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Abstract

The LP filter is the important element of the speech CODEC. This filter is
what human’s vocal tract is modeled, and is constructed by coefficients as
LPC.

This paper studies about the method which is progressing the CODEC
performance.

First, this paper treats of the linear prediction interpolation that is the method
of the bandwidth expanding, progressing the synthesised voice quality at the
CODEC.

The one following, this paper proposes the LSF or LSP that is the method of
using to transfer the speech parameters after processed the speech to LPC,
which is digital coding transferring efficiently. The LPC parameters which
represent short-term speech spectra, are not very efficient for quantisation
because of large dynamic range and filter instability problems. But The LSF
parameters provide very good performance in terms of both quantisation and
filter stability preservation, and the LSF are currently one of the most efficient
choices of transmission parameters for the LPC. The new revised transform

algorithms between LSF and LPC coefficients are proposed.



LA E

Ox g 7)ao weatn Qe F4£3 AAH tfEo 175 HAE Alxgol
A@sA Aage wel A2 g &3, HAdo SE, Hio wEe2 4%
A3t LAY 249 UAE 29 2 AE7HA e @A IAFHZ A
o

OAd B33te olgaa ANEE dAE A3z H353 st AFolth dAE
Nzl AL AA vjAd SPHolx, dolErt B oI Ydolnr &
Ao A& glo] F§3] EAZL b, o F A 7l&& AHEstE otdza Al
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o Fztzt wWyel wet ¥t R

HAWZE M8 o= R33H Linear Predictive Coding ) ¥4& &4 ANF 54
A 34 29y YeE FARE dF ASs o mdy "ed AsRE oY)
ANZE o5 AF, 2gx B Fr2 BN @4 A o HEL o8&
Atal, 1982 ) AFH o2 42L& & & Aoy dF AF F¢ FH I A7
2o o] FA5T Aot B HE &8 YT AL o T4 99
A 94§ shuel Wy o2 LSF( Line Spectrum Frequency )71 e] A& €t}
LSFE A3 o2 ge Al2d gFeA b A stz &) Farstste A

$ate BuiEe $4 J4e Ae ggoz APstel xgHoR Hshe 7

o

Holth, F34 ggoz uF LSFY 4 492 (<w<r2 HH AH A
Fatojof st gtel B4 dgo] A WA edHolgE AL a2 UF HLE
gdoll A Yastrl o)FAA HE Ad fFo2 A FHEvlE AFo] o]FoF
S oujgth LSFE &49 A3 oF 3dd AHgEE £4 € F40AM gt
g} &} o) ) o] th.( Chung-Hsien Wu, 1984 )( G. S. Kang, 1985 )

BAS 93 Aad g3 e g9 o fol Az Azede 22 3= F A
o] &4 49 WA oz AFHT Y o 9 oe 7 ude g
& AUz giye FFow FHAD. LSFe 4 59 428 e €19
Zol o FaA N2 dZUE & olgdd RS F U WHE e o
iy, 4zt Holge ANY £v A7 g ANS Fdite FHE ALY T+
otk ol ZE AlgEe LSF 298 Audzel 33 2 Azte] FEE T8 &
T8 283 dugEL AHEEY.( Fox, 1968 )( Kabal, 1986 )

-~

e

a8 dF 49 3 FAE HAEH, dF AFrd 0 < y <1 7hEA A
y AHgo2 -y M WA H) FH o]FE =R dHF RFE
Algigte 24, LP( Linear Prediction ) "EolA A3 oy & t£ Bol £43)
We AlA2"dE FA%.( Kabal, 1988 )

E =Foe ddE g4 Alzd 34 € A Fde oF A9 LSFo
g 7)ol i e WP AGEH
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ot} o] FolA Huie] WFL Futse RS K4S, FuskA ¥ AL FAHS
o)2} %tc}.( Douglas, 1990 )
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AUz Ate] A7l AL B 4 dtd ol EUE( formant )2 31, o] FH

o 4 FH+E TVE Fase Bk £ ALY @Y 448 FFL Al

2

F714 A4S 2n ded o #2718 3 A( pitch )&z ot

pitch
\II voiced/unvoiced

I switch
random /O
noise gain

generator

vocal tract synthesized
filter speech

Fig. 1. speech generator model

ol A dEd S48 AY AAHLS YRt o R Fig 13 Zo] Rdlddng Hxe
A MY FdE2 RAYHT AEE Ade §7] 82 A% HE( vocal tract
filter )9] 7] AlZ( excitation signal )& 2498 fch Yuty oz SA HF37)
e AW MY "HZ XY d4F 2dg 7Y go] Algsted, A 45

