xj‘* (KL + r)e(kL + r) (2.34)

r=0

4 @ s 9 (7 - 3 4 .
We g ludrdaeing Tnalduasnaesdniannanainaunn lunilauaantunisdiulgs
dulsz@niazns w (k)
v X = « o
il nsdsrananaresnavanaeulagiulunislscuianauuuaan 4111301

HiszAnsningetu TnalddunauddnisuilasfEiaslisie tias (Discrete Fourier Transform,

v 1 v
DFT) vl asanunsanalasifunisiszananadmnnalulamuanuisesdunauis

1 2
o

19UAAUAT LMS2 wuusq (Fast

a

v
LMS2 N8n19iszasanauuulfean lagFandunaiig

&
X
U

LMS2, F-LMS2) [7], [17]

g g o 1 1
uRauds F-LMS2 § anunsognifudlqedndsc@nslalnanisinliAdasing u

Wuieriduaesmndsuaesdynyiondn [19] nanaae

i =Pi, F=0L Lt ussj L1 (2.35)

rj

N @ px | o o Py P =
e o uAIAIh Lmzmﬂa‘:mmmer‘wmmum@mmmﬁmmﬂuuma:uumwa

(Frequency Bin) 1 1fann

P (k) :}/Pw.(k—1)+(1—7)|Xl.,j(k)|2, i=0,,.2L-1 (2.36)
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Wa y Ae faidsznau@n (Forgeting  Factor) @aifludnasil azlddnumindnus sy
(Diagonal Matrix) 289ANT9rN9azLily

nk)=aD,(k) (2.37)
Lﬁ@ D, (k) LﬂuLum?ﬂsmeLﬂmmﬁmiﬁmrw

D, (k) =diag[P,! (k) P (k) .. Py, (k)] (2.38)
fa axunnslFuilgednilse@nsaednsasnsasunuiliusalulamuan s duneuis F-
NLMS2 @ lfannasivdasyadeuinaan (Overlap-save Method) 50 Lafidus [15] Aa
ANENTTeLNReinTTLlasaziiugesinzennme siulawunan (N-point DFT = 2L)

auiflusasaliil

n(k)

W, (k+1) =W, (k)+ )
g+||xj(k)||

X "(kEKk), k=0L,.. (2.39)

e X " (HE®K) \dunnsgmuuutundandy (Aray  Multiply) Ine? X(k) Aa aninefly

x(k)

Tawuanudrasdrynynndi o udan & wlamannig DFT{ .
x(k —

] E(k) A wnmneflu

N - . 0
TnupnDresdymunuiianan o uden k walsaannis DFT{ (k)} waz W, (k) ilu
€
Aurlsz@nslulamuacinunainnisulasysiasaesdnilsz@nsaesnasnsasiuuliusn
1 =l Wj(k) ' VL =1 =1 > a
w, (k) ndnpa W) =DFT| "/ athalafinin niadszananauuunfentuaziiona
Us¥39lusia (nherent . Delay) Wesannazdievsedayaludauan L fannaieneunis
dszananauilvuden denandsrdsiuiniiulienaldmanzanuinisdszgnadldiuanly

1987434 (Real-time) A9l 1A99459901991199 49999923904 wU LU Fap a8 d1ma1ds F-

NLMS2 siaesifitdayadoumann 50 wesidusdauisouanslansgiin 2.4
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Input | _ _
X(n, C- (k) Cztk;
" Append Xi(K) Xz(k! Save ¢ (k)
z Bl k%DFT (X =IDFT+L t Block
) ero bloC as oC _
Input Il v Wik . AT
Xz (N, old new old new
‘ X X - cj
Del
elay discard
W(k+1!
-
-« ¥
[ Xj(k3|
DT
\
Append W,
Zero Block C
4
Delete W,
Last Block - | - discard
! i
Append Output ¥~
DFT = 3
Zero Block N
Desirec
o | e Signa
c(k]

1 v
51N 2.4 1A29AT9N99199IULB49989NIRIUULLTLFARET1AEUTE F-NLMS2

% asa @ 2 ¥ dl & @ &
ALIDINUUDYATAUADN 50 Liasidus

2.5 UANNITHINULBI9ATNSRILULLSURAIRILUUABUIE Affine Projection2
4 aa . . . 4 PORpRpy L o v
dupewds Affine Projection2 (AP2) iluduneudznidnsnisgidauarasindutden
NNITANUIIBEIZ UG 19T URAEIE NLMS2 Lazdunauds RLS2 [2] nd1aAadunauis AP2
a o % dl o o/ [ o :’/ ad 1 =l v [ o 1 o
AzidngIN19g L siumIaTUEUAL (Order, p) 1999UAUAT NARAE SdUALIWAAL 1
> aa Ao = v o aa Y a o o X o 8 Yo ,
dupoWdE AP2 arlidnwuzifeiUdumeudds NLMS2 diudusugaauazyinlidnsnieg
W53 WAANNF LT UNIINITAIUI AR NTLATHA NI VS UAUN AN UL WY TURaU

1 v
38 AP2 Haunian i lunsanuanusesialyl
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lennminlianine fedoynodlulasiiulwiessuaunn pxt
d(n)=[d(n) d(n-1)..dn-p-D[ (2.40)

wazivisnddayaresdrynrnsdusasdesdoynins i = 1,2 3w Lxp

X, (n)=[x,(n) x,(n=1) ... x,(n—p+D)] (2.41)
x;(n) b i x,(n—-p+1)

X, () = xl.(n:—]) xl.(n:—2) xl.(n:—p) (2.42)
xn-L+1) x(n-L) --- x;(n—-p—L+2)

ImﬁﬁLfmLmﬁmmﬁmwmmmmwﬁﬁ (A Priori Error) 1104 px1 w1
e(n) =d(n)= X, (mw,(n=1)-X," (m)w,(n—-1) (2.43)
LAZINABTANNRANANARIUAY (Posterior Error) 211a px1 aziilu
g =d(n) - X, (mw,(n) - X, ()W, (n) (2.44)

nsUiutlpednilss@nsaesnvasnsesuuudiusa dasnimnliddanainvedninasaau

RANANAAIMAY E(n) =0 AU WAMIATNAFINURIANN13 (2.43) WAZANNNTN (2.44) Az

16l

2
e(n) =Y. X, (m)(w,(n)—w,(n-1)) (2.45)

i=1

Aw,(n)=w,(n)—w,(n—1) (2.46)
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vsa@anlaiiu
w,(n)=w,(n-1)+Aw,(n) (2.47)
fip < L AuN"9R (2.42) aziflugunisiiiaruauiaulsunnndnsuauaunis (Under-

determined) nlildansnsoudannislilaenss uazArmeuNNIzaNNgAIRI AW, (1)

gnungaunlaann
Aw, () = X1 ()] e(n) (2.48)

1 —~1
e [XiT(n)T Ae WFINANNAUAEN (Pseudo-inverse Matrix) aasiupsnd X" (n) e

Iondlu
[Xl.T(n)]*_l - X, mX," X, ]’ (2.49)
Elaumen [X,.T(n)]*_1 ANENNNTT (2.49) adluannai (2.48) azld

Aw . (n) =X, (n)[XiT ()X, (n)]_le(n) (2.50)

o s : i e ,
Feaviiulddn d1a [XiT(n)Xi(n)] AnN19nNszateANANE UL Lany (Eigenvalue Spread)

Aa °o g v a ] A & o R 3y A - a &
NHUATNN @Wlﬂmﬂmﬁmwﬂﬂuﬂ’]iﬂﬂmLumﬂsﬁmﬂNu @Qm@ﬂﬂﬂ’]ﬁ\w\lﬂLW@NLNmiﬂsﬁLﬁ\ﬂQ@qiﬁ\

1
o

v1u (Regularization Matrix, 8I) taileqiunisuisiasAntiaanine A aunisi (2.50)

asnanenly
AW (1) = Xl.(n)[Xl.T (WX, (1) + a}le(n) 2.51)
Elannuuali

&(n) = [Xl.T(n)Xi(n) 4 él]_le(n) (2.52)
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Ed - v 1
el ann19liui eAnduilss@naaenvansasuuuliudasiadunends AP2 luaunisy

(2.47) @aunsaidlau v el
w, () =w,(n—1)+ u X, (n)e(n) (2.53)

2.6 HANNITHINULRI9ATNFRILULLSUAIAILUURBUIE Fast Least Square2

feutinduneudd Fast Least Square2 (FLS2) axilgmsinisgudniidalndideery
%umau’%’% Recursive Least Squares2 (RLS2) [2] LLm'ﬁﬁmmsﬁusﬁ@umqm?ﬁﬁmmﬁ@qLﬁ@
WReueuiuduneuda LMS2 uaz NLMS2 udnnisfudlpsdinlszdnsdandunenis FLs2
anunsnuie1afly 2 dow e nasUfiaduerEnsresdnsn a3 (Adaptation
Gain  Updating) LL@zmiﬂ§uﬂﬁ;qﬁmﬂ@z§m§mmw@immLm'uﬂi"uﬁf; (Adaptive  Filter

Updating) Ineiiseaziaansanaliil

AUUAFIWIFENFU U 1081 7 T i =12 oA

&
o

AuLlreANTU89993TNIBLLLTLAY w,(n)

-
o

wuse@nsnismungateutia (Forward Prediction Coefficients) A, (n)

-
o

&ulsc@nsnnavinunaiaunall (Backward Prediction Coefficients) B, (n)

nneafAyIdn X.(n)

o o 1 dl 1 U U o
NNINNUNLNANILIAIAVARIALARDUANULN AT EAUNAL E,. (n),E,(n)
NINNUNLERTIEIUTBIANAAIALARDUANUTN LA LS BLN AL a,(n)
Fiatlsznaunadunuiin (Weighting Factor) W,

L2 .
wazsauLsFusu o an n+1 1Hun
nNAeFAIWIEN X, (n+1)
dyoyrnelulasTWuludeesy d(n+1)
v o o o = £ o v o o X
pati annansUiulsednilsyansuesdnsmenauuuiliuss iuassalu

e,,(n+D)=x,(n+D-A, X, (n) (2.54)

An+1)=A,(n)+G,;(n)e, ,(n+1)/a;(n) (2.55)
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E,, (n+1)=(E,,(n) +e,,(n+ e, (n+1)/a,(m)W, (2.56)
G+ = {Gio(n)} " 1;((};:11))[— A,.(ln + 1)} B PHA,EZ : ﬂ 250
e,,(n+)=x,(n+1-L)-B," )X, (n+1) (2.58)
G,(n+)=M;(n+1) +m,(n+1B,(n) (2.59)
a, (n+) =a,(m)+e,, (n+)e, (n+1)/E,, (n+1) (2.60)
a,(n+ ) =0, (n+)—m,(n+1e,,@m+1) (2.61)
E,,(n+1)=(E,, (W) +e,(n+De,(n+)/a,(n+ D)W,  (2.62)
B(n+t)=B,(n)+G,(n+De,,(n+1)/e;(n+1) (2.63)
uazaun1neliuleduyarvigesasansestuniusa Ae
e.(n+)=dn+-w," X, (n+1) (2.64)
w,(n+1)=w,(n)+G,(n+1)e,(n+1) (2.65)

2.7 szuunsAnd I AeNdsNa ua28lAsIRSI9INIgNS AL DL Bt

TA79%519n17N9RIMDLE D (Subband  Filtering Structure)15\'§UﬁQWNﬁENLL@:

o

unlldatinsundacalunisdscunanadynufana et fuilgsanssnuzaednisg

A
ﬂa‘:m@m@ﬁﬂgmﬁm%\ﬂuimmummmximuummﬁ' ¥9id szuUTinTAaa3ennsnsasunL
dagazinnisdszananalaaliuannisaesssuunanadnsn  (Multirate System) e
ﬂ?mm%g@ﬁiﬁumiﬂizmam wazliAaIa9asnIas (Filter Bank) TUn19uL9949N90
fé“uﬁuzgqmnLﬂmwimmﬁuﬁuﬁiﬁummwimm%fmmwﬁﬁh\r]ﬁu damaa9nns

dsznnanasaalasea¥ianisnseunueen Aa n1siNdnsIN1sgidresssuL uazn1Ian
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ANdUtaun19NITATIIN Lﬁmmﬂﬁmfmﬁuﬂixaw%mmqwiﬂmﬂuwiml,mumwﬁ

daaiauauanatieilTauinaudussuulnaninisdszunanalulaiwiagan [6]-8]
X = 9 o o ) ° o

uanantl Deuda1rruuNNlATeai1anIINTaLnUtatarNINITlssNIaNad I I UL

uaan unusanlaseaienTnIaunULeanAun19lssNoaNa d Ty U UNIUINA TN TANAUAL

ANMANE99aINTaInan il Asdaaannanlszasiiinauiunisdssunanady i nuuy

Uaan [5]

2.7.1 szuuna18ans (Multirate System)

