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Abstract

Among four common methods (DTW, VQ, HMM and GMM) to
implement the speech recognition system, although GMM is
verified as the best method in aspect of performance, there are
too many problems discovered to be applied to the real system.
In this research, therefore, we suggested to implement the
embedded system using the DTW algorithm, which is simple and
high performance, for real-time speech recognition. We used the
RLS (Recursive Least Square) adaptive filter among various
noise handling methods of the speech recognition system to have
more accurate calculation as well as better convergence speech.
This algorithm runs a variety of calculations whenever
parameters vary, reduces the amount of necessary calculations
and converges to the best possible parameters. Also, we used the
fact that the convergence speed is fast. In this research, TI's
DSP (TMS320C32) was used for large amount of speech data
handling, various noise handling as well as feature extraction.
First, speech data that is inputed from microphone extract
features of speech through RLSalgorithm, pre-emphasis, hamming
window, MFCC(Mel-Frequency Cepstrum Coefficient) after
speech area was detected by short time energy. The extractive
features of speech area are stored to database and achieves

recognition process by DTW(Dynamic Time Warping) algorithm



using speech features at speaker recognition process.

A total of three people pronounced isolated words twice and
each person performed 100 tests while using the speech
recognition system with the DTW. The result gave 97% at
average.

There are two forms to estimate the recognition rate: the first
one is FAR (False Acceptance Ratio) which is the error of
accepting an impostor and the second one is FRR (False
Rejection Ratio) which is the error of rejecting a legitimate user.
Therefore, in order to commercialize the system 1in reality,
minimizing these ratios increases the security of the system and
can get the reliance in aspect of stability.

In this research, each of three people performed the
pronunciation test 30 times, and the result is that FRR is 5.56%
at average while FAR is 1.1% at average.

In this research, we showed the possibility that the SITK-32C
board in which the DTW recognition algorithm and the DSP
(TMS320C32) are built can be applied to the real life through the
test of the real persons’ speech command recognition. As the
result of the recognition test on PC using the DTW as the
recognition algorithm for a speaker dependent system, we

obtained almost 98% recognition rate.
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= ezDSK Console Output ...

INT2 button for Record and INT3 button for Recognize.

Add 1 th Reference

extern void record( void J;
extern void play(void); 5dd 6 th Reference
extern void c_int03(void); RefCourt: 6
extern void c_int04(void); 53 44 50 50 38
extern void c_int! O{void);
Aaxtemn void ¢ intl Ivoigh
extern void c_int! Z(void);

volatile int »codec_sel = (int ) 0x514000:
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Fig 3.2 ezDSK development program

_26_



32 &

[k

Edo 74

a9 3304 = A 5 24 A AZEOY dA B

=
=

et wolaE FlAM 5o SAUOHRERTEH A4 &

RLSZ el S

1 i
[zaimons| | [2-eaua|
1 1
azase | | [ =as |
! !
B B~
FF) e
]
vECe 1A sawEsy
G ola? Sddd T=

=2
1

3

T e AAter A4S Ashy] wZel AAZEel A Hlu

1

FAS 5= NN

SAlOI=2 ol A2

StAr 014 ol Al

——wm () [ 2AE ol
TRt 2808 e W FEE QRE
= (:?:!IH%U

Fig 3.3 Total flowchart of speech recognition software

for speaker dependent

- 27 -



B 2z Ydo] 67) o] Aol i
Foto] mEg o] AFo] Ha o] F A oAt HAH gru

e xe el 20/ oldel s FAL TN $4 BHE
g

Azstel Agsgth ofed Aol PEHW 0zAd TS
T3k % BEAYde YL, ywA 5EAdwne SAGGoR A g
39t

54 HelHYe A FndEe ANFoR A 4T

3 Avn=Z o] HolHE Z&Aom Fojof g} ol AHEEs ¢
d SAAR F= HAo] Fasd. = =FodA= MFCC(Mel-
Frequency Cepstrum Coefficient) W4 S Al&3lo S99 EAAR
E FEodt. MFCCY A da= 19 249 SAARFZ50
et A3 g2o RLSY e8] 53 Z2) g9k 2 (Pre-emphasis) #
g ¥, d™ Y= (Hamming Window)E 2 $-31 FFT(Fast Fouri

al
er Transform)& F33ste] T4 JHo=z WEsiry vy

®E
S 9 239 o] vy AAE MFCC(™ A2EH) fhddeg=a
5 ® A7, =213}, DCT(Distance Cosine Transform) & 7%
Aozl & 1209 A gES 7 5 Ak o] el 249



FPsta o714 Yo delHe #x dHelHE DTW(Dynamic
Time Wrapping) @74 & &3l Z7+& vluste] N7I¢] Distance #h &
S HFTAA AR 9AFA dAv. HAFAA dA BAZAAME
DTWE 33 235 7FA A Testz S0 A dolH7t 55
Aol g delg b weAe ddet A "o a8 a 1 A

E 27k e] Aol stA PPI 8255 T2 Tl 9Fo HFAEE W H

AgAS Aol ghe] Eejge dAm Wi FAS AT Al

2 93 YolA MdmEd o] PPl 82552  Al43)