X

B ASSe 48 4% 2HE Fsed o4 AE2RE 4P FHAD YR
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Fo) Azt wit W3lsee YE AFEE FrIHo2 FAUH O Foh. a2,
old My dF 2do] &y 7tx 7] AF ZdR} 2FH A2 4E FHY
&4 RE37)18 o)FA ¥t Fig. 1o Y&y e 97 45 2de Ao
AEEHE A2 F48Q AsE AXAE FUR e dE2 € A7NER

gL FASA ASE B A& 7] AR I

1. 349 48 W= ¥231

MY dZe ofm Aagel BA 2 A YUY 2L D 29 dFaE
Ae 2o

Hw = Jpin—i) = Raldyn—1) m

A71AM, x(n)e 4, W& 28, Y we AFAE gusd, a(d), HHE
A3 289 7HFANE vl = FA ddn o HEAEG
e wHe o) gdth ol o= Axel AN A HHo FFE Fet
Q5= Aztolot,

teoz BHAe YAL o o}F Jg
o, % A8 277t oo &7t

mlrt
AN
=2
2
B\

mlo

i

A gt A2de ndNE + 2

tlo

5w = = Sa(dyn—1) @

e(n) > s(n)

g‘aks(n— k) |€

Fig. 2. LP filter
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Fig. 20 Ao 458 md3sted 73 ®o] 2o/t LP ¥HE YeEpU
o] AN cEXe oF dgjo AFez 4 AEA 34 s(n)o]l 44ES ¢
F Atk &, 24 s(ne mld AA e A AHeE 4FH3 o] H9

4% 23 e(n)e

o

do

e(n) = s(n)— glaks(n—k) (3)

o1, F H#F AF aE

;[e(n)]2 z[s(n)— aks(n k)] (4)

olth, 71 me LPYUE AF+E e, g5 LP e dFAF LPC(
Linear Prediction Coefficients)24 FE& #A 338 ZAA At EE HA3se
Ao LPCE F3tv Wide A7) 23 Hys &4 $HA Lattice Yol
Ath( Douglas, 1990 ) #7] A3 WY& o F AFE de FAHAA A7l AL

Al=( reflection coefficients )7} HE| 2] tHAH S HAT & QUA|¢H UH AlFd

)

Y=Y Adol Hm2 As9 HPEst WolA @bt WA Utk E, FR
Aoge 98 Aol 9EYS HehA Qor® HAW Pejo Y Y
4 1o} Lattice $H L A8 A5 Y=Y S FHA ¥ e AAALE 2%
8 FAW BY ASE Forl ARME E3F oxe 9 B 9AE Ao
stmz ge AN & W8 $rh $4 FEHQ = CODEC )M &
& EFUES AN Fol 81 wowA B APHL AL A7 4B %
W Adsta e



2. XJ1 A2 ( autocorrelation ) B

d3718 Ads7] s 4 Do EE Axsses HAHY d3 AFE Aol
g} ol HHe dEAFE 27 e A2 Yel( Orthogonality principle )& ©]
&%tk ( Parson, 1987 ) ° Ax e s(n—1),s(n=2),.,s(n—m) HEAN
A g Fate AFES AUt A (D9 EE Hastste HAH9 A5 A
FE ALy d8 An 488 olgd oS e e F Utk

,ga(i)n-,- =0 j=12..,m (5.)
E = ga(ﬁri (5.b)
ri = 2ws(n)s(n—i) ,  windowed 7, = w(n) - 2005(71)3(71—1') 5.0)

A7l A B =FoAM UFE 549 8 E MELSL, 3 TS 2408 ER
T

& 71, ohZ3} o]l Hojd 30ms T A

0.54—0.46003(271 i ) . 0<n<N-1

otherwise

A (59 & dF AF a()E T37] A8 Durbin dn2lFole} = et 2
< 9AE ARG

W4 4 6)¢ oe B4z AAec



{ " 70 7 1) Ct Vm—] [ 1 [ 0
ry 7 Yo 7L Y Fmeg a(l) 0
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(o m e [aD] (7
71 4 " t Vm—2 a(2) 7y
7 | Yot Fm—g3 ald) | = —| ny (8)
L "m—1 "m—2 Vm-3 - g J L a(m) | [ "'m ]

Heo2 4 ) Bx WAooz o= o F2g A}

prediction— error formula : Z’ba( o) = E

4)) 7 79 73 o Y'm 110 1 ] ( E)
ST ¢ T R ORI TTI S a(1) 0
r. n 70 YLt Ve a(2) 0
= 9
r3 7y ) 0t V3 a(3)
[ 7m Tm=1 "m—2 Pm-3 "= 75 | L a(m)] [ 0]

A5 4 99 & a()E T Aoz AAHUL o] A (9 v 9 e
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[ 7’0][00] = [Eo]

1m)i=1¢4 o
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[ 71 7o)

Qg

a)

ap

0

+ Ay
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.

