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ABSTRACT

In this paper, adaptive noise cancellation system based on the compensated LMS(least mean square) algorithm was implement-
ed by using digital signal processor. Before the hardware implementation with fixed-point programmable DSP, the performance
of the compensated LMS algorithm was verified through the fixed-point computer simulation for the speech signals. In the
fixed-point computer simulation, the compensated LMS algorithm results in the improvement of SNR(signal-to-noise ratio) about
2.6dB compared with LMS algorithm as the case of floating point computer simulation,

The hardware-implemented compensated LMS algorithm has better performance than the conventional LMS algorithm for

speech signals.
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Fig. 4. Learning curves of LMS and compensated LMS algorithms for speech signals

tal SNR)£ -3.6dB°l H=% 3%t} SNR,, &

SNR = i 10l0g ] ‘?Ts(ﬁ_(ﬂgl(,?)? ®)
st 2ol FYEG™, Aq7IN m(FO~M-1)& Zze
dol7l NI M9 Z#Hd(frame)d F4(end-
times)Eolth. 971A "HEIA7} 3249 W s F
& ¢ + Ut olAe FSALHA=E 324 FIRY
H2 2ARd7] i FEAeR2s ALWHS
74} # system identification® Q7] o Eojt},

W, AL¥H AFE 322280 ALRANY
T& 7PEAIIEAM BA"E LMS ¢adEe A%E A
38 Aol 29 6ok, AgEHY HEAF pE
1.525%10°, 23719 HA&AS p,& 4,8 LMS €2

oM st go] AN T BAAY LMS gaaEoA
F A% L Hole 3.051x10%22 #gc. U9y A
%9 SNR,, 2 %A -3.6dBez 3}t 19 7 ¢
? SNR,,& -11.4dB. -8.6dB, -3.6dB, -2dB ¥
-1dBE ¥AANAE o B2A4E LMS ¢naS3 LMS
dueEe] A€ vin 4¥Y Ao}, 44 2 ¢
¥ SNRsegel -2dBelz #-&¥E o 47} 323, =
|E3719) A4t 12389 ff 29 SNRsegol Hdl o
2.6dBE= /HE e AL ¥ + U},

V. T8E stedojol 28t 4Hzn Y AE

1. DSP& AtE# 3t=sio] 8 9 4H
£ dFdAMe ANALOG DEVICESe ADSP-

1889

www.dbpia.co.kr



142

AEEASEREEE "95-T Vol.20 No.7

1890

SNRseg(dB)
N W A OO N O ©

A 1 i

8 16 32 48 56 64
Number of adaptive filter taps

-
-

a3 5 S4olA A-gdele} el gy LMS gu2lEe 4% viad4)

Fig. 5.

% 8.
Fig. .

(171,525 X 10°, p,=3.051x10°)
Performance comparison of LMS algorithm for the number of adaptive filter
taps in speech signal (g,=1.525%10°, #,=3.051x10%)

14.2

139 r

SNRseg(dB)
=]
[+]
@

133 |

P . . . . . .
2 4 8 10 12 16 K] 48 B
Number of compensator taps

SAA BA7) Aol A B8 LMS gxelEs 4% v

(1,=1.525 X 10°, £1,=3.051x10°, A-$HE X}4:32)

Performance comparison of compensated LMS algorithm for the number of
adaptive compensator taps in speech signal

(1,=1.525x10°, £,=3.051x10°, adaptive filter tap:32)

www.dbpia.co.kr



%®X/DSP# °l &% H&XAE7|7 e H&FE AA7|e sl 79

143

15 | 15068 1534
13.791
13 }+ 3.116
2422
o 1.687
B}
@
g
® g1 ﬁ296
065
; oLMS
814 ARAE LMS
508
5 [l L i) 1
114 86 .36 -2 -1
input SNR(dB)

a8 7
( m,=1.525%10%, #,=3.051%10%)
Fig. 7.

4459 4 SNR #stel digt LMS ¢a# 53 B4 LMS g8l 4% va

Performance comparison of LMS and compensated LMS algorithm for the input

SNR change of the speech signal (1,1.525%10%, #,=3.051 x10%)

2101 "xg NzHe4 Z2AM(DSP)9E AD1849
SoundPort Stereo CODECE ol &8t 23 &4
A& 4% AATHE A" LMS ¢dxsg ¥ LMS
dndEL s=delz FHEHALG. ADSP-2101& o
g & Bag dole wart AR e =
(Harvard) 722 =] 9lol mde w#e] Agr} 7t
Fao iR 2708 AHXEE sHAm UM 3
4 Qdetslo] 4 Fate tF My Aa® FA4o] £
3 ololaz Z2AAMeltt, ADSP-2101& 12.5Mhz
o 802 12.5MIPS2 H#Ho] Arst 7tEdict, =
g, dele 39 S3HA ANGASL Sled oA
e @ =g dAAR(ALU), F47 (multiplier)
Zn AZERA (shifter)oltt. AA AladdMe
16.384MHze| 23& A48t 6lnsece] 1709 93
g ¥ F gich. 53, ADSP-21012 £¥¥ W
¥ (circular buffer)7FZ& AF&3td, 3hijel w3l
Atol & ol FA3) gy aela 2209 dolHE A
d ¢el& de 24 AEHE DSPo| .
AD1849¢ ttEAdd 2dHe Y&l stgdtn 3
W dz)el4 (aliasing) AN E H@ A F4YH

