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Fig.1 Configuration of an acoustic echo canceller.

2, BEWxa—F4 v&5OHK

2. 1 FEWxa—F+vt50HK
ERxo—FrveS5OMRERICRT, UTFT
RTOEMEY YT VERBAL, 4y 7 ABEMEET
OBHEKECBTIMBEL 1 (K)eXKS. HE¥x -
FrresiR. REANGBSX K ERFANEEST
Fxo-ERENMLEAEIAZESYy (KEh S, BE
T -BREOA YLV AGEhR(K)ZHEEL, EE&H
Ay 2ABBERNEZFANGEX Kb SiEE
EoR2AAEEF(NEERL. HOEDHABESyY (k)
POELIECNENETEODOTH B, RE- A,
v47axy, ERIOUGZEE BRI, AOD
BHeRAMOREICL - THIT BB, FIR7Z «
vy RBIGEobodfEbh, BIETALTY XAt
EBEEME - Bl - EREBERE A 3,

2. 2 xo-—HER
FEzo—+rve50HEERIBELT -
iHZE=® (ERLE; Echo Return Loss Enhancement)
ZRHW3,

y(k)o®BH
ed(k)DBAH
CCTes(k)Re(K)DPSEIIRFRIRSvVNER WA
HTH3, EVRABETy () EMFv(k) & omFHH
ERETHE, FEEEE SV EHVALBEsoEE
— %8R (ERLEx) . EYABESy ()icmb
BHEVIREI-TEFLIY, RADLS5icEdba
N 3.

ERLEw=S—N+10logie(2  a—1) (dB)

S.N: 23—y (BLUMEv (KDL~
RF 9 THFA Y (RASE, 01<a<?)

ERLE=10 log 18 (dB)

a

3. AV NZAREOEHLEBHTLITY X A
3. 1 AvsrzZ2REZ0XEH

ZFHEHOA Y LVABRERBRAREHCIVEY
TAHEEEALLNEN, CITHREBEOAD, 22—

-2 A 7 EHSEALABEE 2 VWTEL 2, SBE
(BREEER (500Hz) 160ms)icARE—H Ew4 2 0%
£2BBEL., TOEREZATCHELLZoDDOAL v
ZABEIR(RE—H =42 0.6m), ] R2(RE—3
242 ImMEhnSs5DE(IR2—IR1)EE2 (a)

i, Fh, AV ABEEZEAERSTEI LR E -
TV ¥-RBERFOEETHERHDTHRH'®'L
721 R1, I R2, IR2— I R1DTZAVF-_RHERHEE:
H2(biciRde H2h5FHBOA v L RIEE T Ry,
IRBEBHBAEL, Chood vy L2 GE0XEMHE
LEIOHhLMEDOE (I Re— I Ry) bELBLE
HETHEBET A LS 3, T, FHoOA
YANRABEh(NOEBHEZXRDO X S IR,

h(k+1) = h(k) + A £ (k) (1)
fof L
h(k) = (hi(k), ha(k),.., hu(k)) T
A = diag[ ai, az, =+ +,an]
aji=exp (—6.9 (1—1) Ts/Tr)
(1= 1 Zuee T)
K : BERLEE% Te:wr7 Y rIEAM
N : 2+ 7% Tr: BB
T i "7 PVOERE
£k = C(E4E); Eolk)ivse Enlk}) ¥
Fr(k), E2(k).... En(): FHO, S0 2D
AHEEH R
TPy Al (3=—1) Te=Taé& BB EHLT
20 log 12 (a;/ a1} = —60 (dB)

B LIcBALATVS,



& IR:
o Mo ra e sl )
% 0 "V' gt
SIS

: IR:— IR,

0 A"W"wwl Ty SIN)

N

0

t (ms) 31

(a)

Impulse response

Relative level (dB)

-60
0 t (ms) 3l
(b) Reverberent decay curve
H2 4y~ uzBEEx:VF—EBEER

IRy, I Ra: A4 YN ARE
Fig.2 Impulse response and reverberent decay
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Fig. 4 Convergence performance. a=1.0C=—-) and
a=0.56-—) in learning identification
algorithm. Step gain matrix with @nax =
1.0 and @nin=0.5¢( ) in proposed method.
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Fig. 6 Echo return loss enhancement
at steady state.
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