71a0+k17’0(10 = q+ klED

A714M g Yolel WolTh

i) i =29 o
7’0 rl
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Yo 7
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8

0

ay 0
a) + kg a;
0 ag

-

E,

q

+ 4k
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q

E, q
0(+k| O
? YO

7’200+ 7’1(al+k2al)+k27’oao = q+k2E1
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v)i=34 o
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1 Ny

3 7
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"

"

4

_4aq_
E,

73 ]
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n

4

J

q+ kgEl

__é_”xao' E, = Ey1-#)
0

E;
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1
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raag+ ro(ay+ ksay) + ri(ay+ ksa) + ksreay = g+ ksEy (13.b)

r3ag + Y2a) + 141/%) + kg( 11/%)] + 71a) + 7’000) = q+ k3E2 (13.0)
k= ——L = _—Li‘b ir1-i, B3 = E(1—K (13.d)
3 E, E, & a;7r3 3 2( 3)

RE 9AE AYog ey e s de F Ut

a.0) 1 [ an-1(0) ) [ 0

a,(1) a,-1(1) an—(n—1)

a,(2) a,-1(2) a,-1(n—2)

= + k, (14.a)

a(n—1) ap-1(n—1) au-1(1)

a,(n) | | 0 | @,-1(0) ]
a,(i) = apy(i)+ kuan_y(n—1) (14b)
b = o Zyann(D) 7 (140)
E, = E,_,(1-#) (14.d)

A71M a,& o LnAZFL B FHuA st AF A%els, ke LP U
o WAL ASEA 1 2717 15 Aol Wele APYE wFs Eoh LP YEi 9
A7t BobAE2 4 4 (1449 4% o E,ol Zekan &, d37lel 4
sol g Fole orlvth Y &4 9F A Yol n=1022 &t 10

2 "Ej7h 4 2olm Jon, B =AM E o]F AHEEH.
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III. 78 LP ¥ AA

1. 84 ¥391JI( CODEC )

BY g4 722 84 ¥E3y] BEEE Fig 30 JuAg o7 A&
ume 2ALYY g =R AE( 44E TAHEY Long-term ol 3o] o 3
W% 2707 B 14 mERe 20999 A% gHo Fojwch o
A7) Wse YEAHE 2UYP ¥4 YHE 2837 A8 AL dagd
A ooj7] MEE $4 NE §(0)E S A ¢4 UHE AH Endd A
YHo2 Fee seiviHg WA ZHsn, =% AAS a9t k AT} oS

Gi% G& e

Input Speech —

L Adaptive s(n)
————2>»( X) | |mememmmmmemcea
Code Book '

H '

) Synthesis | §()
R J yn‘ esis | s ' a_
' ] Filter '

] A )
] . ]
' Fixed Decoder ,
: COde BOOk ———————————————— |e( n)
i
'
:_ -4 Minimize < Error
Error e (n) Weighting

Fig. 3. CODEC encoder block

olf Fzx9 &A ¥ 3 3}7]+ CELP( Code Excited Linear Prediction ) d¥ o &
A B AF7F o]FojA 1 Uth( Mahesan, 1990 ) ©] CELPolA Z=¥ stain]
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HEe oA 348 23 o $4 399 713 delg Harsses2 M=ozl
O ZgHoz Jted &4 =X JEYE AXNY £ UA 71FE NAEAAM
q Az 7HF 7k Eo] FoAEIE H2ESY] Y8 §4 HHE AxA
o o] HUE H FX F2E VIEE ¥ A 4 A NIZE O] A
< T3 87 A A& Eh
ey o] FEEI|AA FAY H FEZHIZY F A 49st ok A MR
d5 9o o2 ANiAE HAasshs Short-term A& o2 ole] Wel9 g
g 499 #FY GHY ZAA Utk ole o) AF w(n)ol §A HE9 HyE
1stn EEEAAE, ¥4 e DenEst 2PH4E o oy) Nz Hes}
1AHA Feoh o)A AFeln, A FEs 2EYsrld o wA A 3C
%% ¥ F & Long-term 35S 18 AR & YLAE REE o 9
o] gt
AT H FEZHZAMY F A dodt= IE FevEHE] AAAM UG, &
38 ME % 2P Z=R FerHEo] 71FH o AN £BHA Hase
THs7] A FA BAH NRGE, 9 04 I=8 57 ‘Golat 2HF A
5 Ad#} oj50] AFEY. 1A Fo] Hg = A57} Fo
A 13 ZEL FojHES Zedh o] REGM Has Y2 CELP Y
B AEE Fo]7] As AMdAk gy S AN o
" A7 AchE RAo| Wit
oJgA old Kzsty] MA M Havie AL Short-term My o
Long-term 4§ ZE=X A3 14 38 gdojates 4 74x 71z §4d) o
stel wgdn Al 7kA 712 #9 Yoz Add LPC, ¥4 n=E Ad3
°IF, 1A e Adxs o)59 AYvHE YRGHM AEHAY AP
Fol, £A Folu EH Ao o]52 o] &3t 24 FAs AL

