ERRYSIAT) 223 W65 pp. 425~433 (2003)

Modulated Lapped Transform €S0jA] &S
ZEES o3t ST U mir7iel 7
An Implementation of Acoustic Echo Canceller Using Adaptive Filtering in
Modulated Lapped Transform Domain
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&3 ¥ AA7] (Acoustic Echo Canceller: ABC)E €72 3jo] AAgioht 4k B2 Ze] §3} FojH BRez -
IS WIS AASH] A o8 o] BIE AAS7] H5) chUE 38 Y duaFZo] AU
LMS (Least Mean Square} YRS THE gl Zof vld) of9- ddi, wiaa 71ske] B2 88 Zokdfl A=z
Utk 22 IMS Y32|EE 34 22 U= 2 44 AT did S AA7)E] +8 £2§ AsAIA
AAAA S W AA Qg dojwaA ot ol§ RY37] 3o DCTY DFT 39 i HE HH L 0|83y
YA B0 FEdE A7 F LMS 2§ BEF 2252 I43he HE 99 S WFAA dneE Fol At
o}, & =RollAlE MLT (Modulated Lapped Transform) 2|2 H HE L ol 43 MLT F 9 3§ S9N A7 gnaid
& A}, A geEE 71E2 NN DCT, DFT, Hadamad 5] % 38 cfj4le] 28N 2719 MLT ¥ ¥ES
AL EA G4 Y duof o ATAEQ 4T Aste mE oY S5 YT 5 Yo 44 T W AA
Aol 451 1 H4ed N AFIHEE et A 943t AA 24 B o 43 2o UY A AE
MLT 99 &8 v AA Al2de 7189 DOT U@ 99 % W3 Aol v)3) of 20 o4ke] g A& 5ot of
20~30 dB J=°] ERLE (Echo Return Loss Enhacement) §44& ¥4& + A%t
g % W AlA, LMs ¢S, Y o IR A7, MLT, BlARA, S
SR8k S JeA3 Lo (L1, 1.2)
Acoustic Echo Canceller (AEC) is a signal processing system for removing unwanted echo signals in teleconference
and bands—free communication, Least mean square (LMS) algorithm is one of the adaptive echo cancellation algorithms
and it has been most attractive because of its simplicity and robustness, However, the convergence properties of the
LMS algorithm degrade with highly correlated input sigmals such as speech, For this reason, transform—domain adaptive
filtering algorithm was introduced to decorvelate the colored input samples by using the orthogonal {ransform matrix
such as DCT, DFT and then TMS adaptive filtering process is applied, In this paper, we propose a MLT domain adaptive
echo canceller base on the MLT (Modulated Lapped Transform) orthogonal transform mattix, The proposed algorithm
achieves high decorrelation efficiency and fast convergence speed via modulated lapped transform of size 2NXN instead
of NXN unitary transform such as DCT, DFT, Hadamad ang it is applied to the acoustical echo cancellation system,
From the computer simulation with both synthesis and real speech, the proposed MLT domain adaptive echo canceller
shows approximately twice faster convergence speed and 20~30 dB ERLE improvements over the DCT frequency domain
acoustic echo cancellation system,
Keywords.! Acoustic echo canceller, LMS algorithm, Transform domain acoustic echo canceiler, MLT, Decorrelation,
Convergence ratio
ASK subject classification: Acoustic signal processing (1.1, 1.3)
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Fig. 1. Acoustic echo canceliation system.
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Fig. 2. Structure of Transform domain acoustic echo canceller.

E 1. U8 gAY Y 9 A deiE
Tatle 1, Transform-Domain AEC algorithm.

Fmaw of rarsforth-aoman AEC aartm

$tep 1) Transform far—end talker's signal X, with transform matrix T of size NXN,
!

X, =Tx,
En = [x.rv xn-}’ Ty xn-NH ]T
X, =[X0), X,Q), -, X, ~N-D] M

Step 2) Filtering transformed far—end talker's signal %» by LMS coefficient .,
y=H, X,
H,=[h,©), b, () B (L-Df,  L=N @
S.ep 3 Generate the error signal €.,
e =d,~y, 3)

Siep 4) Update the energy of X. for power normalization,

¢l=Bgl (1 BX,
x, =20, 22, x2v of
ai=bonalw a2 of RO
| Stzp 5 Update the LMS coefficient H, # is step size,
H,0=H, +2uDye, X,
Dy = dfag(gi) (5)
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Table 2. Proposed ML.T domain AEC algorithm.

