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An efficient method is presented for implementiag acoustic echo
canceller (AEC) that makes use of hybrid sub-bgmut@ach. The hybrid system is
comprised of a fixed processor and an adaptiverfili each sub-band. The AEC
aims at reducing the echo resulting from the adousteedback in
loudspeaker-enclosure-microphone (LEM) systems sashteleconferencing and
hands-free systems. In order to cancel efficiemtlg echo, various processing
architectures including fixed filters, hybrid presers, and sub-band structure are
investigated. A double-talk detector is incorpedatinto the proposed AEC to
prevent the adaptive filter from diverging in doedphlk situations. A de-correlation
filter is also used alongside sub-band processingrder to enhance the performance
and efficiency of AEC. All algorithms are implented and verified on the platform
of a fixed-point digital signal processor (DSP).heTAECs are evaluated in terms of
cancellation performance and computation complexitp addition, listening tests
are conducted to assess the subjective perfornanitee AECs. From the results,
the proposed hybrid sub-band AEC was found to leentiost effective among all

methods in terms of echo reduction and timbraligual
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"Var1"; LS Means
Wilks lambda=.00679, F(8, 50)=69.613, p=0.0000
Effective hypothesis decomposition
Vertical bars denote 0.95 confidence intervals
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"Yar1"; LS Means
Wilks lambda=.01791, F(8, 54)=43.692, p=0.0000
Effective hypothesis decomposition
Vertical bars denote 0.95 confidence intervals

12
10 t
8 L
\\
6t X
BN
4t " \\
SN
N

2t N
0 Y

-O- Single
D ; ‘ -0 Double
= . . ~$- Timbre

adaptive subband-+hybrid reference A Echo reduction
Vari
B+ =
Significance value
Test module
Echo reduction Singletalk Doubletalk Timbre
Conversational test 0.030764 0.020945 0.0560%0

TABLE Il. The MANOVA results of the conversationaist

s

AR IR A timbral quality ® sz 258 AEC fe2 i it AEC mRi1 5 B ¥ o

fra

LR L LSS B £ A8 SR U RN
B ke A8 AEC 2R P B et 238 B AEC o FIQb i 0T — iR %

Gl timbral quality£ # % 2 *t»>:x 2;X AEC & & = & #0720 > i B2 AECe




54

! E. Hansler and G. Schmidicoustic echo and noise control A Practical Approach
(John-Wiley, New York, 2004).

2 K. J. Astrom and B. Wittenmarl@daptive control (Addison-wesley, New York,
1995).

#S. M. Kuo and D. R. Morgarfctive noise control system (John-Wiley, New York,
1996).

4 M. Brandstein and D. Ward/Jicrophone arrays (Springer, New York, 2001).

®Y. Huang and J. Benestjwdio signal processing. For next-generation multimedia
communication systems (Kluwer Academic, London, 2004))

® C. Breining, P. Dreiscitel, E. Hansler, A. Mader,Nitsch, H. Puder, T. Schertler, G.

Schmidt, J. Tilp, “Acoustic echo control. An applion of very-high-order adaptive

filters,” IEEE, Signal Processing Magaziié, 42-69 (1999).

” B. Widrow and S. D. Stearn#\daptive signal processing (Prentice-Hall PTR,

Englewood Cliffs, NJ, 1985).

8 B. Farhang-BoroujenyAdaptive filters theory and application (John-Wiley, New
York, 2000).

® S. Haykin,Adaptive filter theory (Prentice-Hall, Englewood Cliffs, NJ, 1986).

19p_ P, vaidyanathaMultirate system and filter bank (Prentice-Hall PTR, Englewood
Cliffs, NJ, 1993).

1 H. Yasukawa and S. Shimada, “An acoustic echo etemcusing sub-band
sampling and decorrelation methods,” IEEE, Trangn& Processing4,
926-930 (1993).

12y, pP. Lin and P. P. Vaidyanatjan, “A kaiser wind@approach for the design of

prototype filter of cosine modulated filterbankdEEE, Signal Processing

Letters.5, 132-134 (1998).



13D. R. Morgan, “An analysis of multiple correlatieancellation loops with a filter
in the auxiliary path,” IEEE Trans. Acoust. Spee&8ignal processing28,
454-467 (1980).

141, J. Eriksson, M. C. Allie, C. D. Bremigan, andAl Gilbert, “Weight vector
analysis of an RLMS adaptive filter with on-linexdiary path modeling,” Proc.
ICASSP 89, IEEE, Glasgow, UK, 2029-2032 (May, 1989)

153, L. Gay and J. Benestpcoustic signal processing for telecommunication
(Kluwer Academic, London, 2000).

16 T Gansler, M. Hansson, C. J. Ivarsson, and CorSahsson, “A double talk

detector based on coherence,” IEEE Trans. Comaffhl), 1421-1427, (1996).

17 p. Heitkamper, “An adaptation control for acoustiho cancellers,” IEEE Signal

Process4, 170-172 (1997).

8 H. Ye, and B. X. Wu, “A new double talk detecti@hgorithm based on the

orthogonality theorem,” IEEE Trans. Comm@8(11), 1542-1545 (1991).

19 R. Frenzel and M. E. Heonecke, “Using prewhitenamgl step size control to

improve the performance of the LMS algorithm for oastic echo

compensation,” |IEEE International Symposium on @isc and Systems4,

1930-1932, (San Diego, CA, 1992).

20 5 Yamamoto, S. Kitayama, J. Tamura, and H. Ishig&An adaptive echo

canceller with linear predictor,” Trans. IECE opaa,62, 851-857 (1979).

2L G. Keppel and S. ZedecRata analysis for research designs. (W. H. Freeman and
Company, New York, 1989).
22 ITU-T Rec. G.168;Transmission systems and media, digital systems and networks

(International Telecommunications Union, Genevaitfwand, 2004).




FEA %P
AR A AR AT AEC &G kb B B A A g

ERI Ay d PR R G kY A58 AEC # 2 ik AEC &
Bt APTEIC AN AEC Gt B R foacd R o) g w  arck i A
2 ltRk AEC keh® { 4 o

HT - EARTE o AN AEC I E i ¢ SR FT o A E
FET Y A R T2 (SR g F 1A aflE BT kea EAPF YR /,,\g];]‘;upgg;q»
Wopr 2 Fh LA REFF LR Y B REE  h L S

FRPFERF PG AL RED P OASFRFELR R Y -