!
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2. LP Y1210 [Ho% 5ty

Fig. 3o1M 9] ¥4 HE( Synthesis Filter )& T3 2 Al2® §42 Fr)y
= LP 982 FA4do

H(z) = A(lz) - goa(lk)z_k (15)
ol LP HE{olM LP 24 A a(k), td a(b)y'2 dx8 St 24 2
A Al dGE g3 AP o] AP 0 < y < 19 7FER QA g0l o)
z-HHe] AHAA WA} 1—123 SHE olFAHLR olFo L. oA7dA
a(0) = 1.0°1th. ©] 48 AFEL LP ¥E 2" &5 /A2 A Ao
o 15Hz82g f8 g 4 (16)9 938t y = 09941278 o] &3t} ( Tohkura,
1987 )

bandwidth expand = — f,/n Iny[ Hz] (16)

06t

04}

02+

02¢

04Fr

06}

08}

+ Onginal
-1} { * Expanded

-1 08 06 04 02 0 02 04 06 08 1

Fig. 4. The original roots and the expanded roots
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& ATFEL Ty F 3 2ok obyag} 7 AE T vttt Wasts] oio
Wl AE Zegel Ztzte] F3k 43 Yejz H¥¥og wy 9o,

°
o HAE B g Fig 494 BAY $ UKo Alad gao TS
A o2 AN G ¥ ZoE o]FANY. 28)ste] LP WHI Az of
UAE tf Bo) Tgaiuls 242 & 5 Jd52 ¥3 9o

5, LP 8H dFo] 6 B2 A59 uxg Tgen ot onely o]
© 9% Fig. 5914 &8 £ )

T T T T T

e original
nonexpanded LPC 4

551 NN e
' 'r' —_—— expanded LPC
%)

5

3sh ' __,-’ ]

~
o

Magnitude(dB)

N
<
£
>
1

25 i 1 il i 1 |
0 05 1 15 2 25 3 35 4

frequency(kHz)

Fig. 5. Bandwidth Expanding

Fig. 4, 59 Zo] 9 Z g gygtoz LP WEs} 439 oyxe oS ol
THE WAt Hol A7) Usz FAREE do YRo| L Fopan a7
3 Fig. 63 Fig. 7] YehlidSo] 2849 H¢ 32 gae TEdd 13y
FES BAoA e B dd Yol O Fobd nH =R Yoo S
BT #4Y Y stele 7] M58 FERe Qurg ojEoz 1} 2}u)
Sate 24 "Ee JelgRel de o 2L £ At 2 9 P g4

2 RYY F UL oujan.
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x 10

. Residual signal

3t i
Target signal \

magmitude

0 50 100 150 200
Time(samples)

Fig. 6. Codebook search by nonexpanded

Target signal
. Residual signal

magmitude

0 50 100 150 200
Time(samples)

Fig. 7. Codebook search by expanded

A7t S4e BENN) A o HIE BFe SN HmY LSF P
Shob Fastd LSFEIM HYHoz of% A4E2 Washs 24 g4 Pge

(o]
= o 2
ZagHoz & F UA .

-
r
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3. LSF( Line Spectrum Frequency )

LPC @ &4 990l a7] o Hgolut A4S 989 LPCE A3 at 7

Fol @e WE gol BasAHG. $4 NEE BHY 9 24 dolgs) 2
A AF A2 &

Sx 2 ¥ olYe FAde dolE M3 v ol g o] 5 of
°F 371 wEo] £4 dolE7t HEFE AEWolH fsiTh Gy AEA sy
AME LPC §4 999 Ade 948 shte] Wyoz LSF 7)1go] Alggo,
LSF= LPC 98 A2 oA o] d922 73 o8 Fzistated, st
T AAEY 54 oS A2 Jdor AW AgHow HEHE 7o)
o FAF Ao v LSFY $4 d9de (<w<rz #450] A A4
ok 3t gl B4 Fo] AL oA @YHolPE A 1 v Fe o
AM FAg7t olfojth aen, LPCE 1 B4 o] A7) go o2 L}
Stet A dolee] dFel SR, wele LSFE 2 S Ho YA gome
Gatstz Qe dloleol o] YztelA] ot} o™ Fomm HE Ay g
o2 =4 SeulE Aol beA € LSFE 49 M8 o2 ade Aley
oA R el M digkel shejul g ol

1) LPCOIM LSF=29] B3t
T4 #2973 ( Minimum Phase ) LPC t &4 o] A A] a}sho}.