AnEuzianzNdrAnaednslszunanadnnnnlng l4lasairanisnsesunuses

v
o

v
A9 N9 19 1ANNNTUR 9L ULNANLA AT [5] 9T N191lsrdaanaLULnanedn s TuA1T L

P R

fayaneniduunuariuitagnaiounumnd waliaimnsnilsyananatayaluwsazuoy
. & DA, S o »
poNDeeanFeniuld wananuszLLTAEERINEa NI InNTRAAAIND lun19En
finatvaesdynyruluisazunualuges anislszunauadyyunisnaniadn
o 1 ! o ¥ a o ?/ . o A
goatiheuansngllandminidisesszuudn Ay Uselomivesszuunanadnapenis

dszananansaniia Wesainarunsnszananadeyaluusazunuaandtesnioniu uay

1o
o

anAdududeulunisAaruanaesusazunuAnngesls 1o INdUALNA1A92899947
nsausiazsa luAdIeaInses aeamsnin il lun sl fusldesnadidss@nanam
avAtsznauNdATy1eeIZULvaNEaR tALN N199eTLudu (Decimation) Wag

o a o . [ % a v v 1 ' -&J
Asnaumesinadi (Interpolation) Auseiaziasn luindasiassiallil

2.7.1.1 N9 UATINTY (Decimation)

x(n) ———» _ Pre-filter I/t(l’l) > Dowlsagp"ng — yD (n)

51" 2.5 3Tt
nMaveTduae nsAIzidtyy i unWIRaImas (Pre-filter) tialilidaya Ty
WOLAMNDGIUNFBINIT AINTUAININTTaANNEnsating (Downsampling) WeanLFunn
v . |d o 4
dayanldlunisilszanana fagUin 2.5 TaafinnseaniuuNaRaLAUDININAIND

(Frequency Response) 284WiARmas aunsaudslaiduandssinnsaeiu (4] As
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1. 9993NTRINNARNBUAURINIIA1ND INFauLAaa N w (Non-overlapping
Frequency Response) lngaanuiifnaan (Cut-off Frequency, @,) 1899493NI04ULAAZFAN
Al 0<w, < 7/M We M dudanuwuunuaudtes Auandlugili 2.6 (n) :9asnsas

o £ dl 1 =B dl U a v 1
azinisnsesdeyaluunuauideslac Inglifideyavesunuanunsaudafinunfiae wsi

doyaludesninuiszninisameesianiuazlignrituniansounsos

a [ v o

2. WATNIANUAULRINANALAUBINWNANNDNRATUTa UL UNEA (Marginally-
. Ao X,
overlapping Frequency Response) ANNDFARAANUBINATNIANLTLLNNUN AN w. =rlM

'
| =

d; 1 ¥ | dl 1 o ¥ Y 1 ]
LN@LLUQ%@H@@@ﬂLﬂu M UnUAINNDERE %mﬂmﬂmiummqmﬂmgmmqmmum

a 9
' 1

Wi AuieafarsnfendulunfazuauaI NDtas) ﬁummﬂugﬂﬁ 2.6 (1) 2937984

1 | o

Ao — : e "
sUuuuiiin 1 luntsdedoyaniugoedyynula e ldgnaunouanndesdyymusaudng

al

b

| =

UBNANT JWAAZLALANAE AEAYAN1IN AT INTUAQ NI AT NIIN1TNARaIN 9528150

| 1
=

dsznauiadinds D A unAgan liinliinananuRaiewnn (Aliasing Effect)

3. 1997NTRINHANDLAUBIN A NDTRUMABNTU (Overlapping  Frequency
Response) A ANHDAABDNTIBINAINIDINAT @, > 7/ M sauanlugla 2.6 (A) Al
fdayaresuauanuiseudafinniszaans luunuanudindiAaesian asasnsaeguuy
k4 1 v o

= 2 o o aa -dl ¥ ¥
u@’]N’]ﬁ‘ﬂﬂﬁ‘tﬂqﬂﬁﬂﬂluU’Nﬁ‘:ﬁUU bl NITLAITUAATUTYIUAINA NABINITUDHAYDILLOL

AuDsaudsdmiunsdansneddtynniean [4]

G (=) G(=2) G (2) @)

THCACE

2z

(n) Non-overlapping Frequency Response

G(=) G(2) G (2 G, (2
[\ f\
0 27

(1) Marginally-overlapping Frequency Response

G(2) G(2) G (2) G, (2)

0 27

(m) Overlapping Frequency Response

gU7N 2.6 HARBLANBININANNDFUULLIANT] 2B4ARIAINTEY
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Taevinldn1reaanuuuniiamasluniniedLduine lF1a ue 9N AR LA LAIN I

saa v Y o o = v o v a 3 ¥ ! a £ d o
AMNONFANUTAUNLNUNAA (ANNIURN 2) ‘mvl,mmn AIUNINAZLNANITTAULNABNNUUB

flasanszann (Ripple) 199unuANA4S (Sideband) inlvidaya

m@muzﬁummqmwﬁ b

Winnne5alua (Leakage) uaunumanundngle

D ——y,0m

u(n)

51% 2.7 nnzandnsImsdnsaeting

Aufunisaanisdndnetndeya lulsaziouaruten faeslseneund gy

1 v 3
D (Decimation Factor) aziflulilangiin 2.7 dausyntueanaasiunauidsuizanindmyaons

A6 (Discrete Signal) v, (n) THANNANRUSAUAT I u(n) TuwsazuouANd

¢ing pail
v, () = u(Dn) de n=012,.. (2.66)

o

\WanIsuilas Z (Z-transformation) AUAIRINS y, (1) azlAd

Y, (z)= iu(Dn)zin (2.67)

n=—w

o | o a dll G| o [ = IS
s w(Dn) \Dudnyandeniiesan n ifludnuausiu (integer) lav A unsnidiew

Wwnusae u, (Dn). [16] AIUaNNITN (2.67) azitinléiidlu

Yy (ar= Y (D) (2.68)

n=—0

o N e A ° , A e A
EUEUNEU U, (n) azdAININU u(n) LN n Lﬂu@ququlfﬂ'ﬁl@\? D LL@$@3NﬂqLﬂu@uﬂ LR

nt

| ' 4‘ -all [ ° ' =2 o [ 1 o
n fuAraui ldiiudanuiumiaes D asaunsnuanapanuduiusseudwdynn u,, (n)

U u(n) Hasdaunish (2.69)
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U, (n) = c(n)u(n) (2.69)

=)

1ngl
1, n=0,+D,£2D....
c(n)= {0 (2.70)

otherwise

-j2r

Wald W, =e 2 lunisuanuasiuug (Even Distribution) uUuoasnanuileog (Unit

Circle) flautls c(n) aunsadanlaidn

D-1

___1_ —kn
c(n) = n > W, (2.71)

k=0
v ] 1 1
Fatiuilennnisudad z Tuaun3h (2.69) WASUNUA c(n) AINENNNTN (2.71) azlddn

0

U ()= D emuln)z™" (2.72)
1 0 D-1

= Z( W, ju(n)z" (2.73)
n=—co\ k=0

= 2 U(awy) @74

Wanvuald Dn =k uayldmuduiusluannisi (2.68) uaz (2.72) Anyoyronenunig

andn3 N tnAaeen9luinw z gaunsaidlens | F il
- Lk
V(= Dk P ©.75)
k=—o0

—U,(z/7) (2.76)

WAZINAUNANNNTN (2.74) WnuAasluannaf (2.76) azléidn
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L= Yk
YD(z)_DkEOU(z WD) (2.77)

o

o v '
AnFudyynuaednla ] a1uT0uNuAY z fo8 e/ ANTUNARELANEINIIATIND

(Frequency Response) aa44tynyuiignandmnsinisingaatng ¥, (z) wildain

. D-1 j(0-27k)
Y, (ef”)zé U(ej /)j (2.78)
k=0

Input
) Input sequence. Output sequence,down-sampling by 2

? J | ] IT !
wl [ i“ |

0 10 20 30 40 50 60 70 80 o 100 0 10 20 40 50 60 70 0 90 100
Time index n Time index n
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>
=—»o o
- = =
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E—
B_n
=

g S
—r
= =5
= 3
 bF
—
ke o

Amplitud
e o—H
—

—
o ——
o o
—
—_—
M
==
——
n L 3= 1
Amplitude
A o
-
—
e &6—

(n) Arynyndda u(n) (1) Aeyeyneuenn y, (n)

51l% 2.8 fetenisanensIn sinAleeimesinlssneuintinty D=2

1
4 % =

Wa9tungLln 2.8 (n) waz 2.8 (1) wudndayeynsasnd laannnisandmnsniedn
FinatedynnudnaesssuufefatlssnaueEndis D Wi azninisdinsatedinadngn
anas D Wi Taefinnudneuzaesdyniaslunianandeauansdeieiduaesdnyoyninu

f

el®_

2.7.1.2 NMINBumNes WA (Interpolation)

sampling 1% n
x(n) UPT ;l ¢ I( )

Postfiter |~ Y, (n)

1% 2.9 nsinaumesiniatu
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v
o

1 ¥
nsiaumasiniadu Ae niaiiunisdnsiatinsdaya (Upsampling) %191 d9usnn

¥

o 1% o o cv a '8 . A o o a X
dnauAfedunaun1sdaAIsitayafainanlames (Post-filter) LAANIRANAAINHNALNEIL

a

= S a 3y T
NMWHANARAUAUAININAMINONANITTAULUABNNY 91\13"1_]‘1/] 2.9

x(n) T1 v,(n)

5191 2.10 nsLngRaNIsinFetg

LIHANANTUN AN LABINITNNERTIN 3T NGt N9A28f L senaudunasiniady 1
(Interpolation  Factor) #NULanslugli 2.10 A nduiusuasdyyriaan v, (n) Ay

&younoadn x(n) ulafaunas

(2.79)

= x(n/l), n=0+1+21,...
v, (n)=
! 0, otherwise

1 '
= o o 1 o ' = ' o

TINUEAIINTT FEndNdyuiigndnaoadaessieteiegAniuazinisimngue

a

MU 1 -1 Fesng Weninnsutas z duannisi (2.79) axléian

0

Vi (2)= Y x(n/ Dz (2.80)

AvUa LA % =m &Nn13% (2.80) @nxnsnideseleili

0

Vi(2)= Y x(myz™ (2.81)
=X(z") (2.82)

FinaeneNITNNaRIINITnAatnAeFalsynauBumasinady 7 =2 Auuanslu
3171 2.11 wudrdrygyraueanildannniaivudnsanisdndaetnsdynnidiaesssuusog
Folsenaudumesiniadis 7 =2 Wi azinaimingueanuamy -1 fivetessudnednynin

fgninsaateassnetnaiagfiniu Inanauansuraesdnyy1nluniafinuanad

U
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Input sequence Output sequence,up-sampling by 2
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Amplituds
S 8
o o—2
s
[<Z]
o o—f
J—-———
—
—
o o4
——————
—
—
Amplitud
S s
o
P
PR

(n) Aryynnuidn x(n) (1) Asysynsuean v, (n)
al o | = o o ' o o a o
519 2.11 fregwnisiiingnsnisindieeesiamyssnauaumesinady 7 =2

ANUFUNNIINEGANAANNEAN LA N ENARBLAUBININANNDLNANITaUUA DS
AureanTiames anuasanalalaenisaaniuuingiainasd (Postfilter w3a3andn  Anti-
aliasing Filter) Tun1vnaumesnadu IFuansnmaed19lun1708n LU LAGINATNIAIAIE
A9Laes-Nalaas (Quadrature Mirror Filter Bank) ﬁﬁuﬂﬁ;\‘immﬂmﬁmwimmuuumwﬁw

all 1 a’lj £ = a e'OI 1
unuAdNDees (M =2) wnszuaun1iili G, (z) ez G,(z) WuwInmaiAINIY
(Low-pass Pre-filter) Wazg4nau (High-pass Pre-filter) mna1au €91 F,(z) waz F(z)

wnuTnaRomaFANLBLAZQINIUATNAIAL A931 2.12

x(n) —» x(n)

A

Gz) = 12 = 12 7 Fle)

- -
Analysis Synthesis
Filter Bank Filter Bank

519 2.12 Adar9aINIesABInTaei-lanes destesdnyn (M =2)

angiil 2.12 dyaynnudeaszilulaiwmu Z asnsaunldann
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X(2)=T()X(2)+ A(2)X(-2) (2.83)
SeraTunaie (Distortion Function) Hgnuing

10 =26 F@+GRD]  2s
uazeridunnalaw (Transfer Function) S eilunansfinfienunnaes foynynu X (—z) iy

AR ==16,(-DF, )+ Gy (-DF (2] (2.85)

Wadawni sl ldfiaonurnaua waesdy o arunsneenuuuinaiomes F(z) 16lne

nInuuA A A(z) =0 Faviu
F,(2)=G,(=z) waz F(z)=-G,(-2) (2.86)

saninaaninafamaes AsaNNg (2.86) azaruiandunsyidtynyiuaean Addauilsznay

3
wilaurudtyinudn AsanunmnadanuRaiaunwaaedy oyl

2.7.2 nMsnsasuausag (Subband Filtering)

channel channel
4?> X, (m) PR ——
Em— A (/) )?1 (M)
37 G et o
oe 25 .
() _gn‘.f ga i)
input 2 Q£ e output
<E 2 2 (2
L M-=1 X, (m) )A(K_] (”;)4K;l_>
(M) NFATITITAELAAIINATNTD (1) NFRWATILITAIEARIINATNTD

a a cy o o v o
gﬂ'ﬂ 2.13 N17ILATIEUNAILARINATNTDILALNNITANATIZU AL ARIINATN TN
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o