2
s

(LPF)7} WiAso gdg'?. o A& 5 5KHzAA
48KHz7H A 48% & 4 slow ADSP-2100A<¥9
2ALSH tAd AEHAYD HHENE B
A 928 & ke 3ol 3ok AD1849e WHA
o2 Aas-den(Z-4)%24¢ A/D, D/ABEE 7Y
gk dEAdEE T R molaZRE EolfE obd
23 A37 2578 AAAN d¥Ec FHEE Al2d
o] AM FAE7 29 8olth. o] Al 1)ADSP-
2101 DSP 4, 2)DSPeIM A8 =2aP& A
£ EPROM, 3)AD1849% ADSP-21014t0]2] ©ol€
H4e A% Y FUXE, 4989 MEE Jgurg
F gl 29 EWA slojast FEJ, 5)A/D ¥
D/A A8E 9% AD18492 FAS o 9o}

dA2 7EE gl d¥e] FES @ T4
) Aol izt AP 94 dx9HF(pri-
mary input)el W$ AT E A3 &g
4 S44%& 2999 (line input)223td
AD1849¢] 48}t YHANI= 16HER kA3
7 AEY FHse 22KHzA9. 71£98 5 (sec-
ondary input)ole WH7}-A A& YHPLE W

1891

www.dbpia.co.kr



144

AR EPRROE '95-7 Vol.20 No.7

AD1849

Amp.| |

primary i v
input ‘

SiH | |
| | !
? 16

L S/H

reference| )

input |

|MUX 1 ADC |

16
ADSP EPROM
7 2101 [ (program)
16
} speaker

DAC o Amp. [T |7
g [[]\,\

a7 8. AlzEe TR
Fig. 8. System block diagram

LR
%’i‘mﬁ'}‘ W

b

3% 9 FYT A HEYSAALYE A
(a) LMS €22 % (b) 84¥ LMS ¢x23 &

Fig. 9. Experimental results of ANC for rectangular
wave
(a) LMS algorithm (b) compensated LMS algo-
rithm

e g F&e Jdoddy LA (arbitrary wave-
form generator)& At&3ledd SHAAYG. s AR
© ASFEFHEL 10KHz, Qgtel 0.707, AFIS5(DC
gain)e] 19 A9EAYE(LPF)E A3t

APzde 1AL+ AFE ABH o Aoxig o]
HEEe o A 322, BA47lY Aee 1232 39
2. AgAF w % cox BEdol AN FL A%
& Holx® H¥Hoz AMsGed Zz 3.051x10°,
3.051x10°2.2 FYc}.

2. ddgn % Ys

1.2KHz9 F¥ ool g d¥d3e 29 9% 2
ot H4" LMS gu2 58 A9 A FAANN
LMS ¢xndE2 A48 A8 FIAA7IEG 45l
Wol AdE RAZ ¢ £ A% 48 g LMSst &
¥ LMS €359 4¥d3%e J"8s 2o &4
of Mz BA4d LMS dnalEel LMS ¢xegs
o AEAA FHel Foe AE ¢+ Uk

v.g £
2 =RdAE LMS ¢udErt ZEAA A%el

4% 249 LMS 435S sd=doiz 7837
A8A A4z 3t pF A4 HFE AlEd

www.dbpia.co.kr



BX/DSP# o #% J &R e AP A28 s=dol 7d

145

-=f
|
I £

. %;
T e
I
. b
TS FUUTS PP SO
. B

(b)

i

(c)

ag 10, & g 24430 g HEAEAALY 2
(a) € 24435 (b) LMS €28 E (c) B4¥ LMS &z §
Fig. 10. Experimental results of ANC using each algorithm for speech signals
(a) Original speech waveform (b) LMS algorithm (c) compensated LMS algorithm

Ng sz, AARA g3/ AN F=dolz 7
datdg, ez Adsg F5u7t -2dBY B¢ 2
25 FAFEH AEH MM B4d LMS ¢xdE
€ LMS ¢z2Eo vlal 2.6dBF= s FEH7}
ERTH

FHE s=dolz A¢gY F} 24d LMS ¥x¥
Fol LMS dazglEic FFAA d%ol +5HE ¢
& STk olRe FATFUNE FEIHA gz Hr

v AEatst el FEAAE LB e @AM
DSP& Atgste] AddtA AAAE 748 + U
the Helth, mhEka S4AH ey BAAY Pl &
Ag dol8z Atgste AadEe] 4A 4¥E 2A
gAE = e Az JdEd.