A(2) = Zoa(/e)z"* (17)

71N me LPC P9 aolm, a(k)e WEQ A4o|tt LPC YE = T
o

A5 3 98 FAE EAYS o B0z s 4o =Y Fas o
AN Fas 4k ETLHE( Formant )& 2dPste] So T wsol y
HYS Aok F, Alge] H4EE vYYY otk qelm, Y o= 3y a4

< A7) G, FEA, Lattice 59 wyoz paa = Aot
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e o2 A A ( Symmetric )9 thahalnp n) o) %) 2 ( ( Antisymmetric )91 t©}g}2l
o8 FA43u
Fi(2) = A(+2z2"""PA(z7Y,  Fu2) = A(2)—z ""YA(z"Y (8

ol Ml YA tgoz W% selvlee] ¥4 dde dAsty] Yok wyo
=M bl ojstel Fu oz uiW o] MR gyge] 2o Yoy pe =
ol At

A, 2o 927 BT o9 4o EAs

22 2= 218 A BE glo] T Ba Mo Ea o)

4
r L

A
54 F A& A4 LpCogolatd 2o AAv) vy 9 o 2Aaoe
Aol s,

A7lANA Fl(2) z= —19] i+7} Fy(2)iz z2=120 & x¥31 g}

Y

Lo o2, z= t]oMe] 28 A A o= t}aral (18)¢] o] o] 9 A&
ALstnye 2

ToEA EL BoR FAstel vy de 49 nruuk mesely
A= ol o] 7] wFolnt

Gi(2) = 1421 and Gy(z) = "’_’;TT m even (19)
@Y G(2),Gy(2)9 & LPCY weot sebue LSE( Line Spectrum
Frequency ) ®& LSP( Line Spectrum Pairs )2} &2t}

Fig. 8ol 41 { 1.00000 -1.20224 0.00223 -0.03548 0.08875 0.19893 0.04769 0.04036
“0.11231 004571 -0.01723) LPC Al5:i wded=de o A(z) 9 HAAE &
A &kt

Fig. 8el41 2o 27} 2% &9 9 <ol ZAsted Ha 44U & & Ay},
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1+
ol /_
06

04F

02

04f .

\\ + /
06} N\
08k . -4
\ /

-1 08 06 04 02 0 02 0.4 06 [0X} 1

Fig. 8. The root’s position of the A(z) polynomials

212]3, Fig. 9ol Fi(2), Fy(2) 29 9X8 =A8}

T T T

T e
osf / ]

o/
[

02}

04t

N

j \\_J/

s n 1 i 1 1 1 1 1 n

-1 08 06 04 02 0 02 04 06 08 1

Fig. 9. The root’s position of the F\(2), Fy(2) polynomials
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°f 2¥S AHEWE, Fi(2), Fy(2)9 o] @9 94 den, Mz Az =

rlr
Jm

A kiaes A BUAT F At Fi(2), F(2)od z= x1olX e 28 A A%

oK

Gi(2), Gy(2) BF ABe 245 259 i gasoln 2ejez, 2o Ba
o oz EAstel, 9 walel Ut I FHAE o] A Ak o)
O$ 2849 FA8HE h5A AFT
4 (18)% 4 (198 o g3t Fojmw,

G|(2) = :'=2I41 m(l—Zz"lcosco,»-%z'z),
. (20)

Gy(2) = . Hm_](l -2z cosw;+ 27%)

A71 M Gi(2), Gy (2)9) 28 F3t7] sk, 29 A7 @9 dolet= Yyt
A ¥ A Z( Chebyshev ) thdt24 & o] &3t xo a4 oz :at}( Kabal 1986 )

I = 2+ 27" = 2cosnw (21)

A7l A p=m/2013, A (2D)& 4 (20)°] &3, S S A2 $ g
Gi(e’) = e7’G(w), Gye’) = e7'Gy (w) (22)
G/'(w) = 2cospw+2g(1)cos(p—Dw+-+2g(p—1)cosw+ g (p) (23.a)
Gy (w) = 2cospw+2g,(1)cos(p— 1w+ +2g,(p—1)cosw+ g,(p) (23b)
ojmf MBAZ e g Pt
X = cosw, T,.(x) = cos(marccos(x)) (24.a)