N139AINZAAILAAII9AINTRY (Analysis Filter Bank) tunnvinndindulneinas

a Ly (7 d‘ ¥ 1 a o =
Q\Wﬁ?ﬂi“ﬂ\mLﬁiqgﬁ’QxLLU\ﬁﬂJ@N’]@IutﬁLlluﬂ’ﬂlm’ﬂ‘ﬂﬂLﬂuLLﬂ‘UﬂJ’ﬂHZ\]H@ﬂ M LLﬂ‘LIﬁ'NNﬂGNg‘L]V]

v

Y aa g o o 1 ¥ 1 -:II 1 o K o
2.13 (n) Iﬁﬂiﬁ]Wi‘WQLﬁl’ﬂiLL@gﬂﬁﬂ'ﬁ?ﬂiﬂE‘]Q@EIWQ“II@HZ\]ELMLLGIZ\WLLQUﬂfJ’]Nﬂﬂ‘ﬂEI AMNUUANUN
3 1 1 dl b | dl % o
ﬂ@Nﬂ@LLG]@ZLLG‘LIEI@EIll‘]Jﬂ?ZNQ@N@ Lu‘ﬂﬂ@ﬁﬂ'&ﬁﬂ’]?ﬂﬂﬁ%w)@N@‘Hﬂ?ﬂ@iﬂLLﬁl@Zﬁ’)’mﬂW?@Nﬂu

= ¥ & X o v 3 o a £
mﬂ?zm@m@%mm?wu UaZAAAINNTUTAUTRIRNUIUANL T2 AN TURINATNIAY 4aUNTT

I

AuAT1zifneAAINATNIaY (Synthesis Filter Bank) tilunisdaiaszsidnynyineluisazuny

'
o

dl 1 -dl ¥ 4QI o/ o 1 2 o k7 v K k% a o ©
ANDEaaNFU NN TaanisiiunisdnAlededayaniudnuiudaasldinaiamasninng

U
dumrzidayalinduidudeyasuninonimiahia degui 2.13 (1) duiugluuuaes
o 1 4 ¥ o A o . .
AdIn9aINIasazuLiveen fluaestlssinnsanu Ae Adasasnsediangtl (Uniform Filter

Bank) UazAfIasnsasiaiiangil (Non-uniform Filter Bank) Ineiadsndasnsadiangluiuls

1 a

WAAIAIDL1AIIUT 2.6 TIHARUAWBNINAINDTBINATNgEs LA AT LD UAYN AL DAY

(% v

winriu Aeiu deyadannaidiazgnuiadu M wauauddesnyindu d1miuadensas

v o

nsaslaiengiliiu HanaUANe IMINAINNYeI9ATNIRs LAz LD LA NDd e AT AN 4

Winu AU IUN199BNLULARINAINTEY

2.7.3 msiszgnalinisnsasuautaslulamuaaiuazinuuanad

—> G (2)

Fbdechiy R ()
- G S E()

input—» . . ' output

Subband
Gy (2 Prgce::ing Fy(2)

= o ' v I -al'
gﬂ‘l/l 2.14 m%@ﬂﬁdiﬂiﬂ@iﬂdﬂﬁiﬂi‘ﬂﬂLLm_IF_I’aEI M LRUANNDNERE

77 2.14 uanssnatinglaseairantensesunuties M unuadndeies Ined

G, (2) e i=0,1,....M —1 UWNUARINAINIBIIATIZT M WOLAIHD
WAL

F.(z) B i=01,....M —1 WUARINAINIANAUATIZH M WOUANND
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o

UAIAINNNNITAATIZTA ARIIAINTANRAT e LAy Iy U fiaenisilaeunana

o

3
' o o

P ) = a A o v A
@giﬂm@‘ﬂﬂiu&m@g&ﬂuﬂqqmﬂﬂ‘ﬂﬂ@’]uqu M WUAMNDANIUN 2.14 Iuﬁqm@qul,ﬂuﬂqﬁ\

a

wanssnetienislseynaldszuunisdndrynrandesazienlulamunaiuas lulawy

1 (%
a v o

AuDAEduURauas NLMS2 Tunsazunuaauidas lnanszuunisdndyyinidas

azviaululamuna luansisgiin 2.15 e i =1,2,.., M {lususuunupudtas

Input Subband Output
P SEE—— _ —>
x (n) Processing e, (n)
xi’Q (n) % (Unan\ln?:tSI)I/stem)
””””””””””” » N R |
3 h ,(n |
,,,,, +
xi,l (n) p (Unknopvlfnmslystem) d (n)
i
h, (n)
| Adaptive Filter Il | e.(n)
1 14
,,,,,,,,,, H Wi,2 LA —

Adaptive Filter |

Wil B )y d(n)

g1l# 2.15 madszgnalinisnsesunutesiusyuy SAEC ulaluuian

8 mAa1RE NLMS2

] v
al

Awdunisseyndldszuunisfindyanandssasioululamunaunsqeduneuis
F-NLMS2 gesusiazunumann e lauanedagiin 2.16 tae i = 1,2,..., M fusuauuny

a
AINNOERE



Input i Subbanc Output
X (n Processing en
B
Input
Xifr) A Dy (k) Dytk;
ppenc | | Xi(k) Xa(k) Save d; (k
Zero Block W Y Last Block
Input‘l Wik dz (K]
X2(r) olxq n)?w o_Id nejw
discard
(.
S TN
DFT
Appenc -
Zero Block kIJ‘
Delete e
Last Block }ZI‘ - discard
Y
Conjugate
Xi"(k) X2 (k; L Eqk; Appenc | &My
29 ZeroBlock |© ¥ -
Desirec
o | e Signal
dik;
~ k73 ] o a‘l
E‘]JVI 2.16 ﬂ%‘ﬂ?tﬂﬂﬁﬂ‘ﬂﬂ’]?ﬂ?@ﬂLLﬂ‘]_IEI‘ﬂEIﬂ‘]_I?Z‘LI‘LI SAEC 1‘1«11@!,3\1%?1']’13\@

el umAa1RE F-NLMS2

2.8 MaFauifiguANNTUTaUNIINITATUIY (Computational Complexity)
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¥ nil/ 3| a o YV o | 3.’/ aal |
w@uLﬂumiLﬂ?ﬂuwmummﬁnmaumqmimmmmmLmeummﬁmm@umi

AUt (Iteration) Tagiaziansun lunalaaan1suanazaLaILIuase (Real Additions and

Subtractions, RASs) mﬁ?@mﬁﬂmuﬁq (Real Multiplications, RMPs) agn191119 (Division,

div) MeuNatFauilesaunuEl wraananaaliansedeyanesdnyyinudiuiledaetng

- T < . e <
(Per Input Sample) 19 aziarsaunnisdszusanadoynialudedynyiumnile) Ine
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favualsinisunavilase (1 div) Uszu1nusiaen1sAMMNAL 16 N19AMIATUIUATISE
”fynanmﬁ’mfi\ﬁﬁq@mq [14], L Aa AL AN T2 AN 09999 N TRSUL UL LS dusy
mmsﬁ”wﬁ@umqmiﬁﬂmmmmmﬂmmyﬁﬂﬂﬂmLﬁm%ﬁmL'flw,mu Radix2 Tulaiuu
AAWE [15] fatiu usiaz N-point Real DFT (uaz IDFT) #a9n1snnsfnuand Nlog, N

RMPs \ila N = 2L §ufuaesiuneuds AP = p uaz Inv(M,,,) A8 wvisndunduaunn pxp

a v Y ° > aal ) o P
ANTINN 2.1 ANNTUTRAUNINNITAIUIULANTUADLIT NLMS T84 EUEUNEUN g

Adaptive Filter : X /= + /=
e(n) =d(n)—w" (n)x(n) L L
W(n + 1) = w(nset S, 143 +1dlv 143
s+ x|

] v 1
AN9199 2.2 mﬁmwﬁ@umqmimmmm@wumm% F-NLMS a4 fyfy’]fuﬁ Jj

Adaptive Filter : x [+ + /=
1 DFT/ (1 IDFT) 10log, L+10 | 10-5L
E(k) =D(k) - W(k)X(k) 8 8
MK&) oy
Wk +1)= W(k) +— 8y ey 24+2dlv 8
£+ HX(k)H

M99 2.3 AANdLEaUNINNIATHIMIENTBRAUAT AP Taedtyaynnud |

Adaptive Filter :

X /+ 4/
e(n)=d(n)— X" (n)w(n) pL pL
e(n) =[X"(mXn)+ 51 e(n) p* (L 1) +Tnv(M ) oL

w(n+1)=w(n) + 1X(n)e(n) pL+1 pL
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] v 1
AN9199 2.4 mmsnu%@umqmimmmmmmumm% FLS 183 fymWMﬁ Jj

available at time: n adaptive filter: w(n), forward prediction: A(n), backward
prediction: B(n), data vector: X(n), adaptation gain:

G(n), prediction error energy: E_(n), forgetting factor: W

new data at time: n+1 input signal: x(n+1), microphone signal: d(n+1)
Adaptation Gain Updating: < [= e
e,(n+1)=x(n+1)— A" (n)X(n) L L
An+1)=Am)+Gne, (n+1)/a(n) L+1div L
E,(n+1)=(E,(n)+e,(n+De,(n+1)/ a(n))W 2+1div 1
G,(n+1) =[G?n)}+%[_ A(;+l)} =[1\m/[((::ﬂ L+1+1div L +1
e,(n+1)=x(n+1-L)-B" m)X(n+1) L L
Gn+1)=Mn+1)+m(n+1)B(n) L L
a,(n+)=am)+e,(n+De, (n+D/E, (n+1) 1+1div 1
an+)=a,(n+1)-m(n+1le,(n+1) 1 1
E,(n+1)=(E, () +e,(n+ e, (n+1)/ a(n +1))W 2+1div 1
B(n+1)=B(n)+G(n+1e,(n+1)/a(n+1) L+1div L
Adaptive Filter:
en+)=dn+1)—-w'(n)X(n+1) L L
w(n+1)=wn)+Gn+1De(n+1) L L+1
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Tuun? 3 Haznanqiamannisinauresiaseadielausa (Hybrid Structure) 351319
dupernsuuunTulasdunaudsuuuarile duiusruunifadyyioidesasiaulunig
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4.5 MafFauiiguanututaunIan1sAIUIN (Computational Complexity)
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LLﬂmwﬁ‘LﬂfﬂﬂmLﬁfﬂq%ﬁmﬂuuuu Radix-2 WlaluuAud [15] ﬁqﬁu wAaz N-point Real
DFT (4&az IDFT) AR9N1TN1TATUIIN Nlog, N RMPs oz N —1 RASs Lﬁ@szL LAY
utkinnsamusuaudsiauwinty 4 RMPs luanigfinsamdiuassiuduaudeteuindy

2 RMPs
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\HaWa1sunglin 2.4 Tuumn2
- nnsdszunanadyy unileuReandednisnisATUIs 5 DFT/IDFTs Winfy

S5Nlog, N RMPs llaz 5(N —1) RASs [14]

TURAUAT F-NLMS2 AaIn19n1sAuang
- dmfunnsAnuaunAe sy IneanIaI9aTnIasLLLluF LA Aasa N g
4N RMPs

o o o

- AmFunmaAnuNReATUNLRANAIARAIN1T N RASS

o o o

- dwfunisAatnniianieesauduius lag (Cross-correlation) 194ty tyntuidinuay

o

AryounuRANAIAFRINIe 4N RMPs

o o

- dwFunsananinadAigaeinnseanis 2N RMPs
- uazduiunmaAnasteanaesdynnidannuiennisAuafiedns 22N

RMPs uay N RASs

1% v
o o o

iU TUABUAT FNLMS2 Aean13n19gaianuauasid niuusazuaannislssanauatyiniy
2(5N log, N)+2(32N) (4.5)

WATNITLINUATALATUINATNA NI LIFATUABNNITU T HIARALYINTY

S(N-1)+2N (4.6)

\Wamnuemesdulsy@naaganesauiudiuda oty £ nnsgmisuouasasad i

dvikasnatneas Igidy
201log, L+148 (4.7)

wazNITUINLAZALA TUINAsad Ty nud uilsdegnaAnle
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4.5.3 AUAAUIT Subband NLMS2
AMFATUILAITNTUTDUUBITURNDUIT NLMS2 4115 Un19nsadunueias M wal

mmﬁﬂmiuimumm LaZAINNENNFNLTEANTURIINATNTBIILATIEHUAZAIATNTAY

fuprzvivindy N azAeIn1InIsAIam

- g wmiunisaansddyiaidiuiazso (x,(n), i=12) wazdyinsidiaes

oo

%

Tulastiwluiesiu d(n) fesns 3MN, RMPs uaz 3M (N, —1) RASs
- dwiunirduansidyyniniianaia e(n) fiaenns MN, RMPs WA