- Summary of MLT domain AEC

X,=M'x,
D, =Md,

I

N N 3N
x(n"'j),x(ﬂ’f? 1}, -, x(nn T+1)

Q,
]

N N
d,= dn+3)dirs B, din S

X, =lx,©, x,0,~ X~ nf
D, =D, ). D), DN D

Y. =H X

I n 22l

H,=[n o, h0, 0 DF,  L=N

E,=D,-Y,

g, = prg, *BX,

X, =Ei(0), X2, XA
£”= ”(0}9 gn(l)’ vy E”(N l)

Step 5 Update the LMS coefficient
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Step 1) Transform far—end talker's signal ¥» and echoed input signal 4, with MLT matrix M of size 2NXN,

r

T

Step 2 Filtering transformed far—end talker's signal X» by LMS coefficient £,

Y, =[x, ©, L,OX, 0, BN DXN Df

Step 3) Generate the error signal £, in MLT domain,

Step 4> Update the energy of ¥. for power normalization,

H, # is step size,
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E 3. DFT, DCT, MLT X W& #@e| ESR 45 tiu
Table 3. ESR comparison between DFT, DCT, MLT.
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MLT 999 S% 9 AA719 3% 48 +5N9)
’-ﬂél‘%% BolA HuU BIELE O(NHOE Zrf,
Aot o Wl Y9 S4F vHF AA71e) A Ast
BT RS dEARe) nfA] BEE (Bigen
*/alue Spread Ratio: ESR)7} ¥l &8 413 9] .44
2392 uma BRI, 1Y) RESE YINT
2] 2}7] AR (autocorrelation) o it X, X4 D4
A (Eigenvalue: 2)9] vjl} Zho 2 4] (12)9F 2},

A

ESR genvatue Spread Ratio = 1‘:?' (12)
& 30| DCT, DFT, MLT 2 2] ¥ Y of it 2f-
A BES AL ZHE 7188 18 £2E AL
o AHSE YIS WY 7RRAR S ARL FE
(p=0.95)l FIAIA et 232 /450l
“J8 413 Zol= WE WY F2A o2 DCTS}
DET (NXN)9] 73 827]19] feEe. MLT (2NNy9)
49 64709) AAMEE o) 8HGth. o] 2 st B
<) 913413 ESR gro| MLTS] 7-9-9} DCT, DFT9] 3¢
F A2 O 38 77 Eek & 39) 4 AnlA
350] DCTY DFT 3@ o8-8 32 Hoh MLT FE&
<8 A7t Bop RS BRALEEE THA Ho
A SR ASHE ATY o+ 988 € 4 A

IV, 29 A

23 ALE MLT 99 SFAFAA d1F
€] A2 AEst7] $18) DCT e A9 -23reF A)A
StorelEat ulEste] 2o HPS At

£ 2] Ao ASE desA) dgilEs, U
7-$-AIQH &2 ART HE|of FRAA ATHE Y
% 8 3/420% (synthesis speech) (28 82}, “We
have just dock on the beautiful shores of the same

E23le] YRe 16 ko) ASY vjg

poblem” &

% 8. &4 24 (a) HCHRR] ARME (b) I3El HOER U3
Fig. 8. Synthesis speech {a) Far-end taker's input signal
and {b) echoed input signal.

T3 9. AFl S (a) HERR] 22HAE (b) HIBJE HORIR) AS
Fig. 9. Real speech {a) Far~end talker's input signal and {b}
echoed input signal.

(sampling rate)Z 7M1= A SAAHE (real speech)
(2 9)9] F 71 & ol g3tsiet. 2 :1EJ 8, 92} {a) 1
2 Yo A, 282 (b Ve Uit A8E
Yepdith, R FRE 2dYs)) Hi} o] AHe At
£ ¥9A 8 (¥ 1002 HA FA)=]Y A= A
Yol AE 2 o nola2ES Ut H5H
FEjet ¢ fE7t thde of AnAHEE QA% H
AHAE o] §3H] 16 Khzo] WA & Al3E I A7)
3 ulo]2 2o UYHE= AT E FH3G o, PP
S5kl 2ol vlaa Aokt S3F ukgk AT E WO
7] $13he] 2562 2 shgict, wHFE foEha} Als el up
O] RE QAT AR A || YISt ABE F
A dol YRLo], LMS -8 He{gof] AMRE H3-



432 HREYANX) A2A H6E (2003)

sample

I8 10, gEA 8¢
Fig. 10. Impulse response.

Yej A2 Zol(L)2F DCT (N, MLT 2NN) 382
A% 2712 ge|Fe) A Az =8 At
s Loz Mysirt

sample
(a) Transform domain AEC

1% 119} 124= DCT ¥ 9 33 9k AlA ¢
Z3 MLT 94949 S AA gdelgo s
7tz A48 S et A 2445 E AE3IHS 3
£.0] ERLE (Echo Return Loss Enhancement) 12 1}
Bt Zlo|c}, ERLE: 23R |74 7) 9 ¥rak AA 45
€ 23T 5 Y= Jzold, o9 4 (13)7} 2o},

ERLE =10log,, %;]] 28] (13)

