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(A New Speech Enhancement Method
Using Adaptive Digital Filter)
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Abstract

In this paper, a new speech enhancement method for speech signal corrupted by
environmental noise is proposed. Two signals are obtained from the microphone and from
the accelerometer attached to the neck, respectively. Since two signals are generated from
the same source signal, both signals are closely correlated. And environmental noise has
no effect on the accelerometer signal. The speech enhancement system identifies the
optimum linear system between two signals on the basis of the dependence between the
signals, The enhanced speech can be obtained by filtering the noise-free accelerometer
signal. Since the characteristcs of the speech signal and environmental noise are changing
with time, adaptive filtering system has to be used for characterizing the time-varing
system. Simulation results show 7dB enhancement with 0dB speech signal level relative to
the white noise.
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Fig. 1. Two-sensor signal.
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olshgel, FAEst ST DU WAt A
YA29e Eochn sV, 9 33k o] Al
5 Aelel #AE ALY AR 2 vebd 4 Slrh



1993% 10A &EFI%EH

V(z) (1)
Q(Z)T(z)+H(z)
kgt SAlgAe A(z) & A¥Aa"goR g

2] (identification) 3l AL 7|22 oz
Z Alele] AMA AHE = A A Ao A <
o3}, AAe] Hrx g M3eErcE Vel
MSC(Magnitude Squared Coherence) gk
£ SAsAA. 2% 45 {2 Jobel iR F

3 Alel8] MSC¥#4 &A4%kelch #4448 /ol/el o
gk FAMAl 39 98 (waveform) 3 I g AdE
#] (all-pole model spectrum) “-& =3 6o v}e}
Walet MSCE#57t 1ol 77 & 2 Re
ARz} AFAMALE Alolol] A AA7} mchs
Huigte, A3 Ale|o] Alxwlg 2¥ 33
o] AyA| 2oz Falslah = i},

LT,
f\\ WL

|| «

[e]

=

o nlo

0 Freq. [KHz] 5

O3 4, MSC#+ (fA% /1)
Fig. 4. MSC function. (voiced /a/)

.|
=

II.

ojo

AL by
1. FHAMLE Ato|2] A|AEIQIA (system
identification)
1% 30l ehdl ule} go] AFAXNE gk) 7 A3
A2" Q@E B8l SAALE skk)7) WHREle], of
7lel e n(k)7F A7k o] x (k) 7F deiFict,

0= S otk i) @

x(k) = s(k)+ n(k) 3
oi7]oll X e Q)Y Al2= A4 (system para-
meter) & vepiic},

4)

Wik #£30 & B#H %10 %

AdgHoes FEAA Q= Algolng,
E Abele HAHAFALY Q)& Fetm, gk)

EA 1 FHo2 s E 2e 4 2ok

Ao

5(z)= Eé,g(k)

1=0

o371ell A, e, i =0, N-1 %"E?’ Ay
@@ Asoln], N& Hel 2+& epfir},

(5)

3]

2

o)A} 2] (stationary) 7ol g(k)sa} n (k) AFo] o]

ADAAY gickz 7R b,
8k) 9| 3}
T Wlenel ALY 2 Foyzch

Hx Alz" Q)

2423 ek)=s(k) -
% Axshshe #4408 229 el

£ o9 Waksh WA 4] W

She AHAlzglelng, o]F mdyshs AlidY Q)=

A A] ~elo]efo} glr
el uhez e A
(Least Mean Square) Ywa]l5 ¥ 2 z
2] ol &5l HeUumE|Eor Ag 33
3} b},

(k)= )~ 36 (R)eth 1)
Clk+1)=¢,(k)+ p e(k)glk —i)
A1al, 600

Z9 sy g

parameter) o]t}

FA 8=

ey

2. SESAAAH
28 bell HgUAHHe & ARREE AdE &
A age] s vehligdeh gl o8
A8 54 AR x(k 9 AFAAE gk 7
A-griAddele] 4= A% (primary signal)
23] %A1 % (reference signal) 2 zh8-3hc} =&
n(k}
k) — Q) stk (1) X(k). ek)
L G } — > K
a3 5, Ak 24 g AxE

Fig. 5. The proposed system.

(981)

oo o

AMALHE RS B8
Sej el glom, LMS
kel g

e ohe

8)

9

Al Pe Al o], p A3
7~ {convergence



iRy o+

Agelold HHeld A4 A4 xR Pele] 3

tlolel 48 /ol/o disll FPE(Fininal

3 AU GUH S ALSE LAY
ALWE AR 29 AQE FHS, 1 £
sk gol AAE S4B Hek AdE A2 e A

A 3]

.8 A}Lo)| £ R 94E AEAAAEE JEH
2o Wxa 3o = Criterion) ™
3l slgict S

AA gl slein Aol G vlAE 2o
shbs Hetxgeee] pR4eolt S oAl
geje) pdSEE 342 AUSAE
23] welo} we), pA%EA 2 A

& wedabr]el 3
Soll HolF

-5
h=lE =]
23R 2

124

} Prediction Error) "®, AIC(Akaike Information
. "He}2H A3 SNRE Fale] AR
/°P/°ﬂ ol 503k A x7) st

SMMME Ato[2] AAEIQIA] (system
identification) &¥

QPPN 2GS FAHAE Aol ] Aol

Heo) gl WA FAAANE Aol

71
7l SAde] hFE7] wFel e Hawst A o} & 3‘1—3 o T AYPE stk KL /ol
shsich, A $AH B4 UM 0ms AT SYAE
s} AFAAZZRE HAz$Y (least squares
V., &y ¥ 20 nF method) "7 & &3] 50218 HH Pl ASE
Faigdod, AT AEE EFHAA $A4A159
1. HEEd 4 §k) & 29t
FAMAIEE 2% 1o} Yebd 3}9} Zho| wrolae a3 6elld (@ SAAEE Yehln, (e 3
£ AFAAE l—% glo] =23 & FRI}Fas A 5E Yepdch (b)) e AFAAANEE 2A
10KHze] A/D wFksted 33578 *l?ﬁﬂﬂ qg 53 delo] EFAA 2 FHA A3tk d) (o)
sk 254l 1—t— OHzow 5KHz 747 =3t 5 (f) = Axwlelre] Adg Fappddols ez
g oo EAS = B&K Type 4366& AH8-3t 102k A3 (all pole) o] H¥Ux ~dey 9
et Tk (o)} 2L AdERE i AFAMAS
5] 5
fi % o
;ﬁ 3 r\ - w’“\ o !
-5 ! -5
Time[wsec] 20
(c)
30 30 %7
_ I
\\\\_/_\\
-50 -50%
0 Freq. [KHz] 5 0 Freq. [KHzl 5 0  Freq. [KHz] 5
(d) (e) (f)
3] 6, Alzw Ao #E Ay
(@) A4 A% /oF (b 4% 4 A3 (o A Ax
d (1)eAd Az /o1 Ay Ax ~dEe”y (2) F4E 44159 Y U 2HEY
(@ AFAA Az Ay Ux Ay () FHL 249 Fi5 =27] 9

Fig. 6.

Experlmental results for system identification.

(a) Speech signal /a/, (b) Estimated speech signal, (c) Accelerometer signal,

(d) (1)Power density spectrum of the speech signal /a/,
(2) Power density spectrum of the estimated speech signal,

(e) Power density spectrum of the accelerometer signal,

{f) Frequency magnitude response of the estimated system.
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