32

. 82559 A
Port 8bite} B Porte] 3}% 3bit> LCD Display Control& 2=, B
Port®] ¢l 1bit> Z=of2t Ry Alojo] 22t A8-3H%

W A TEE SAol oty 82555 F3 LCDel Error
HAIA S EEetA Ha vk szt 559 Sl 82558 F
g LCDel U5 "AAE =9stal sAlo] Eolg Ry J3E

Yolmh A Eolgte o A% A sHdth 1em mofzte] t

2o A dr. Zole 2

flo
W
it
w
N
fo
Y
o,
offl
2
(i,
v

_29_



9 34 =olg A ade QT

Fig 3.4 Verification of the doorlock system

_30_



e

Aol olgE =4 HeolHe 242 F 39 FAE 294

Aol F 69 A 53 A AFS AW FS Harh

F 4.1 FAEFA) doly 4

Table 4.1 Analysis of speaker(voice) data

A R Ry
MER Fo 8kHz
st 9 o] IAH LPF(Low Pass Filter), 8kHz
Frame Size(4%% Z7]) 256
Frame Blocking($1 =% A H) 100
A ol YA Threshold #ITU) 50000
A/D A3t 8kHz, 16bit(Resolution)

2 Ao A g8 AEY Ty 8kHzE dAsYon, 29

o = LPFE 7]&4< 52 A7
"ok 929 A7 256, 9= AR 10002 AAGRH, &
AR R BF dudEse A odux WS Argsdd. 4
oA Threshold #-& 50000082 AALAE, o= FE

s 15 H2ES ZAA dAE grolt.
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Table 4.2 Various types of speech recognition systems and parameter

) Case | Case | Case | Case | Case
W\
1 2 3 4 5
JdE gy 19 T3 Iy
=AEY A
RLS &5 AA dauds
23 dEs e 54 1
.
aE
AEHOZ F 4204 F5F€ ZF}E Case 59 HHo=z A3 A
Aste Wyl g madele Aol ® =golAL o s
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Fig 4.3 Processed voice by RLS adaptive filter
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Table 4.3 Recognition rate per type of speech recognition system

o] N\ el Case 1 Case 2 Case 3 Case 4 Case 5
HAE A 93.00 83.75 85.00 93.00 94.00
HX~E B 94.75 85.50 87.50 93.50 94.50
H2~E C 93.25 84.00 86.00 93.75 95.25
i 93.67 84.42 86.17 93.42 94.58
% Case 1 : #4 & A&
Case 2 : ¥E ¢ ~HAEY AU S ALE

Case 3 : ZEH$9 RLS &+
Case 4 : dE 9 2FEH AW 4 A4=3S AlE.
Case 5 : ¥H RLS & AlA a2glx €38 A5 g+

= AbE

X 44 do] & VlE HEHY g mE AN E W
Table 4.4 Change of recognition rate depending on number

of reference patterns per word

A4 E\EA 5 1 A PAS I 3 A
Recognition rate 90.2% 95.5% 95.8%

3ol 2w W Aol7t gle Am g EE B =R
= 7l AEE 7 s 3 2wlew AAssl

F 4504 Ao APE EdE Casebd WAl 7l& do4E
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# 4.6 3# 44 FRR HAE

Tale 4.6 Speaker recognition FRR test

ol u o] = 3] 4 A3 ¥ ¥ Distance
AT 29 1 23.5
A8 E 28 2 25.9
A 28 2 24.7

s}ApQl2 o] FRR HZE

ro

A3 = ¥ 463 2o A 94
FRR H2EE F 3o 3044 WA HEAEE 3 235 HoF
FRR HI2E Z3} 556%AFE2S YEFS T 2 =94 = Distance

gtol 300lstd wivks SpAQIAe A Fstar, 30014 We 55

A &L FA ol deste] shApRlA S AR SHAE T2k
3% 4.7 32902 FAR HEE
Talbe 4.7 Speaker recognition FAR test
ol N R AF-3 5 H ¥t Distance
A E 1 29 975
HAFE 0 30 120.4
A 2k 0 30 130.8
E 47 A= Ede] EEste] A4S AES 459 FAR HZE
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function [xi,w]=rls(lambda,M,u,d,delta)

% Recursive Least Squares

% Call :

% [xi,w]=rls(lambda,M,u,d,delta);

% Input arguments:

% lambda = forgetting factor, dim 1x1

% M = filter length, dim 1x1

% u = input signal, dim Nx1

% d = desired signal, dim Nx1

% delta = initial value, P(0)=delta”~1*I, dim 1x1
% Output arguments:

% xi = a priori estimation error, dim NxI1
% W = final filter coefficients, dim Mx1

% inital values

w=zeros(M,1);

P=eye(M)/delta;

% make sure that u and d are column vectors
u=u();

d=d();

% error vector

xi=d;

% Loop, RLS

for n=M:N
uvec=u(n:-1n-M+1);
k=lambda”(-1)*P*uvec/(1+lambda”(-1)*uvec’*P*uvec);
xi(n)=d(n)-w'*uvec;
w=w+k*conj(xi(n));
P=lambda”(-1)*P-lambda”(-1)*k*uvec’*P;

end

B2 7 RLS €183 Matlab &2

Appendix 7. Matlab source of RLS algorithm
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