Tu(x) = 2xT,_(x)— T, _,(x) (24.b)

1

4 49 ANHAZ GRS A (B0 HEaA, e A dth
G'(x) = 2T,(D+28 (DT, () +-+28(p— DT, (x) + £,(p) 25.2)

G () = 2Tp(0)+28:(1)Tpoy ()4 +28(p—1)T; (x) + g,(p) (25b)
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Y(X) s C0T0+...+(CN-2'—CN)TN_2+CN_ITN_1+2CNXTN_1 (27)

Y(X) = COT0+ I (CN_g_‘ CN—I)TN—3+ (CN_Q— CN) TN—Z
+2cN_1xTN_2+20NxTN_1

(28)
= C()T0+...+(CN_4‘—2CN_2+20N)TN_4+(CN_3_CN_I)TN_:;
+2(CN_.2_CN)XTN_g+2CN_1XTN_2+2CNXTN_1
oA Fo2MN, A (299 2 Yury g A
Y(x) = xY'(0+ ¢ (29)
Y() = x(xY"(0)+ ¢ )+ ¢ (30)
Y(x) = gock'xk (31)

4 BDAE 4 (D)9 B85 G2, G(0E P Aoz G (x),
Gy (DA 2 2,8 AMsted, LSFE 780 oW, LSF w, = arccosx,olth.
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Fig. 10. The root’s position of the G, (x), G;'(x) polynomials
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Y
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Y
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LSF: w; = arccosx;

Fig. 11. The Algorithm to transform from LPC to LSF
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2) LSFOIM LPC29] ®iat
A d$5¥E LSF 0,8 953 o] vt

X; = COSw, (32)

G/'(x) = JjIZ(x—xzk), Gy (x) = EZ(x—xZHI) (33)

s

A3 2 x9 IFEH FHEZ FEE 9By G,'(2),G (x)olth o] ¥
BHOEN g4 A+s 73k o) +8& &7 A8 2 x8 U4 U
A, 4 (3)E ol 83t AHIMZ thaty e Py wpEo

1
YN+1(X) = Z(x-x,)YN(x) = k;%_l[ck_l—.?x,ck-i-CHI]Tk(x) (34)

T,(x) = cosnwg °]83td, cosined FEo2 M3, G, (w),G) (w) T4

T3,

tjo

Glw) = G'(w)xe™'™, Gyow) = Gy(w)xe '™ (35)

a3, ME AL Ho] 4 32 ol§3d, G(2),Gy(2)) A4S Tt

2coskw = zF+z7* (36)

2, G(2),Gy(2)ell z= x1oM9 2& TFAA, F|(2), F(2)e A%
& FEh 18 Fo] gge 4o LPC Oty A(2)E FaTh

A(z) = —%{Fl(z)+F2(z)} (37)

°f ¢nFL A AT Yo EHE 0|83l Soong and Juang®] ¢ xg

&< 7B Kabal and Ramachandran® ¢ 3 a Z o]t}
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o (38)

Gy(2) = .‘=1Hm—1(1 —z Y cosw,+27%)

4 (38)¢ T ez o) & 4 3

Gi(2) = ’gl(bn-*- bpo1Xppt bp_p)z” ",
(39)

Gy(2) = ;Z:)( but by Xopr )+ by_p)2™"

A 39 x,& AY dYstd g FAA HA, g1((n) = g(m—n)I <
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Fig. 12. The Algorithm to transform from LSF to LPC

_24‘




| |
<
>
oot
Nis
k
)

CELP 292 &Y 4 N5 g sty 992N 3Eses AZe 2807
RBE ZaAl Ao vsoltt durA oz ghe A Z Y3 PCMS ol &3ty g =
g 24070 AER o] Fox, 60749 MEL G2 3 @ Zaed T 49
ME ZHYde Fo g4 HYE & 29 HYWF suolth. CELP 24 L
analysis-to-synthesis B2, A X o2 7}F " VQ( Vector Quantization )& A
& dZe 7|28 F1 Yo}

102 LP 8= &4 4159 Short-term EHE F2E 248388 Long-term
LP =& A& 4& A=5 VQE 2933, Short-term LPS 34 VQz ¢

YAE n4 mowoz FAsstE Aeolth ol HelvlHE olfad $4L

Short-term X HE FZE 2483 LP g Alge 7153o2 g ZHL g3
3t HAlol §8&% EREN YA SAHE FAHIEE g, o] W yAIAE
o] 238 93ty LP HE A$A g, A 7’2 dHANA ¥y = 09941272 ALg