T T

M(N,, —1) RASs

v
o o

Wi R9fBenIn1sgRTHaNAsssadty i i nisaet g TR LA daas e

Frynyoulaiiu

4AMN (4.9

tap

WAZNNILINLAZALANWINA IR At s vlesagin ALy

4M (N, =1 (4.10)

o a = S - | L
vl L, iflupsinenaduilszdnssasasasnsasiuusazuoumauidan lnan L = i

AT NFANUIUTHARLAT NLMS2 TUWAAZWALAMNDLRHANNANANTT (4.3) LAZANNTIT

| o 3

(4.4) nnapnuAuauasssadiyynudnilsiaetinsAaly

T o

4[£j+38 (4.11)
M

wazNITUINLAZALA TUINAsad Tyt nud uilsdegneAatle

4[—j+6 (4.12)
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v v 1 ]
ATl N1TARUANUINITUNAFD Foyryrnuduilsfned9anaunii (4.9) waz (4.11) az

iy
L
4(%) +38+4MN, (4.13)

v ] 1
LAZNNTUANLAYALANWIUA T NUAsed 1 uilefaatneaInaunish (4.10) uay

(4.12) Apnily
4(£j+6+4M(N —1) (4.14)
M S '

4.5.4 Subband F-NLMS2

dumneudd F-NLMS2 Tulpuaanadda nsunisnsasinudes M uaumAndtes az

' o/ ¥ =K o [l

FBIN19N1TAMANUINAIIARATY AT TR 19A M TR T kA s AR s A Ty Ty

2

F9ANNN9N (4.9) Aa

4MN (4.15)

tap

LAYNTLANUAZALIANUIUATARATY U U UTlFDaEN9Aaun 37 (4.10) Aa

AM(N,, —1) (4.16)

AuFunisgauanuauasssednonandauiisiinad s luwsiuaua audaaaziiudsannii

(4.7) azvinny
L
20log,| — [+148 (4.17)
M
WAYNTLANUAZALIA WIUATAadTy i uilenat1efiaunih (4.8) An

14—5ﬂ (4.18)
L
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v v 1 1
Al NNTANRNUIUATITINNAGID Fryounnuidnuiiesinagnsannanniai (4.15) uaz (4.17)

CRAINTY
L
20log,| - | +148+4MN,, (4.19)

v 1 1
LAZNNTUANLAYALANWIUA T NUAsed 1 uilefaatneaInaunish (4.16) uay

(4.18) aziilu

14—%+ AM(N,, ~1) (4.20)

1 v v
AN9199 4.2 ﬂ’]ﬁ‘L‘LG‘EI'LI Lﬁf;mmﬁmu%um\ﬁmimmmmmLmeumm%Lﬁﬂunmumu

78 NLMS2 iWafavmunll N =64 A

Parameter Complexity of each Algorithm / Complexity of NLMS2
F-NLMS2 Subband NLMS2 | Subband F-NLMS2
L M
X [+ e X[+ +/- X[+ +/-
1 0.1572 | 0.0068 = - - -
2 - - 0.7546 | 0.7468 | 0.3931 0.2522
o1 4 - - 0.7546 | 0.7429 | 0.6194 | 0.4975
8 - - 11227 | 1.1091 | 1.1103 | 0.9883
1 0.0842 | 0.0034 - - - -
2 - - 0.6284 | 0.6236 | 0.2032 | 0.1263
1024
4 * - 0.5046; | -0.4968| -0.3222 | 0.2491
8 - - 0.6284 | 0.4929 | 0.5651 0.4949
1 0.0447 |- 0.0017 - - S -
2 - - 0.5645 | 0.5618 |-0.1045 | 0.0632
2048 4 - - 0.3779 | 0.3735 | 0.1643 | 0.1247
8 - - 0.3779 | 0.3716 | 0.2863 | 0.2476
16 - - 0.5645 | 0.5550 | 0.5327 | 0.4935
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v

AN919T 4.2 uaAIN9LLReLTieuALFUFauNINNT AL T ILAR T T AR UAT
FeuAUTUReUAR NLMS avifiudndiensuanadulsyaniaedniasnsed (L)ﬁv-w"u,ﬁ'u%u
AuFUFanlunTAwInTe A aY TuAeUARa L TiAa AR LA AL Taefinnstlszanalis
Taupanudaziiaoududenlunisdrundeaniinistszunanalulamuingn uaznis
szananalagldnisnsesunudesazlanududaulunisaruinidsandinislsennanaly
LUy uazilafinsuuuouanudteslunnslssaans AnududaulunisAiuanas
fannnau LL@xLﬁi@ﬁ@wmﬁmmmmm‘mmLuiummzqLﬂﬂmvuﬁﬁﬁwmzﬁvﬁymﬁmﬁm
aanifl M =16 unuadnuides azlfidincududeulunisduaniuinniinadin
M <16 wnuanuades e dmsulnsairelmBanviniauelyinginusaiiuiaaden
Ansnstiuileanssnuzaassruunifindni o idenasviaulunnsdunuinuassie
Tnednnsnsesunusesdl M <8 uauAaddasing e AangnagUlssAnsnaw
N9 UTBI U ZdUR0KAT TuANHa9 AN LT UFe UNIeN1TAIUINY (Computational

¢

Complexity) §m371n13gL21 (Convergence Rate) 1849493n389uLLUFUA Laviaa1lseis

1u#a (Inherent Delay) 74NAT AkanaluA13197 4.3

a = Yy gy o : > aa
M990 4.3 ﬂ’]ﬁ‘L‘]_G‘EI'LILVIE]'U“II@WIJ@L@ﬂﬂ‘ﬂ\iLLm@gﬂluﬁl’ﬂurJﬁ

Subband Subband
NLMS2 F-NLMS2
NLMS2 F-NLMS2
Computational
High Lowest Medium Low
Complexity

Convergence Rate Slow Fast Medium Fastest

Inherent Delay No High No Low

4.6 HANNSAIADILLUIASIAS9baLEASE1INe FLS2 waz NLMS [18] w3auiiauny

TAseasglavsanminigua

Wadataziiniafsaunaudnsn1sgidnaesieasnseuuulufaae9s LU SAEC
Alaseaielaningendna FLS2 waz NLMS [18] Auszuu SAEC nillmsea¥qelasidah

4
mmuﬂiuﬁwmﬁwuﬁ‘ﬁ IﬁﬂN@ﬂ’]ﬁ‘@’]@‘ﬂ\‘lLL‘LIUﬂ@ﬂiﬂ?ﬂ@%’]\ﬂﬂﬂ?‘ﬂﬁ‘gﬁ’j’]ﬂ FLS2 uwaz NLMS
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1 1 v [
[18] NLauANNDLBEIWIN (0-1 kHz) az1seHanaseduAD1AE FLS2 a15ULaLANDT
v

¥
497U (1-8 kHz) azsandynyrunsaastesdoynyrnuiudesdyynainasuasionisg

dszananadoadumnends NLMS AsgL 4.18 anunsndaunman ERLE dauanslugiil 4.19

Algorithm FLSZ NLMS

C 1 z g 4 £ 6 7 € kHz
=i ) =) ° o ¥ o a ]
EﬂVI 4.18 ﬂ'\?LL‘LI\?LLﬂ‘]_lﬁ')"]NﬂEI@El@']V?‘]Jﬂ']?ﬂ?ZN’J@N@ﬂ')ﬂiﬁ?\?@?qﬂllﬂﬂﬁ\ﬂ?x%ﬁ’m FLS2

wag NLMS [18]

40

35 -

25+

20+

ERLE (dB)

5 I | I | |
0 0.5 1 1.5 2 2.5 3 3.5 4 4.5

Sample Number x 10°

gﬂﬁ 4.19 A7 ERLE 209lasaaielatidnssmdng FLS2 (0-1 kHz):

E_ (0)=E,(0)=10, W =0.999 uag NLMS (1-8 kHz): x =0.03

anviadiedt 4.2 uas 4.3 waneldiiudndunewds AP2 Sufy p=2 lemsanisgidi
18999asnselULLSUfTIEandnTuneuds FLS2 uazduneds F-NLMS2 Tiamsnsgidn
Fi5andnduneuds NLMS2 a0t anadudeunianisfuanaestunenda F-NLMS2 &
AddumeAE NLMS?2 et Tassadnelatdafivnianeassnanauunnisidiuneuds Ap2

s { c:l 9:/ a
AUAL p=2 Tuﬂﬁiﬂﬁ?uﬂﬁ;qﬁuﬂixaw%mmqwam@ﬂmmummﬁm (0-1 kHz) wnuiumneuds
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& ! v
FLS2 mﬁunﬂiﬁuﬂ§<1z‘{uﬂizaw“ﬁm@mwinmﬂmmummﬁm (1-8 kHz) axl¥dunaia

a

v 1
F-NLMS  unudumauds NLMS  Taenisuiiannumqnuddasdiniunisdssunanasasl

Tassa¥relauiantinaueseudng AP2 (0-1 kHz): p=2, x=0.3 uwaz F-NLMS (1-8 kHz):

2 =0.02 Waunuanudeeausnilszananadiadunanuis AP2 d1MiuunUANDNgsTUaY

al

sonfludesdyaynunsuaziinisdszanananisdunewis F-NLMS Aeagidlugii 4.20

WazA ERLE 19933 1LIAINA19811900aR9 6 Aa3117 4.21

Algorithm AFZ F-NLMS

C 1 Z g 4 . 6 7 € kHz
ql 1 dl 1 o o % % a dl o
EﬂV] 4.20 nsuLialnuANNDaaduiLNslszaanasae taseaielatTantinane

P
U TNUUN

45 T 1
—— (1) Hybrid in [18]
- = (2) Proposed Method |

| M

ERLE (dB)

I [ I |
0 0.5 1 1.5 2 2.5 3 3.5 4 4.5

5 I I 1 I

Sample Number x 10°

gﬂ‘l’?‘i 4.21 A1 ERLE wFauiisuanssnussznand (1) Inseadnelassnszmdna FLS2 (0-1
kHz): E_(0)=E, (0) =10, W =0.999 uaz NLMS (1-8 kHz): u=0.03 iy

(2) InseaFelatdanitiniauasznang AP2 (0-1 kHz): p=2, 1 =0.3 uaz F-NLMS (1-8 kHz):

41 =0.02
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aziiudnlasaislausaninauansglin 4.21 Tidranssoue  ERLE IndiAaseiy

'
o

TAsaaF19lan3nszndng FLS2 way NLMS [18] WA AMNFUFaUNI4NIsANTUIARININAa

AN 4.4 (e) waz 4.4 (f) uazilaNansaunmumuiugsalnaiuniasesdyyios

o a

RENNAAIgUN 4.6 azwudn wnuANDEREAIUA 1-4  kHz  F9NAIAINULILELYEY

a

b

anlnafuidsesdyyinedeyaegunn Aau Tassa¥elauinsendng FLS2 uaz NLMS
[18] Nd9una1ds NLMS Tunistlfuilpednilszdnaaasasasnsasuuutliudaluuauaaudil
oW o o = % v A = = Y o =
faldannsndvndnyynudasaseuldniiiaame InaaruisafansnnaaaziBunalanegly
4.22 Pinnnsulsunuandtaresdyinidssyaaandy M =8 uaumdiudday
A niuAsldiunewds NLMS2 Tunnsuiuilpsdntlse@naaesasasnsauuutlfusaluwsias
unuANDEaE WUAALANNDE BT 1 (band 1: 1-2 kHz), A NDLea? 2 (band 2: 2-3
o, e d' 4% o
kHz) uwazARNDeasd 3 (band  3: 3-4  kHz) TduunumudeauLs 1-3 kHz JA0
AAALAABLNNAIA@AE (Mean Square Error, MSE) NNAR4ILaLAMNDEaeR 4 D9 7 uas
NINNINATYUNUILNAUNUNAS -30 dB - SNR st lulauaanudsaus 1-3 kHz asaasld

TRl RN 9gudin5aEandnduneds NLMS2

] b e ———— . r
| thuwisckd, |

Bmrey LY .--—-

Tumnad 3

LER W

By g Ew Lorg L

! Leed by |
gweed 4 "y

b

'R I||E'. ..1:| !i .1 u. ] .l:'i:.' .-a'u' ll.:ul '.iI;..I. I-Ill:

Figepamsia 5 70

51191 4.22 1 MSE Foedunawds NLMS2 (M =8)
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v &
Tun1sanaesuuusialy Aslfdnauanisldiunends AP2 lunnsdfuilyeduilse@ns
8999a7nraduuuUsUF luuaLAMNDLEREN 1, 2 BAY 3 ANNANSU TALNITILINLALAIIND

1 ¥ 1
dasdmiunisdszananasialanaidlarianinauelmiianiduiuanslugli 4.23 fn

ERLE ndunalauandlugia 4.24

Algorithm

AFZ

APz

APz

APz

F-NLMS

1

e
Z

a
<

4

13

<

6

/

& kHz

C
517 4.23 nsutiunumlNigesdwmiunistszananadaalasaaislatsantiiane

A
LULNARY

50

T T
—— (1) Hybrid in [18]
(2) Proposed Method II

i
i Iy M
|

.
.
I o

LAY

y " i ") y

A W

ERLE (dB)

o
T

| | |
1.5 2 2.5 3
Sample Number

-5 L L

0 0.5 1 4.5

x 10°

gﬂﬁ 4.24 A1 ERLE W3auieusnssausssndng (1) Iaseadalasdnszmang FLS2 (0-1

3.5 4

kHz): E_(0) =E,(0) =10, W =0.999 waz NLMS (1-8 kHz): 12=10.03 fiu
(2) Tasea¥elarzaTiinanasening AP2 (0-4 kHz): p=2, 1 =0.3 uay F-NLMS (4-8 kHz):
41 =0.02

angU7 4.24 wudnTaseaielausaniauaidnsnisguingAne 099N ey

wUUU5UFM N9 IATeaE e laLTATEMdnNe FLS2 wag NLMS [18] WAmnNdUdaunians
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¥ 1
| = o =