2 1T 1294 B0l & =gl A MLT S
3 W A A719) J5-2 DCT e 9 S8 W A
A7ie} Bl EPS o, Bl A AL A LolE olERS

sample
{b} MLT domain AEC

23 11, ERLE (&4 SA)
Fig. 11. ERLE {synthesis speech}

40 T h T T T T T T ‘]:
1] IS S LT TSRS SRR EAPPRDS SSRRR: SRR feeee
20 .;_...........‘: ................................................. :. _____ —
10} ... 4 |
WP i ’ ’i A
o i y | “ !
oy .: ‘ £l - A ‘,.:_ N LY 1\ 1
10 S F R — e PR LA S
20 i 1 i L I B i
0 0.5 1 15 2 25 3 35 4 45 5

sample
{a) Transform domain AEC

sample
{b} MLT domain AEC

T8 12. EALE (4™ 84)
Fig, 12. ERLE {real speech)



Moduiated Lapped Trandform F0iM XS WERIE 0i80 S I8 MA7I2 78 433

ol B¢atal of 20 o]l £ £ FPFE B
<AL 13 129] (@} (W E vl A 250l 7Hs
Z}c}, MLT domain AECS] 73-- DCT domain AEC®] 73
Mo, 55 F0004 ERLEVT £3) 24| Vel Hol
>y 4E71 w2ckn guhd 4 glied), o) S494lE
oA} el B3 RoAME 4% ¥z} v)uE 3
<], ST A F7hEch $YEE 4271 BETE
Aol welgl Aty E 4 Qi) &, S5 F3kA
MLT domain AEC] 39 ¢ 57} 5& Thg ok
3F X871 WE £52 09 771 A ERLES] ghol 53
3] 2718 4= 9124, DCT domain AECY] A2 $34£5%
7- ot of 7kl A Zho WgE AR5} 0ol ZHtR] 7]
7+7) i3 g2 Al{to] A¥, ERLEZLE §H3 3718
k0] ) E3HA) "k, AIQFE AECS) BRLEE 2+ 130l A
QRO R A E Y9 ERLEYE vlugt 37 &
4 A152] AL <k 20 dB, AA 3434189 B¢ <F 30
439 PAE & & UA

VEE

2 =02 ugh o 33 N A4 dneFelA ¥
2 e i 53 We) S FYAIHA FAlY
7| "E9 24 G AU 4 Q= MLT FQoi A
o A3 "el7 1SS Aot AP YneiEe
7)) NN DCT, DFT, Hadamad 5] B4 ¥ tj4le]
21N 2719 MLT 93 3$F-& AR 24 f-4 9l
Azol ohsl] kAl A Aol wiE +E 458
248 5 Ao A 23 9 A2 A28 Hg
glo] £8F 452 v AS3Act T4 SAB0)
A B4 ABE o] 88t mo) Ay A3t AQHE MLT %
o 23 VI AjA AlAHL V)29 DCT e 99 2%
Wk AlAelof uld] of 2uff ofike] WiE SRL T} of
20~30 dB A 59| FRLE 3L AL 5 Ut

¥1gd

1. 8, Haykin, Adaptive Filter Theory, Prentice Hali, Englewood
Clifts, NJ, 199,

2, K Ozeki and T, Umeda, “An adaptive filtering algorithm
using an orthogonal projection 1o an alfine subspace and its
properties,” Elec. Comm, Japan, J67-A (5), 126-132, 1984,

3, R, E, Crochiere and L. R, Rabiner, Mullirate Digitel Signal
Processing, Englewood Cliffs, N, J.: Prentice—Hall, 1985,

4, € R, Ferara Jr,, Frequency-Domain Adaplive Filtering,
Adaptive Fllters, C. F, N, Cowen and P. M, Grant, Eds,
Englewsord Cliffs. N,j.: Prentice Hall, 1985,

5 S, & Narayan, A M, Pelerson, and M. J, Narasimha,
“Transtorm domain LMS algorithm,” /EEE Trans, Acoust,
speech, Signai Processing, ASSP-3 (3), 609-615, June
1983, '

6. N, Bershad and P, L. Feintuch, “A normalized frequency
domain LMS adaptive algorithm,” /EEE Trans, Acoust,
Speech, Signal Processing, ASSP-34 (3), 452-461, June
1986,

7, R, Merched and A, H, Sayed, “An embedding approach to
frequency—domain and subband adaplive filtering,” fEEE
Transactions on Signal Processing, 48 (8), 2607-2619, 2000,

8. B, Farhang—Boroujeny and S, Gazor, “Performance analysis
of transform domain normalized LMS algorithm,” /CASSP-91,
2133-2136, April 1991

9, A N, Akansu and R, A, Haddad, Muiti-resolulion Signal
Decomposition, Academic Press, pp.88~97, 2001,

10, H, Malver, Signal Processing with Lapped Transiorms,
Norwood, MA: Artech House, 1992,

XXt o

oW & A (Su-din Pack)

20021 2@ PR HRE - Y= - Y S IRBH Y3} (0]2AAD
2002 3P~AL CS0UD HRE A W BA Y (A 2hY)
R R0k 24 NEX2

o¥ F A (Kyu-Sik Park)
HISYHGX A0 HIB B



