19 1 Vol 19 No. 1
2002 3 Journal of Guangdong University of Technology March 2002

DSP

P HEF AR, WA L

(L s 510643; 2 N 518049)
TMS320C54X N DSp
s PNLMS
; ; DSP; PNLMS;
:TNOI11. 72 tA : 1007 7162(2002) 010042 06

H1 SURNLMnERER1/0

ITG-T G. 168

: 200+ 07-09
(1974), .99 ,



PNLMS Algorithm) . NLMS

1 , DSP 43
DSp
2
> 2
ta(n) S a(n) BRIEE
r(n) ;v(n) § —l
S ik 5 A
, EEMEE|| p, Y
Y
)i h=[ho -hy-1]" v(n)
T
s he= [ heo - che.N-1] ¢(pn) RAEE e(n) r(n)rfi y(n)
se(n) T =~
N ' B2 EEMNESEE
r(n) = K;he(n)x(n— k) (1
e(n) = y(n) = r(n)= y(n)= 2h(n)e(n~ k) (2
2.1
( %4ms)
NIMS(Normalized Least Mean Square) 20 70
, NIMS “ 7,
. N]_MS 2
PNLMS ( Proportionate NLMS) ( Block Exact) ( Block Exact

?



44 19

2.2
: ( )
x(n) ; (1).(2)
Geigel , [,
ly(n)l >Vmax(|x(n)|, lx(n—1I, -, lx(n=N+ 1)) (3)
6dB, V 1/2.
2.3
( )
0
5~ 10dB.
3 DSP
3.1
FIR 1R
FIR o
DSp . , DSP
TMS320C54X DSP
3.2 TMS320C54X
TMS320C54X  TI DSP ,
, CPU , ,
: . C54X
40 ,
, (54X , ,
) . (SQDST) , MAX, MIN, FIRS, IMS . IMS
N- 1
r(n)= k;)he(n— E) lhe( n+ 1)= he(n)+ 2*Uee(n— 1)*x(n- k) (4)

[ ) . , IMS



1 , DSP

45
4 PNIMS ( BEPNLMS Algorithm)
4.1 PNLMS
\ 64 128ms , 4~ 8ms. PNIMS
NIMS
(5):
_ Uge(n)[e(n)x(n=k)]
ho(h+ 1)= he(n)+ ) vy (5)
02(n)= 5 2t (n= k) 1 N )
PNLMS | he(n)l
4.2 ( BlockExact)
, C54X
M( )
, 1/ M. Lo,
es(nB)= yg(nB)- X 'V#(nB)hev(nB) (6)
XN.g(nB)=[XN(nB, -y Xv( nB- B+ 1)]
ho(nB+ B)= hanB+ W(nB)Xy.p(nB)ep( nB) (7)
(6) )
. N ,
: .4 5 N=512,M= 16
NLMS , NIMS
100060 -7
6000
0 1 '
-6000 ‘
10000
3 x(n)
4.2 BEPNIMS

( Block Exact)



46 19

4 Blok  (N= 512, M=16) 5 NIMS  (N= 512, U= 0.2)
; M( )
. M( ) N )
PNLMS , BEPNLMS( Block-
Exact PNLMS) , PNIMS ,
BEPNIMS DSP
4.3
5
DSP(  TMS320CH4X )
( BEPNLMS ). C54X

, TMS320C54X (Code Composer Studio) ,

[1] . M]. - ,1999. 76 87.

[ 2] Tomas Gansler, Steven L. Gay. Double Talk Robust Fag Converging Algorithms For Netwoik Echo Concellation[ J] . IEEE
Transactions on Speech and Audio Processing. 2000, 8( 11) : 656-663.

[3] s . [M]. : ,1999. 45-48.

[ 4] . [M]. : ,2000. 536-540.

[5] George- Orhon Glentis, Kostas Berberidis, Sergios Theodoridis. Efficient Least Squares Adaptive Algorithms For FIR
Transversal Filtering J] . IEEE Signal Processing Magazine, 1999(7) : 13-40.



1 , DSP 47

Design and Implementation of EchoCanceller Based on DSP

HU Xiufang', ZHENG Tai-sheng', HU Bing long’
(1. Faculty of Information Engineering GDUT , Guangzhou 510643, China;
2. Dvision Science and T echnoloy Ltd, Shenzhen 518049, China)

Abstract: Echo canceller is an indispensable device applied in many communication situations, such as
teleconferencing hane free wiretess systams, etc. where the acoustic echo arises easily. Its fundamental prir-
ciple is cancelling the echo by employing an adaptive filter to identify and simulate the real echo paths.
Furthermore, with the rapid development of Digital Signal Processors( DSP), the applications of an adaptive
filter in real time also become economically feasible. In this article, many interrelated technolgies are stud-
ied and discussed, which are required in implementing an Echo Canceller on a DSP (eg. TMS320C54X) ,
and a new scheme based on PNLMS and Block Update Algorithm is offered simultaneously.
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