1 v
ANUIATHANGITUNINAIA319T 4.4 (g)  WHesanduneuds AP2 lunisseuiaua

a

! ! v v
a al

FrunynuunuAaeesd 0 - 3 Awiu n1sanaesuuusellaudenlddunauds AP2 fuunu
AR REd 0 (0-1 kHz) LATUALANNAERT 1 (1-2 kHz) Wit doulunnuAnudaud
2.8 kHz a4 iumaudE F-NLMS Tngnisutunuaanddesdimiunislsyananadan
Imm%ﬂau’%mﬁﬁﬁLm&@ﬁ%qﬂﬂ%uﬂa;ﬂmLﬂuﬁummiugﬂﬁ' 4.25 wazA1 ERLE Hdanm

Tuanslugiln 4.26

Algorithm AFZ APZ F-NLMS

C 1 3 4 < 6 / & kHz

1% 4.25 nsurisunupNRtesduiUNIsUsznanameTaseaielatFaTiaue

D N

P
LULNATN

50

T T
— (1) Hybrid in [18]
- - (2) Proposed Method Il
—— (3) Proposed Method Ill ||

ERLE (dB)

[ 1 [ |
0 0.5 1 1.5 2 2.5 3 3.5 4 4.5
Sample Number x 10°

-5 L L 1 L

gﬂﬁ 4.26 A1 ERLE W3suieuanssausseudng (1) Taseadalau3nsznang FLS2 (0-1
kHz): E_(0)=E, (0) =10, W =0.999 uaz NLMS (1-8 kHz): u=0.03 iU
(2) Tasea¥elarzaTiinanasevdng AP2 (0-4 kHz): p=2, 1 =0.3 uay F-NLMS (4-8 kHz):
1 =0.02 fiu (3) Tasaa¥elarzafiinianassving AP2 (0-2 kHz): p=2, 1 =0.3 uay F-

NLMS (2-8 kHz): 1 =0.02



72

1 1 v 1 1
AnguUN 4.26 Wedenldiuneuds AP2 AuunuANdtesd 1 uaz 2 azvinlian

FRLE Nanadanninseaiielauzantinauauuunand wAAaNssnusisaninnenlnsaing

o

1813m751919  FLS2 WAz NLMS [18] haztiafanstun AN A NG UFaUN19N19ANUI IR

o-

[ |
aada A

AN 4.4 (h) WLINANNTUEUNIINITATULI L RIR T RAZAAANAININLN BB TU

Tanas1glatdaiinguanuuNgasaulndireeniulanseaielaudanseindng FLS2 way NLMS

'
' a

v 1 v
[18] wiinnaiaenlddunauas AP2 fuunuaAuddea® 1 waz 2 indu azinlddnyynn
- da d A WU X L, J Yo
Aanaiaiialuuauandtesyl 3 uay 4 ANANNTY Geldmunzannazlseansldiu

U AsanalulouANDEBYN 3 LAY 4 NATAINTUILLLABIA L NAFUAIA9DY

o a

al o

¥ v
nReaNAtaN AN A9 lunisenaasuutisallaviaanldiumneting F-NLMS2 1u

@ a

2 2

n9Uiuilpednnlsc@nsee909ainseduuuliuda esaanaoududaunienisAua ey
duRauds F-NLMS2 daendadunanid AP2 110 asad1snldiunands F-NLMS2 Auuau

all ] d' all o YV o 2 a dl o 1
ANDteaN 1-3 InaRAdudauntanisawanaasiaseadrelauianinane ludluuuy

¥ v v

Sada ° | v = | = = <o . o X T X
naulArannaanInTaseasaelauia udluuuungaesiazuuun au R @ uanaumiing vl

Tuwaumndeasi 0 azdaaan I Edunandd AP2 L1ULAN LHAIR1INANTNUBILULID

anlnadunindsresdnnyiandeana lulouauDURAININTER [9A23 1dTuno TN 1H

s~

¥ 1o

nslfulgeduilse@nnaensasnsenuulfusaidnsniguiingAaauiiangn
An3U7 4.28 TAs9ATlELTATNINLANEIZNINS AP2 (0-1 kH2): p=2, 1 =0.3 uag

F-NLMS2 (1-4 kHz): 1 =0.02 2 =0.3 Wag F-NLMS2 (4-8 kHz): x =0.02 \lulasaaing

lauianlidnaniagudngAineulfisandauuuang nAneluinedwusi 8nvie Ao

al

o

¥ o v a dl o dyo/ ol [ :I/ %4 a dl
vfaunanisrmnaediaseaiislatsantianatgeninnn s tassaielavsauuui
aninauataailudnnisaenuiedniuldlunisliulssdulss@nsassisasnsesuuy

1 ¥ ¥
UFusaninauetiuludnainutaiuil

Algorithm AFZ. {F-NLMSZ | F-NLMSZ|F-NLMSZ F-NLMS

C 1 z 2 4 £ 6 7 & kHz

1% 4.27 nsutswnuanaddesduiunisdszunanasalnseainelatianaue

e
LWULNA
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50

T T
— (1) Hybrid in [18]
455 - - (2) Proposed Method Il
—— (3) Proposed Method IV

4o0f- I

ERLE (dB)

5 I I 1 I L I I I
0 0.5 1 1175 2 2.5 3 3.5 4 4.5

Sample Number X 104

51191 4.28 An ERLE ulseiiifisidasmnugasndnd (1) lnssainalaiznsendng FLS2 (0-1
kHz): E, (0)=E, (0) =10, W =0.999 4az NLMS (1-8 kHz): x=0.03 fu
(2) Tnssaknslani3amitauessuing AP2 (0-4 kHz): p=2, 1 =0.3 uay F-NLMS (4-8 kHz):
4 =0.02 fu(3) Tnssain<laiafinuanessning AP2 (0-1 kHz): p=2, 1 =03 Ay F-
NLMS2 (1-4 kHz): u =0.02° 1 =0.3 uaz F-NLMS2 (4-8 kHz): 1 =0.02
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T T

Hybrid in [18]
Proposed Method I
Proposed Method IV ||
NLMS2

‘1‘" ‘\‘M“‘L

ERLE (dB)

I I
0 0.5 1 25, 2 2.5, 3 3.5 4 4.5

Sample Number < 10°

519 4.29 A1 ERLE nlaaiananssnuzazndng (1) Tageainglatsngzidng FLS2 (0-1
kHz): E,(0) =E,(0) =10, W =0.999 waz NLMS (1-8 kHz): 2 =0.03 i
2) Tnsea¥ralaBatiiuanassmdng AP2 (0-4 kHz): p=2, 1 =0.3 uay F-NLMS (4-8 kHz):
1 =0.02 fiu (3) Tnsea¥elasBadivnianessudng AP2 (0-1 kHz): p=2, 1 =0.3 uay F-
NLMS2 (1-4 kHz): 2 = 0.02 1 =0.3 uaz F-NLMS2 (4-8 kHz): 1 = 0.02 ful (4) Tume
28 NLMS2: 1 =0.5

gﬂ‘ﬁ' 4.29 UAANANANTINLE ERLE 204lAs9a519laniinszmdng FLS2 uaz NLMS [18]
azlassailasauuniaesuaruuufianiaveswldnan nusil ieuFoudousy
Fune1AR NLMS2 annnnsfnsniiin Tmm%‘wimﬁmLLuuﬁmwﬂﬁﬁmmmazjLﬁwﬁﬁ*qﬁ'@m
Tnsea¥elaBaunuiaasidnsineguinagszninddanaindlarsauuiaesuazlasiaiing
la13m3en919 FLS2  waz NLMS [18] Imﬂﬁimm%ﬂaﬁmnﬂgﬂ WD AUt

4 1 1 v
Ientinuiiazidns g dniisandaiieu e iuiunends NLMS2

Wanuald Inv(M,,,) Hanududaunienisaiuaniyindy 22 RMPs uay 1
ADSs, war Inv(M, ;) Wil 55 RMPs az 14 ADSs. [21] AMANNEUaUN1N1TATUIN.

v 1
w0dusarduneuisannsnagllfifinneed 4.4
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] v 1 ¥
A5 4.4 ANNTFUTAUNINNITATUIUBILAR T WAL TN AN T AN TN LT

Adaptive Filter Algorithm : oy +/—

a. FLS2 36904 | 36867
b. AP2 (p =2) 32822 | 32768
c. AP2 (p = 3) 61570 | 61440
d. NLMS2 8230 8198
e. [18]: FLS2 (0 - 1 kHz) + NLMS (1 -8 kHz) 9275 9221
f. Proposed I: AP2 (p = 2) (0 — 1 kHz) + F-NLMS (1 — 8 kHz) 4836 4614
g. Proposed Il: AP2 (p=2) (0 -4 kHz) + F-NLMS (4 — 8 kHz) 18054 17658
h. Proposed IIl: AP2 (p = 2) (0 — 2 kHz) + F-NLMS (2 — 8 kHz) 9242 8962
i. Proposed IV: AP2(p = 2) (0 — 1 kHz) + F-NLMS2 (1 — 4 kHz)

6518 5454

+ F-NLMS (4 - 8 kHz)

aNANIaR 4.4 wudnTaseadaelasBa i (mmm’ﬁ' 4.4 f) azfpududaunianig
ﬁﬂmmrﬁ'ﬁﬁ@m Lﬁ@ﬁmamqmﬂﬁ’m’m@mﬁﬂmuﬁq (RMPs) WAZAINITLANLAZALANUIL
a74 (RASs) LL@ximqm?wﬂaﬁmﬁﬁmweﬁwﬁ@umqmiﬁmf;mmn‘ﬁ'zﬁm An Taseasalausn
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Abstract

This paper proposes an adaptive filtering algorithm for
Stereophonic Acoustic Echo Cancellation (SAEC) in order
to obtain computational complexity reduction and conver-
gence rate improvement. The hybrid mono/stereo structure
between Fast Affine Projection (FAP) and Frequency-
domain Normalized Least Mean Square (F-NLMS) algo-
rithms is introduced, based on subband processing. Simula-
tion results on recorded speech signals suggest that conver-
gence rate can be improved at low computational cost.

INTRODUCTION

Most of adaptive filtering algorithms for Stereophonic
Acoustic Echo Cancellation (SAEC) systems are processing
in time domain, such as the two-channel Least Mean Square
(LMS2), two-channel Recursive Least Squares (RLS2) al-
gorithms [1] — [3], etc. The tradeoff between convergence
rate and computational complexity between LMS2 and
RLS2 is achieved through a number of fast versions of
RLS-type (FRLS) algorithms [4] — [6]. These algorithms,
however, encounter the instability problem. Subband and
frequency-domain implementations [7] — [9] are alternative
approaches for system complexity reduction. Via the use of
the decimation process, the sampling rate in each frequency
band can be reduced. The number of adaptive filter taps in
each subband is D times smaller than the fullband ones
when D represents a decimation factor. Thus, lower compu-
tational complexity than the conventional SAEC systems
can be achieved. In contrast to the fullband system, the ei-
genvalue spread of the autocorrelation input matrix, R, in
each subband can be reduced by processing the input signal
into M subbands. Hence, faster convergence rate can poten-
tially be obtained. In addition, block-based adaptation of
the frequency-approach usually employs fast Fourier Trans-
form (FFT) algorithm for computational efficiency.

A hybrid structure employing subband and frequency-
domain processing is proposed in this paper. The proposed
technique is based on the investigation of the hybrid
mono/stereo structure in [10] for further improvement on
the performance of the SAEC system, in terms of conver-
gence rate, while keeping the computational complexity
lower than the conventional fullband approach. For fast
convergence speed, the proposed technique employs the
two-channel version of the Fast Affine Projection (FAP2)
algorithm [11]. In high-frequency regions, the frequency-
domain version of mono-channel Normalized Least Mean

Square (F-NLMS) algorithm is chosen for lowering the
computational complexity of the SAEC system, as com-
pared to the conventional one. The Mean Square Error
(MSE) in each subband is used as a criterion for algorithm
selection between FAP2 and F-NLMS.

THE HYBRID STRUCTURE FOR SAEC SYSTEM
A. Hybrid Mono/Stereo AEC in [10]

Based on the psychoacoustical principle that stereo effect is
due mostly to sound energy below about 1 kHz, two AEC
systems are differently applied to low-frequency and high-
frequency signals. The FRLS2 algorithm [5] is employed in
the low-frequency subbands (100-900 Hz) in order to ob-
tain fast convergence rate, when the sampling frequency (f;)
is 16 kHz. In addition, a decimation factor, D, is applied to
each channel for further complexity reduction of the SAEC
system. The sum of the stereo signals is highpass filtered
(900-8000 Hz) to obtain mono-channel signal since little
amount of speech signal energy is contained in the high-
frequency region. The mono-channel NLMS algorithm is
employed for complexity reduction, as compared to the
conventional SAEC system that normally employs two-
channel algorithms. Note that, the non-linear transformation
(NL) is included in each channel in order to decorrelate
partially the low-frequency stereo signals [10].