1893

www.dbpia.co.kr



146 BREE ST "95-7 Vol.20 No.7
A28 6. €74, Aa7), AR FS AAE AT A e

AA Azg 2 o w2l BNSHE =ZX. 2126

. Carlos R.Martins, Moises S. Piedade, “Fast A, A1Z, pp.129-139, 1Y, 1989.
Adaptive Noise Canceler Using the LMS 7. €734, A4F, HERPIE A48 Furdy A
< FEAANLY ¥ dnelE” HASEHE =2X|

Algorithm.” ICSPAT '93. pp.121-127, Sep..
1993.

. Steven F.Boll and Dennis C. Pulsipher,
“Suppression of Acoustic Noise in Speech Using
Two Microphone Adaptive Noise Cancellation,”
IEEE Trans. ASSP.. vol. ASSP-28, No. 6,
pp. 752-755, Dec., 1980.

. William A.Harrison, Jae S. Lim. Elliot Singer,
“A New Application of Adaptive Noise
Cancellation.” IEEE Trans. ASSP.., Vol. ASSP-
34, No. 1, pp.21-27, Feb., 1986.

. Martie M. Goulding, John S. Bird. “Speech
Enhancement for Mobile Telephony,” IEEE
Trans. on Vehicular Tech., Vol. 33, No. 4,
pp.316-326. Nov., 1990.

. B. Widrow. J. R. williams, R. H. Hearn, J.
R. Zeidler. and R. C. Goodlin. et. al.. "Adap-
tive Noise Cancelling:Principles and

Applications.” Proc. IEEE. vol. 63, no. 12,

pp.1962-1716. Dec.. 1975.

£ K #(Dae Kyung Kim) #3]¢

1968 9¥ 3944
1992+ 29 : FAdge FIHNY
ARz EA(TE

A
» . 19954 28 ¢ RAReR Bed A
‘ 4B F (B

A

8.

10.

278, A9E, pp.146-157, 94¥, 1990.

B. Widrow and S. D. Stearns, Adaptive Signal
Processing, Prentice-Hall. Englewood Cliffs. N.
J.. 1985.

. Simon Haykin, Adaptive Filter Theory, 2nd

ed.. Prentice Hall., Englewood Cliffs,
N.J.07632, pp.67-72, 1990.
John R. Deller,Jr., John G. Proakis, John
H.L. Hansen. Discrete-Time Processing of
Speech Signals, Macmillan Publishing
Company, pp.584-587, 1990.

11. the Applications Engineering Staff of Analog

Devices. DSP Division, Digital Signal
Processing Applications Using the ADSP-2100
Family. Prentice Hall, Englewood Cliffs,

pp.67-72, 1990.

12. Analog Devices, ADI1849 SoundPort Stereo

Codec Manual, pp.1-27.

# & WUang Sik Park)  #34
19659 1149 1544
19924 29 RAoigtw I
AxFE EG(FE

AH)
1994 249 © BAdigtm oy A
Ageta 9 (FHY

Ab)

1994 34 ~&A : FAgtn gy AR Ay
®FWA] Fo} : fxEAz A}, A4l A e, Halftoning

19954 39~AA: FAkhsta ooty A eat vy
x4 Bob : ORGA T AT, HSAIF A, Equalizer

1894

www.dbpia.co.kr



BX/DSPE °1 8% HEr4717t Ae A AA7Y s=se] 7¥ 147

£ 1 #(Hyung Soon Kim) 234

19603 89 21944

19839 24 : Mgy AAF4I FY(FHAD
19849 24 : FzAYrIed A7l R AIFEH Moy
(A 27138
19899 24 : ¢RAYY el AV R AAFYH EAEFY

¥Ah)
1987 19~1992¢ 64 : cAF FRFUATL AFER
1992 79~1994d 99 : FA%tw AAF T HYFA
1994 109~8A : FAdste AA48s zas
xFEY Bob : ALY, FRY, HAE B4 F AEAHY

# X #(Kyung Sik Son) #34

1950 39 2594

19733 29 : gy AAFE
3 24 (FHAD

19773 89 : RFiidw oigd A
gt 9 (FEY
)

19799 ~19824 : BAthetw Aageta AUpat

19853 104 : FAcigtn AAF g zas

1991 8¢ : A¥dYn ity AAFEH 2 (FHHAY

19919 109~3A) - #idigg AxgEgs 2us

®F3TY Bob : gAYMEA, ARYEY F

& 7 #&(Jae Ho Kim) A3

19574 349 2344
19803 29 @ RAdigm A7|A
T4 A (FHAh
19829 24 : ¥ZAEr&E A
Azzgs E(3Y
Hah)
1990 29 : ¥FAYrled A7 9 AR (39
ghA})
19883 89 ~1992d 2% : HAAAFANATA FYFAAT
A FNI74
19929 3¥~19939 14 : A3AA ARasy
19939 39 ~¥A © FAdigtm AAFg z2as, gelvio)
2 v 3 AN AHERF
*FHY Fob ¢ P4, dPAUEAN] VISHA, &=
914 Halftoning

1895

www.dbpia.co.kr