& o}
Uh& Fig. 13& 29 dgo) AH8g “FAFgAIYUL e 4 Aol

Magnitude

BN o o -
N =2 0 O = W N

N
th

W

1 A 1
4000 5000 6000 7000 8000
Time(samples)

g
3
8
:

Fig. 13. The original speech signal

- 925 -



[=1 =]
0o oo -
1

[= =)
o N &
"
—

‘2 B2 BA RS

AN
L

L s
150 200

8
8

Time(samples)

Fig. 14. The 9'th frame of the original speech signal

Fig. 14= dallo] 22 o}F WA Zage) 2152 Fig 150 Fa4 BEMoz
LPCstel BAE =Ast 4

R original 1
_______ nonexpanded LPC
- - expanded LPC

Magnitude(dB)

A " L s s
] 05 1 15 2 25 3 35 4
frequency(kHz)

Fig. 15. The frequency analysis by LPC

Fig. 1594 #2118 4 Qxo] LPEzle] ol tlo% sge nddoe) 23 o
< dB¥ ejo]},

Table 1o a2 “FATRYUL" S 242 WZYd £ o}F WA Zge)
4% o3 e A5 2 F39 DY Asd @ T 92 YE

‘26_



Table 1. The pole position of the 9'th frame

1.00000 -2.12793 153486 -0.15420 -0.89320 1.04058
-0.29519 -0.49133 098792 -0.86528  0.29892
-0.8655 = 0.31261 -0.1264 0.8554i  0.3749 * 0.8105i

LPC

H

0.7265 = 0.3245i 0.9546 = 0.1548i

1.00000 -2.11543 151689  -0.15150 -0.87240  1.01038
-0.28494 -0.47148 094244 -0.82061 0.28182
-0.8707 = 031451 -0.1272 *+ 0.8604i 0.3771 * 0.8153i

l 0.7308 = 0.3264i 0.9602 = 0.1557i
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Fig. 16. The position of Table 1's pole
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Table 2. The pole position of the voiced and unvoiced transferred subframe

LPC 1.00000 -1.45762 0.91193 0.05577 -0.23912 -0.45715
0.78404 -0.65210 0.38734 -0.12481 -0.06670
-0.2452 -0.7904 £ 0.4802i -0.0091 = 0.71041
359 94
0.9207 0.7214 £ 0.4354i 0.4691 = 0.86261
$3§ LPC 1.00000 -1.44906 0.90125 0.05480 -0.23355 -0.44389
€ 0.75681 -0.62576  0.36951 -0.11836 -0.06289
-0.2466 -0.7951 = 0.4830i -0.0091 £ 0.7146i
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Fig. 23. The position of table 2's pole

_31_



9 Table. 29 Fig. 23014 B 4= AFo] 345 LPCY 2o 9= AHol
Hodel A 2oz A Moz o$aqth oY HAL A FM AFHAR

o e ge AWE A & At

4

x 10
T T I ;
,,,,,,,, Target signal
’ - Resgldualgsgnm ]
L .
05
i 1 Fi /
T 0 | e ettt Ay gl g » /
3 B i J
E ost |
KRS )
15F ]
i L L x
o =0 100 150 200

Time(samples)

Fig. 24. The residual signal after the adaptive search by nonexpanded

x 10
T T T
Target signal
Residual signal
1F .
05} =
] Mw
g o M
= g R
% ¥
£
05 —
RpS .
154+ -
I 1 1 A
0 50 100 150 200

Time(samples)

Fig. 25. The residual signal after the adaptive search by expanded

Fig. 245 842 Aldsta 9 BAolm Fig 255 248 Adstel g 2
olth, o] Pl YebEol B8 At Ay Aol g mgHe A

§ mE¥ g 242 4 4 Ao

- 32 -

[ )4



o2 Fig. 263 Fig. 278 tg ©A) 24 =5 g Aot

6000 T T T T
| Target signal
| . Fla)(g g
4000 T B
t |
il
2000 |- | »UH
el M ﬂ i
® o o o b aandi ! \]A'\'. ' ’“p YL'\
é ~7 g | ’ | I} \' YI hJ 7 N
g’ ‘|
> -2000 l{ 4
-4000 |- | .
“
6000 | ‘; g
-8000 1 1 [l ' 1
0 50 100 150 200
time(samples)
Fig. 26. The stochastic codebook VQ by nonexpanded LP
6000 T T
Target signal
F|xg (g
4000 - v .
2000 + % .
|“ 2 N i
® o . — N A~ : / o ‘ J Al X fr
2 v
5 J /
> -2000 - -1
-4000 | :
6000 | _
.m 1 1 1 '
0 50 100 150 200

time(samples)