B. The Proposed Hybrid Structure for SAEC

100
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Magnitude (dB)

-50

| |
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Figure 1. Frequency response of a speech signal xi(n)
(sampling frequency is fs = 16 kHz).
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By considering at the magnitude response of one channel of
stereo speech signals with f; = 16 kHz, as shown in Fig. 1,
its significant energy is contained in frequencies below 2
kHz, and gradually decreases when the frequency reaches
beyond 4 kHz. According to speech energy in each sub-
band, adaptive filtering algorithms can be chosen to be em-
ployed in each subband differently. Algorithms with fast
convergence rate should be applied to the particular sub-
bands which contain the most significant amount of spectral



density of speech inputs. On the other hand, algorithms with
slow convergence rate, but with lower computational com-
plexity, can be employed to those subbands with less spec-
tral density of speech signal in order to reduce the computa-
tional complexity of the overall system.

The criterion for selection of fast or slow convergence rate
adaptive filtering algorithms to be processed in each sub-
band is suggested in this paper to be the average version of
the MSE in each subband. For example, with the choice of
M = 8 number of subbands, the MSE plots for each sub-
bands are illustrated in Figure 2, when all subbands employ
the two-channel NLMS (NLMS2) algorithm. It can be seen
that, the MSE levels in band O up to band 3 are higher than
those in band 4 to band 7. The threshold level of MSE crite-
rion is chosen to be equal to -30 dB, whose magnitude is the
output Signal-to-Noise Ratio (SNR) level of the added
background noise at ‘Mic1’ in all simulations. For this par-
ticular case, the first 4 subbands will employ adaptive algo-
rithms with fast convergence rate since the MSE values are
greater than the selected threshold level. On the other hand,
the adaptive algorithms with slower convergence rate but
with lower complexity than the one chosen for the low-
frequency subbands are operated in the last 4 bands.

In the proposed hybrid structure, the algorithm with fast
convergence rate is chosen to be the two-channel version of
the Fast Affine Projection (FAP2) [11]. The faster speed of
convergence of FAP2 can be obtained by increasing the
projection order, p. However, very high projection order
results in large computational complexity of the SAEC sys-
tem. For the low complexity adaptive algorithm employed
in the high-frequency region, the mono-channel version of
frequency-domain Normalized Least Mean Square (F-
NLMS) algorithm is suggested, instead of the mono-
channel NLMS algorithm as chosen in the hybrid structure
in [10]. Hence,

Figure 2. The MSE values of each subband (M = 8).

A
7G0(n) G,(n) Gyy_1(n) Gyn)
0 4 8 kHz

Figure 3. Frequency response of the proposed AFB.
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the proposed structure for SAEC can achieve faster conver-
gence rate than the fullband one. Moreover, the computa-
tional complexity of the proposed hybrid structure should
be lower than the subband SAEC system that employs two-
channel algorithms in all subbands.

The Analysis Filter Bank (AFB) with slightly overlapping
frequency responses, as depicted in Figure 3, is employed
for splitting the input signals in each channel, xi(n) for i =
1,2. Additionally, another AFB is needed for the micro-
phone signal in the receiving room, d(n). With the chosen
threshold level, the frequency responses of AFBs for low-
frequency (0 — 4 kHz) signals, G;(z), for i=0,1,....M -1,
are as depicted in Figure 3. Note that G,(z) is the prototype
filter of AFB and other filters are obtained via the fre-
quency-shifting method [12]. The decimation factor in the
first 4 subbands is D; = 2M where M = 4 subbands. The
frequency response Gy (z) for the signals with higher fre-
quencies than 4 kHz is a half-band highpass filter. In this
final subband, the decimation factor is D, = 2. The block
diagram of the proposed system is given in Figure 4.

COMPUTATIONAL COMPLEXITY ANALYSIS

In, this section,. the computational complexity in mono-
channel version of each algorithm, in terms of the number
of real multiplications per input sample (RMPs) and num-
ber of additions and subtractions, is given in Table 1 - 4.
The adaptive filter length is chosen to be L whereas N

denotes the length of the prototype filter of AFB. The di-
agonal matrix of the step-size parameter of F-NLMS is rep-
resented by M(k) and the block size of F-NLMS is N=2L.
Note that, in this paper, the two-channel Fast Least Squares
(FLS2) [4] is used for the implementation of the hybrid
structure in [10].

EXPERIMENTAL RESULTS

Speech signals, sampled at 16 kHz, were normalized to
have zero mean and unity variance, as depicted in Figure 5,



and used as the input signals x;(n) and x,(n) of the stereo

teleconferencing system. The acoustic echo signals due to
AEPs in the receiving room that were assumed to be time-
invariant, were obtained as the convolution sum between
the input signals and the L-tap impulse responses h;(n) and
hy(n). The 30 dB SNR of background noise, that was as-
sumed to be of zero-mean and uncorrelated with both input
signals, was added to the microphone signal in the receiving
room. The length of adaptive filter was chosen to be L =
2048 for both AEC and SAEC parts. Note that, the adaptive
filter length in each of the first 4 subbands and the final
subband was equal to D; and D, respectively, where
N,, =64.

For comparison, the performance of adaptive filters
was evaluated in terms of Echo Return Loss Enhancement
(ERLE), given by

i=0 i=0

Nl NV
ERLE(n) =10 x log Zdz(ni)/Zez(n~i)] (1)

First, the performance of the SAEC system with fullband
structure employing FAP2 with p = 2 and FLS2 are investi-
gated. It is shown in Figure 6 that FAP2 obtains superior
performance than FLS2, both in terms of faster convergence
rate and lower computational complexity. (see Table 5).

The proposed hybrid structure is subsequently investigated,
when f; = 16 kHz. The hybrid structure in [10] employs
FLS2 in the first subband (0 — 1 kHz) and the mono-channel
NLMS in the other subbands (1 — 8 kHz). The MSE value
in each subband is calculated and compared with the
threshold level of 30 dB. By employing FAP2 in the first
subband of the proposed structure, it is found that all MSE
values in the first 4 subbands are greater than the selected
threshold. Hence, FAP2 is employed in the first 4 subbands.
For this case, the overall system obtains much faster con-
vergence rate than the conventional SAEC system, employ-
ing fullband NLMS2, as demonstrated in Figure 7. The
computational complexity is, however, greater than the
conventional system. As compared to the hybrid structure in
[10], similar performance in terms of convergence rate can
be obtained, but the proposed technique gives larger com-
plexity. Therefore, as a compromise between complexity
and convergence speed performance of the system, FAP2 is
only employed in the first subband whereas the two-channel
F-NLMS (F-NLMS2) algorithm is used in the other sub-
bands that MSE criterion is met, despite its inferior conver-
gence rate. The ERLE performance is similar to that in
[10], and is faster than the conventional system employing
NLMS2, as shown in Figure 8. The computational com-
plexity of the proposed structure in this case is the lowest
among other investigated technique. The computational
complexity of each algorithm for all cases is given in Table
5, when 1 division is equivalent to 16 RMPs [8], and
Inv(M,,,) equals to 22 RMPs and 1 addition.

Table 1. Fast Least Squares (FLS)
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adaptive filter: w(n), forward prediction:
A(n), backward prediction: B(n), data
vector: X(n), adaptation gain: G(n),
prediction error energy: E,(n), forgetting

available at time: n

factor: W
Ny m— input signal: x(n+1), reference signal:
d(n+1)
Adaptation Gain Updating: x [+ +/-
e,(n+ D) =x(n+1) - AT @)X(n) L L
A(n+1)=An)+G(n)e,(n+1)/a(n) L+1div L
E,(n+1) = (B, (n) + e, (n+ e, (n+1)/ a(n))W 2+1div 1
0 e,(n+1) 1 [ M(n+1) .
Gl(’H-l):{G(n)]*Ea(n+1){—A(n+l}7{m(n+l)} L+1+1div L+1
ep(n+1)=x(n+1-L)-BT (m)X(n+1) L L
Gn+1)=M(n+1)+mn+1)B(n) L L
a(n+1)=a(m)+e,(n+1e,(n+1)/E, (n+1) 1+1div 1
an+l)=o(n+1)—m(n+1)e,(n+1) 1 1
Ep(n+1) = (By (1) + ¢, (n + ey (n+ 1)/ a(n+1))W 2+1div 1
B(n+1) = B(n)+G(n+1e,(n+1)/a(n+1) L+1div L
Adaptive Filter:
en+l)=d(n+1)-wT (mXn+1) L L
wn+1)=wn)+G(n+1e(n+1) L L+1
Table 2. Normalized Least Mean Square (NLMS)
Adaptive Filter : x/+ +/-
e(n)=d(n)—w " (n)x(n) L L
W+ 1) = W) 4 — o x (m)e(n) L+3+1div  L+3
&+ ||X(n)
Table 3. Fast Affine Projection (FAP)
Adaptive Filter : X[+ +/-
e(n) =d(n) = X" m)w(n) pL pL
1 2 2
$m) = XT (n)X(n)+5I.|> e(ny P EADTIVM) o pTL
a “
w(n+1) = w(n)+ 5+HX<n>H2 X(n)g(n) pL+1 pL
Table 4. Fast Normalized Least Mean Square (F-NLMS)
Adaptive Filter : x [+ +/-
FFT/IFFT 5Nlog, N 5(N-1)
E(k) =D(k) - W(k)X(k) 4N N
M(k) H .
Wk +1) = W(k) + ———— X" (0)E(k)
o+ [X00P N(12+1div) N
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Figure 5. Speech input signals.
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CONCLUSIONS

A hybrid structure between FAP2 and F-NLMS algorithms,
based on subband processing, has been proposed for SAEC.
Simulation results based on speech signals indicate im-
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proved performance of the proposed technique in terms
of convergence rate and computational complexity reduc-
tion, as compared to the fullband structure. Without any
signal decorrelation technique, the stereo perception of the
loudspeaker signals in the receiving room is not degraded.

Table 5. Computational complexity of each algorithm

Adaptive Filter Algorithm : x/+ +/—-

a. Fullband FLS2 36904 | 36867
b. Fullband FAP2 (p =2) 32822 | 32768
c. Fullband NLMS?2 8230 8198
d. [10] : FLS2 (0 — 1 kHz) + NLMS (1 — 8 kHz) | 8551 8452
e. Proposed: FAP2 (p =2) (0 — 4 kHz) +

FNLMS (4 - 8 kHz) 18054 | 17658
f. Proposed: FAP2 (p =2) (0 -1 kHz) +

F-NLMS2 (1 — 4 kHz) + F-NLMS (4 — 8 kHz) 6518 S454
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Abstract

This paper proposes an adaptive filtering algo-
rithm for Stereophonic Acoustic Echo Cancellation
(SAEC) in order to obtain computational complexity re-
duction and convergence rate improvement. The hybrid
mono/stereo structure between Fast Affine Projection
(FAP) and Frequency-domain Normalized Least Mean
Square (F-NLMS) algorithms is introduced, based on
subband processing. Simulation results on recorded
speech signals suggest that convergence rate can be im-
proved at low computational complexity.
Keywords: stereophonic acoustic echo cancellation,
subband filtering, fast affine projection

1. General Information

Most of adaptive filtering algorithms for Stereo-
phonic Acoustic Echo Cancellation (SAEC) systems are
processing in time domain, such as the two-channel Least
Mean Square (LMS2), two-channel Recursive Least
Squares (RLS2) algorithms [1] — [3], etc. The tradeoff
between convergence rate and computational complexity
between LMS2 and RLS2 is achieved through a number
of fast versions of RLS-type (FRLS) algorithms [4] — [6].
These algorithms, however, encounter the instability prob-
lem. Subband and frequency-domain implementations [7]
— [9] are alternative approaches for system complexity
reduction. Via the use of the decimation process, the sam-
pling rate in each frequency band can be reduced. The
number of adaptive filter taps in each subband is D times
smaller than the fullband ones when D represents a deci-
mation factor. Thus, lower computational complexity than
the conventional SAEC systems can be achieved. In con-
trast to the fullband system, the eigenvalue spread of the
autocorrelation input matrix, R, in each subband can be
reduced by processing the input signal into M subbands.
Hence, faster convergence rate can potentially be ob-
tained. In addition, block-based adaptation of the- fre-
quency-approach usually employs fast Fourier Transform
(FFT) algorithm for computational efficiency.

A hybrid structure employing subband and fre-
quency-domain processing is proposed in this paper. The
proposed technique is based on the investigation of the
hybrid mono/stereo structure in [10] for further improve-
ment on the performance of the SAEC system, in terms of
convergence rate, while keeping the computational com-
plexity lower than the conventional fullband approach.
For fast convergence speed, the proposed technique em-
ploys the two-channel version of the Fast Affine Projec-
tion (FAP2) algorithm [11]. In high-frequency regions, the

frequency-domain version of mono-channel Normalized
Least Mean Square (F-NLMS) algorithm is chosen for
lowering the computational complexity of the SAEC sys-
tem, as compared to the conventional one. The Mean
Square Error (MSE) in each subband is used as a criterion
for algorithm selection between FAP2 and F-NLMS.

2. The Hybrid Structure for SAEC System

2.1 Hybrid Mono/Stereo AEC in [10]

Based on the psychoacoustical principle that ste-
reo effect is due mostly to sound energy below about 1
kHz, two AEC systems are differently applied to low-
frequency and high-frequency signals. The FRLS2 algo-
rithm [5] is employed in the low-frequency subbands
(100-900 Hz) in order to obtain fast convergence rate,
when the sampling frequency (f;) is 16 kHz. In addition, a
decimation factor, D, is applied to each channel for further
complexity reduction of the SAEC system. The sum of the
stereo signals is highpass filtered (900-8000 Hz) to obtain
mono-channel signal since little amount of speech signal
energy is contained in the high-frequency region. The
mono-channel NLMS algorithm is employed for complex-
ity reduction, as compared to the conventional SAEC sys-
tem that normally employs two-channel algorithms. Note
that, the non-linear transformation (NL) is included in
each channel in order to decorrelate partially the low-
frequency stereo signals [10].

2.2 The Proposed Hybrid Structure for SAEC

By considering at the magnitude response of one
channel of stereo speech signals with f; = 16 kHz, as
shown in Fig. 1, its significant energy is contained in fre-
quencies below 2 kHz, and gradually decreases when the
frequency reaches beyond 4 kHz. According to speech
energy in each subband, adaptive filtering algorithms can
be chosen to-be employed in each subband differently.
Algorithms with fast convergence rate should be applied
to the particular subbands which contain the most signifi-
cant amount of spectral density of speech inputs. On the
other hand, algorithms with slow convergence rate, but
with lower computational complexity, can be employed to
those subbands with less spectral density of speech signal
in order to reduce the computational complexity of the
overall system.

The criterion for selection of fast or slow con-
vergence rate adaptive filtering algorithms to be processed
in each subband is suggested in this paper to be the aver-
age version of the MSE in each subband. For example,
with the choice of M = 8 number of subbands, the MSE



plots for each subbands are illustrated in Fig. 2, when all
subbands employ the two-channel NLMS (NLMS2) algo-
rithm. It can be seen that, the MSE levels in band 0 up to
band 3 are higher than those in band 4 to band 7. The
threshold level of MSE criterion is chosen to be equal to -
30 dB, whose magnitude is the output Signal-to-Noise
Ratio (SNR) level of the added background noise at
‘Mic1’ in all simulations. For this particular case, the first
4 subbands will employ adaptive algorithms with fast con-
vergence rate since the MSE values are greater than the
selected threshold level. On the other hand, the adaptive
algorithms with slower convergence rate but with lower
complexity than the one chosen for the low-frequency
subbands are operated in the last 4 bands.

In the proposed hybrid structure, the algorithm
with fast convergence rate is chosen to be the two-channel
version of the Fast Affine Projection (FAP2) [11]. The
faster speed of convergence of FAP2 can be obtained by
increasing the projection order, p. However, very high
projection order results in large computational complexity
of the SAEC system. For the low complexity adaptive
algorithm employed in the high-frequency region, the
mono-channel version of frequency-domain Normalized
Least Mean Square (F-NLMS) algorithm is suggested,
instead of the mono-channel NLMS algorithm as chosen
in the hybrid structure in [10]. Hence, the proposed struc-
ture for SAEC can achieve faster convergence rate than
the fullband one. Moreover, the computational complexity
of the proposed hybrid structure should be lower than the
subband SAEC system that employs two-channel algo-
rithms in all subbands.

Magnitude (dB)

|
k
| I
E L L
0 1000 2000 3000 4000 5000 6000 7000 8000
Frequency (Hz)

Fig. 1: Frequency response of a speech signal x, (n)
(sampling frequency is f; = 16 kHz).
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Fig. 2: The MSE values of each subband (M = 8).
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Fig. 3: Frequency response of the proposed AFB.
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The Analysis Filter Bank (AFB) with slightly
overlapping frequency responses, as depicted in Fig. 3, is
employed for splitting the input signals in each channel,
xi(n) for i = 1,2. Additionally, another AFB is needed for
the microphone signal in the receiving room, d(n). With
the chosen threshold level, the frequency responses of
AFBs for low-frequency (0 — 4 kHz) signals, G;(z) , for

i=01..M
G (z)1is the prototype filter of AFB and other filters are

—1, are as depicted in Fig. 3. Note that

obtained via the frequency-shifting method [12]. The deci-
mation factor is D; = 2M where M = 4 subbands. The fre-
quency response Gy (z) for the signals with higher fre-
quencies than 4 kHz is a half-band highpass filter. In this
final subband, the decimation factor is D, = 2. The block
diagram of the proposed system is given in Fig. 4.

3. Computational Complexity Analysis

In this section, the computational complexity in
mono-channel version of each algorithm, in terms of the
number of real multiplications per input sample (RMPs)
and number of additions and subtractions, is given in the
Table 1 - 4. The adaptive filter length is chosen to be L
whereas Ny denotes the length of the prototype filter of

AFB. The diagonal matrix of the step-size parameter of F-
NLMS is represented by M(k) and the block size of F-
NLMS is N=2L. Note that, in this paper, the two-
channel Fast Least Squares (FLS2) [4] is used for the im-
plementation of the hybrid structure in [10].

4. Experimental Results

Speech signals, sampled at 16 kHz, were normal-
ized to have zero mean and unity variance, as depicted in
Fig. 5, and used as the input signals x,(n) and x,(n) of

the stereo teleconferencing system. The acoustic echo
signals due to AEPs in the receiving room that were as-
sumed to be time-invariant, were obtained as the convolu-
tion sum between the input signals and the L-tap impulse
responses h;(n) and h,(n). The 30 dB SNR of background
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Fig. 5: Speech input signals.

noise, that was assumed to be of zero-mean and uncorre-
lated with both input signals, was added to the micro-
phone signal in the receiving room. The length of adaptive
filter was chosen to be L = 2048 for both AEC and SAEC
parts. Note that, the adaptive filter length in each of the
first 4 subbands and the final subband was equal to D; and
D, respectively, where N, =64.

For comparison, the performance of adaptive fil-
ters was evaluated in terms of Echo Return Loss En-
hancement (ERLE), given by

NJ NJ
ERLE(n) =10 xlog o Zdz(n—i)/Zez(n—i) (1)

i=0 i=0

The proposed hybrid structure is subsequently
investigated, when f; = 16 kHz. The hybrid structure in
[10] employs FLS2 in the first subband (0 — 1 kHz) and
the mono-channel NLMS in the other subbands (1 — 8
kHz). The MSE value in each subband is calculated and
compared with the threshold level of 30 dB. By employing
FAP2 in the first subband of the proposed structure, it is
found that all MSE values in the first 4 subbands are
greater than the selected threshold. Hence, FAP2 is em-
ployed in the first 4 subbands. For this case, the overall
system obtains much faster convergence rate than the
conventional SAEC system, employing fullband NLMS2,
as demonstrated in Fig. 6. The computational complexity
is, however, greater than the conventional system. As
compared to the hybrid structure in [10], similar perform-
ance in terms of convergence rate can be obtained, but the
proposed technique gives larger complexity. Therefore, as
a compromise between complexity and convergence speed
performance of the system, FAP2 is only employed in the
first subband whereas the two-channel F-NLMS (F-
NLMS?2) algorithm is used in the other subbands that
MSE criterion is met, despite its inferior convergence rate.
The ERLE performance is similar to that in [10], and is
faster than the conventional system employing NLMS2,
as shown in Fig. 7. The computational complexity of the
proposed structure in this case is the lowest among other
investigated technique. The computational complexity of
each algorithm for all cases is given in Table 5, when 1
division is equivalent to 16 RMPs [8], and
Inv(M,,,) equals to 22 RMPs and 1 addition.
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Table 1: Fast Least Squares (FLS)

adaptive filter: w(n), forward predic-
tion: A(n), backward prediction: B(n),
data vector: X(n), adaptation gain:
G(n), prediction error energy: E,(n),
forgetting factor: W

input signal: x(n+1), reference signal:

available at time: n

new data at time:

n+1 d(n+1)

Adaptation Gain Updating: x/+ +/-
e,(n+D)=x(n+1)— AT m)X(n) L L
A(n+1)=A(n)+G(n)e,(n+1)/ a(n) L+1div L
Ey(n+1) = (B, (1) + e, (n+ Dey (n+ 1)/ a(n))W 2+1div 1
g -2l 0 P L L
ep(n+)=x(n+1-L)—BT m)X(n+1) L L
G(n+1D)=M(n+1)+mn+1)B(n) L L
ay(n+1)=an)+e,(n+e,(n+1)/E (n+1) 1+1div 1
an+l)=a(n+1)—m(n+1e,(n+1) 1 1
Ep(n+1) = (Ey (1) + e, (n+ Dey, (n + 1)/ a(n +1))W 2+1div 1
B(n+1) = Bn) + G(n + e, (n+ 1)/ a(n+1) L+1div L

Adaptive Filter:
e+ =dn+D)—wT (mXn+1) L L
wn+1)=w(n)+Gn+e(n+1) L L+1
Table 2: Normalized Least Mean Square (NLMS)
Adaptive Filter : X[+ -
e(n) =d(m=w" (Wx(n) L L

L x(n)e(n)

w(n+1)=w(n)+ 5
s+‘x(n)‘

LA3+1div  L+3

Table 3: Fast Affine Projection (FAP)
Adaptive Filter : x [+ fe

e(n) =dn) - X' (mw(n) pL pL

¢(n):XT(n)X(n)+61re(n) PL+D+IvM,,)  pL

w(n+1)=w(n) +% X(n)g(n)

o+ [x)| pL+1 pL

Table 4: Fast Normalized Least Mean Square (F-NLMS)

Adaptive Filter : X[+ f
FFT/IFFT 5Nlog, N S(N-D
E(k) =D(k) = W(k)X(k) 4N N

_ M(k) H .
Wk +1) = W(k)+ = HX(k)H2 X" (k)E(k) N(12 + ldlv) N

Table 5: Computational Complexity of each algorithm

Adaptive Filter Algorithm : x/+ +/-

a. Fullband FL.S2 36904 | 36867
b. Fullband FAP2 (p = 2) 32822 | 32768
c. Fullband NLMS?2 8230 8198
d. [10] : FLS2 (0 — 1 kHz) + NLMS (1 -8 kHz) | 8551 8452
e. Proposed: FAP2 (p =2) (0 -4 kHz) +

F-NLMS (4 - 8 kHz) 18054 | 17658
f. Proposed: FAP2 (p =2) (01 kHz) +

F-NLMS2 (1 — 4 kHz) + F-NLMS (4 — 8 kHz) 6518 | 5454
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SAEC (NLMS2: =0.3)

5. Conclusions

A hybrid structure between FAP2 and F-NLMS algo-
rithms, based on subband processing, has been proposed
for SAEC. Simulation results based on speech signals
indicate improved performance of the proposed technique
in terms of convergence rate and computational complex-
ity reduction, as compared to the fullband structure. With-
out any signal decorrelation technique, the stereo percep-
tion of the loudspeaker signals in the receiving room is not
degraded.
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Abstract—An adaptive filtering approach is proposed in this
paper for Stereophonic Acoustic Echo Cancellation (SAEC) in
order to obtain convergence rate improvement and
computational complexity reduction. The hybrid mono/stereo
structure between Fast Affine Projection (FAP) and Frequency-
domain Normalized Least Mean Square (F-NLMS) algorithms is
introduced, based on subband adaptive filtering. Simulation
results on speech signals suggest that enhanced performance in
terms of rate of convergence can be achieved at low
computational cost.

L INTRODUCTION

In two-channel voice communication systems, such as
stereo teleconferencing systems, which provide better
localization of talkers to audiences in the receiving room than
the mono-channel systems, Stereophonic Acoustic Echo
Cancellation (SAEC) is generally needed. In an SAEC system,
as illustrated in Figure 1., four Finite Impulse Response (FIR)
adaptive filters are normally employed to identify four
impulse responses of unknown acoustic echo paths (AEPs)
[1]. In this paper, the elimination of acoustic echo due to two
AEPs between a pair of loudspeakers and one microphone
(Mic1) in the receiving room are considered.

Having the highly correlated input signals, such-as speech
signals, the SAEC system usually obtains slow convergence
rate, especially when employing the two-channel Least Mean
Square (LMS2) algorithm. This is due to the fact that the
LMS?2 algorithm is sensitive to the condition number of the
autocorrelation input matrix, R [2]. Although the two-channel
Recursive Least Squares (RLS2) algorithm is well-known to
obtain very fast initial convergence rate in a stationary and
low-noise environment, due to,its convergence rate being
essentially independent of the condition number of R, its high
computational complexity is, however, unsuitable for low-cost
and real- time implementation [3]. Several fast versions of
RLS-type algorithms have been proposed with lower
complexity than RLS2 [4] — [6]. However, most of these
algorithms might encounter the instability and slow
convergence rate. Alternatively, an approach to reduce the
computational complexity of the SAEC system is via the use
of subband adaptive filtering [7], [8]. Due to the parallel
processing of the input signals into small frequency subbands
together with the decimation process, tap weights of adaptive

Nisachon Tangsangiumvisai
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Chulalongkorn University
Bangkok, Thailand
Nisachon.T @chula.ac.th
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Figure 1. A diagram for Stereophonic Acoustic Echo Cancellation.

d(n)

filters in each subband can be reduced, thus complexity
reduction is obtained. Moreover, by dividing the input signals
into small subbands, the eigenvalue spread of R in each
subband can be reduced, as compared to that of the fullband
signals. Hence, faster convergence rate of the subband SAEC
system than the conventional one is possible. Similarly,
frequency-domain adaptive filtering, based on block
processing, also offers complexity reduction, as compared to
time-domain implementation. This is due to the Fast Fourier
Transform (FFT) algorithm being normally employed for
computational efficiency [9].

Unlike the Acoustic Echo Cancellation (AEC), strong
correlation between the transmitted stereo signals within the
SAEC system, however, prevents the two adaptive filters from
identifying the two AEPs in the receiving room uniquely and
correctly. Several techniques have been proposed to partially
decorrelate the stereo signals so that the misalignment of the
adaptive filters can be reduced. However, the distortion of
stereo perception is another severe concern to degrade the
quality -of ‘stereo signals. One example of the stereo
decorrelation techniques is non-linear(NL)transformation [10].

Based on the observation that the stereo effect is due
mostly to speech energy below about 1 kHz, the hybrid
mono/stereo structure for SAEC is proposed in [11] to
improve the performance of SAEC system, with lower
computational complexity than the fullband system. From the
advantages of the Fast Affine Projection (FAP) algorithm [12]
that convergence rate can be improved by increasing the
projection order, it is therefore proposed in this paper another
hybrid structure for SAEC, based on subband adaptive



filtering. The low-frequency speech signals employ the two-
channel FAP (FAP2) algorithm for fast rate of convergence. In
higher frequency-region, many combinations of AEC and
SAEC employing the frequency-domain Normalized Least
Mean Square (F-NLMS) algorithms are investigated in order
to obtain the best performance in terms of convergence rate,
with the compromise of low complexity. Without any signal
decorrelation technique, our proposed structure yields better
performance in terms of convergence rate than the hybrid
structure in [11]. Thus, the stereo perception of the received
signals in the receiving room is not degraded.

This paper is organized as follows. Section II described the
proposed structure for SAEC system, as compared to the
hybrid mono/stereo one in [11]. Details of computational
complexities of each algorithm involved in this paper are given
in Section III, followed by simulation results in Section IV.
Finally, the conclusions are given in Section V.

II.  THE PROPOSED SAEC SYSTEM

First, the hybrid mono/stereo AEC [11] is summarized in
section A. The proposed structure for SAEC is then presented
in section B.

A. Hybrid mono/stereo AEC in [11]

Due to the existence of most of the energy in speech
signals at frequencies below 1 kHz, two AEC systems are
differently applied to low-frequency and high-frequency
signals. With the sampling frequency (f;) of 16 kHz, the stereo
signals are lowpass filtered (100-900 Hz) and a fullband
SAEC system is employed. The adaptive filtering algorithm
chosen for the SAEC part is one of the fast versions of two-
channel RLS (FRLS2) [5] in order to obtain fast convergence
rate and hence, the acoustic echo signal can be eliminated
efficiently. In addition, a decimation factor, D, is applied to
each channel of the stereo signals for further complexity
reduction of the SAEC system.
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Figure 2. Hybrid Mono/Stereo AEC in [11]

For the high-frequency stereo signals, which contain less
speech energy than the low-frequency ones, the mono-channel
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signal is obtained from the highpass filtered (900-8000 Hz) of
the sum of both stereo signals. The Normalized LMS (NLMS)
algorithm is employed as the conventional AEC part to
decrease the complexity of the overall system. The block
diagram of the hybrid mono/stereo AEC system is shown in
Figure 2. Note that, the NL transformation is added to stereo
signals in each low-frequency channel for stereo signal
decorrelation.

B.  The proposed hybrid structure for SAEC

In this section, the main features of the proposed hybrid
structure for SAEC are described. By considering at the
magnitude response of a speech signal of f; = 16 kHz in
Figure3., it can be seen that its significant energy is contained
in the low frequencies below 1 kHz, and gradually decreases
to 0 dB when the frequency reaches around 4 kHz . Hence, by
dividing the input signals into small frequency subbands and
processing each subband differently, e.g. using different
adaptive filtering algorithms, the convergence rate can be
improved while reducing the complexity of the overall system.
Hence, three analysis filter banks (AFB) are required; two
AFBs for the input signals in each channel, x;(n) for i = 1,2,
and one AFB for the microphone signal in the receiving room,
d(n). The AFBs for low-frequency (0 — 4 kHz) signals have
their frequency response G;(z) , for i =0,1,...,M —1, where M
is the number of subbands, as depicted in Figure 4. Note
that G, (z)is the prototype filter of AFB and other filters are

obtained via the frequency-shifting method [13]. The final
subband, which contains the signals in frequencies higher than
4 kHz, is obtained using a half-band highpass filter with
frequency response G (z) . In order to fit the most significant

part of spectral density of speech input signal into the first
subband, the low-frequency signals are divided into M = 4
subbands. Thus, band 0, band 1, ..., band 4 are sometimes
used to refer to these subbands. Since, band 1 (1 — 2 kHz) still
contains significant energy of speech signals, less number of
subbands, e.g. M = 2, is also investigated in Section IV to see
if the performance of the SAEC system can be further
obtained.

Magnitude (dB)

Frequency (Hz)

Figure 3. Frequency response of a speech signal x; (1) ( f = 16 kHz).

A
1VGU(}'L) G,(n) Gy (n) GH(n)
0 4{1 Frequency x 1C*Hz 8 >

Figure 4. Frequency response of the proposed AFB.
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TABLEI
FAST LEAST SQUARES (FLS)

adaptive filter: w(n), forward prediction:

r
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! (2.} sl g factor: W
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Figure 5. The proposed hybrid structure for SAEC e,(ntD=x(n+1-L)-B (m)X(n+1) L L
Gl = s Mo e 0B Ll +ldiv L]
The adaptive filtering algorithm with very fast ~
convergence rate is suggested to be employed for frequency B +D=B+G@ + e, (n + 1 L L
subbands with high-dense speech spectral content. Thus, the Adaptive Filter:
two-channel FAP (FAP2) algorithm is employed in band 0. e+ =dn+1)—w'(mXn+1) L L
The faster speed of convergence of FAP2 can be obtained by
increasing the projection order, p. However, the higher the w(n+ D) =w(n)+ G +De(n+1) L L+1
order p, the more computational complexity of the SAEC
system. As a compromise between complexity and TABLEII
convergence speed performance of the system, those M-1 Normalized Least Mean Square (NLMS)
subbands below 4 kHz employ the two-channel F-NLMS (F- - :
NLMS?2) algorithm. This is due to the fact that F-NLMS?2 has Adaptive Filter : x/+ +/=
lower computational complexity than that of FAP2 despite its e(n) = d(n)—wr(n)x(n) L L
inferior convergence rate. The decimation factor in the first M
subbands is D, = 2M. w(n+1)=w(n)+ S x(n)e(n) L+3+1div ~ I+3

The stereo signals in the final subband of frequencies
higher than 4 kHz are combined together since they contain
negligible amount of speech spectra. The mono-channel F-
NLMS algorithm is employed in this subband. This yields
further complexity reduction of the overall system. In this final
subband, the decimation factor is D, = 2. The block diagram of
the proposed system is given in Figure 5.

III.  ADAPTIVE FILTER ALGORITHMS AND COMPUTATIONAL
COMPLEXITIES

In this section, the computational complexity of each
algorithm in mono-channel version, in terms of the number of
real multiplications per input sample (RMPs) and number of
additions and subtractions, is given in the following tables.
The adaptive filter length 'is chosen to.be L whereas N

denotes the length of prototype filter of AFB. The diagonal
matrix of the step-size of F-NLMS is represented by M(k) and
the block size of the F-NLMS algorithm equals to N=2L.
Note that, in this paper, the two-channel Fast Least Squares
(FLS2) [4] is used for the implementation of the hybrid
structure in [11] instead of FRLS2.

e +xel

TABLE III
Fast Affine Projection (FAP)
Adaptive Filter : X[+ e
e(n) =d(n) - XT(m)w(n) pL pL

PL+D+InvM,,) sz

p() = [XT (X (n) + 51 e(n)

u
———— X(n)¢(n)
e+ Xl

w(n+1) =w(n)+ pL+1 pL

TABLE IV
Fast Normalized Least Mean Square (F-NLMS)
Adaptive Filter : x [+ e
FFT/IFFT 5Nlog, N S5(N-1)
E(k) =D(k) - W(k)X(k) 4N N
Wk +1) = Wik +—®)__ N(12+1div)

- X" (k)E(k) N

e+|X @)



IV. EXPERIMENTAL RESULTS

Speech signals, sampled at 16 kHz, were normalized to
have zero mean and unity variance, and used as the input
signals x;(n) and x,(n) of the stereo teleconferencing
system, as depicted in Figure 6. The acoustic echo signals due
to AEPs hi(n) and h,(n) in the receiving room that were
assumed to be time-invariant, was obtained as the convolution
sum between the input signals and the L-tap h;(n) and h,(n).
The background noise that was assumed to be of zero-mean
and uncorrelated with x;(n) and x,(n) was added to the

microphone signal in the receiving room, d(n) , with the
output Signal-to-Noise Ratio (SNR) of 30 dB. The length of
adaptive filter was chosen to be L = 2048 for both AEC and
SAEC parts. Note that, the adaptive filter length in the first M
subbands and the final subband was equal to L/D; and L/D,
respectively, where N =64.

Magnitude x,(n)

Magitude x,(n)

Sample Numbers

Figure 6. Speech Input Signals.

For comparison, the performance of adaptive filters was
evaluated in terms of Echo Return Loss Enhancement (ERLE),
given by

i=0 i=0

ERLE(n) —IOIOgm[Zd (n—i) Ze (n—t)} 0

where Nj was a small block to calculate the average.

First, by considering at the fullband structure of SAEC, it
was found that FAP2 with p = 2, obtained faster convergence
rate than FLS2, as shown in Figure 7. Moreover, 'the
computational complexity of FAP2 was less than that of FLS2
(see Table V).

Then, for all cases-of the proposed technique, F-NLMS was
employed for the AEC. part in the final subband. Due to the
existence of speech energy in the interval of 1 — 3 kHz, i.e. band
1 to band 3, three cases were observed for different
combinations of AEC and SAEC employing F-NLMS and F-
NLMS?2, respectively. Case I, M = 4 and the decimation factor
was D; = 8, FAP2 with p = 2 was employed in band 0 while F-
NLMS2 was employed in each subband from band 1 to band 3.
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Case II, M = 2 and D, = 4, band 0 employed FAP2 and band 1
employed F-NLMS2. Case III was similar to Case II apart from
that the projection order was increased to be p = 3. These cases
were compared with the hybrid structure in [11] with D=8,
where FLS2 was employed in band 0, and the mono-channel
NLMS was used in the high-frequency band (1 — 8 kHz). (see
Table V:c) Moreover, the hybrid structure with larger low-
frequency region was investigated when D=4. (see Table V:d)

For Case I, the proposed structure yields faster
convergence rate than the hybrid one in [11], as shown in
Figure 8. In addition, the computational complexity of the
proposed method is lower than that in [11]. (see Table V:c and
V:e) Again, for Case II, improvement in terms of convergence
rate and computational complexity of the proposed structure is
obtained, as compared to that in [11]. (Table V:d and V:f). This
is illustrated in Figure 9. In addition, the convergence
performance of Case II is better than Case I due to the use of
FAP2 in longer duration (0 - 2 kHz) than in Case I (0 - 1 kHz).
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Case III demonstrates that the speed of convergence of the
proposed structure can be further improved by increasing the
projection order of FAP2. This, however, results in higher
computational complexity than the p =2 case, as shown in
Table V:g. The computational complexity of each algorithm
for all cases is given in Table V, when 1 division is equivalent
to 16 RMPs [11], Inv(M,,,) equals to 22 RMPs and 1

addition, and Inv(M;,;) equals to 55 RMPs and 14 additions.

V. CONCLUSIONS

A hybrid structure between FAP2 and F-NLMS algorithms
has been proposed in this paper for SAEC. By employing the
subband structure of the SAEC system, computational
complexity can be reduced, as compared to the fullband
structure. A suitable choice of projection order for FAP2 is
necessary to obtain convergence rate improvement while
keeping the computational complexity low, as compared to that
in [11]. Simulation results based on speech signals indicate
improved performance of the proposed technique in terms of
convergence rate via ERLE, as compared to that of the hybrid
structure in [11]. Moreover, the computational complexity of
the proposed structure is less than that in [11].
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TABLE V
Computational Complexity of each Algorithm

Adaptive Filter Algorithm : X[+ +/-
a. Fullband FL.S2 36904 | 36867
b. Fullband FAP2 (p =2) 32822 | 32768

c.[111:FLS2 (0— 1 kHz) + NLMS (1 -8 kHz) | 9275 | 9221

d. [11]: FLS2 (0 - 2 kHz) + NLMS (2 - 8 kHz) 13883 | 13829
e. CaseI: FAP2 (p =2) + F-NLMS2 (M =4) +
F-NLMS (4 - 8 kHz) 6518 | 5454
f. Case Il : FAP2 (p =2) + F-NLMS2 (M =2) +
F-NLMS (4 — 8 kHz) 9316 | 8976
g. Case Il : FAP2 (p = 3) + F-NLMS2 (M =2) 16760 | 16158

+ F-NLMS (4 - 8 kHz)
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