Fig. 27. The stochastic codebook VQ by expanded LP

oeldt AHE BT AMA the ol 2 FHLL W W

_33_



Magnitude

Magnitude

Magnitude

1 1 1 1 I
0 1000 2000 3000 4000 5000 6000 7000 8000
. Time(sgrr)nles)
Fig. 28. The original speech
X 104
T T T T T T T T
i 1 1 1 1 1 1 1 1
0 1000 2000 3000 4000 5000 6000 7000 8000
. .Time(samnles]
Fig. 29. the synthesised speech by nonexpanded
x 10°*

4000 5000
Time(samples)

Fig. 30. the synthesised speech by expanded

1

1000

1
8000

1 1 1 1
2000 3000 6000 7000

,34_



Fig. 299} Fig. 30914 4S9 vx AEZAM &4 35379 A H71e 9
& AAHA H% HE9 SEGWSNR( SEGmentally Weighted SNR)-& A& 3t}

2
SEGWSNR = 10log Zﬁi% (40)

SEGWSNRE T3te =¥, #F3E ol&3tx 94U we SEGWSNRL

33322dBolx, &4E& & W SEGWSNRL 44280dBeolth. & #4S #S o
7} 1.0958dBA =] A& Bt awa FRHozs FAHSE Sorw g3

2 o8B E Hf Aol o Uss ¢+ AU

|——Bl #% SEGWSNR = #% SEGWSNR]

3dB

25d8 B

2dB

1548 1

oY "BAFZeYLict Sy "SIt 0iY "t Bty Lt =gy rehgstyunt

Fig. 31. The SEGWSNR graph of some sample voices

YA SHE e &4 REAV 45 HAE Astod A - o4l 84
o2 “FATAAYUD S “PdAAUA"E =l Aol A&}
Fig. 31 © S4% @ &4 ¥587 4% #7120 SEGWSNRAEoIt}. o

ARZAME AE £ UKol dwHoz HAA FAHgo de Y

o

djo
tjo

F38]e] ool dtHoer s

£
I

SEGWSNR g& Holx 9}
¢ 4 A
Tl whate] o] RE 37l wHOR CELP 54 4 47= A9 I5msec’t Qe

d, g Z FFor st F 16msece 2ol 41}

_35_



o2 53 ¥do] ohd tE WelrMel A& LP UE A AAA AAM
® LPC-LSF 43 ¥& ¥u3F F£3¥A3o)d.

LSFE LPCE ¥#A 9 2d32FE 4 (39 A oidog Aa Aol oA
, QM 27 Ho A E B L WAl dato]l A FolsYrt
2 =@M e EF 249 LPC "E e 1A 943, ol o451 Y= #SE

Aol tigk N dmejFolot

°|& Fig. 32914 o]do AIte KABAL®S % 18lZ( Kabal, 1986 )3} ] i

t=}

Bk}
U kabal's Mul kabal's Add Proposed Mul %% Proposed Add
200 ]
109
100 | 78
1 29 i 4024 25 1535
| 312 37 38 12 615 18° 10 15,“
0 - ksl ol CRE iy o B
4 6 8 10 12
Order

Fig. 32. G,'s coefficients operations counts for the kabal algorithm and the

revised algorithm

A Aike] 18

A 1028 A8 59 ¥4

1Y HAEY Y ol o]gH ¥
+ 9

Mol 10702 23, QA Aibo] 78 AAM 24702 Z2USS BAY
g #$AT F U

AN

F4 Aol o 40%, 94 A4ko] oF 70%9) 7

_36_



g egoldt 284 &4 Favle 4AS dskel LPHE ] AFeA LP
nzbel o BHZ By AME LPC-LSFotel 45 @8 Fne3e 0w
=3
!

o

A LPRZ ¢ ddE &30z 583 Iy FMY ofrstd 4o
=4S B 2 F AU 2o 2Ye Falo o]y PAoZ SEGWSNR 5
Hd &7 7hesite AS gAgdth oleld LPRIte AE 83 &S Algsin
E Z=H g0 284S 9 AAHoz §A4 8o SEGWSNR 1.0958dB 34
< B 2y d9E 8302 Q3ld Adad AL Imsecd EHMANAS
¢ F AA

H&o2 LPC-LSF #adste] 28242 YugFo Moz 23579 HE
& FEAAGD. 71ES el nigte FAn gde ARy Fgod, 103
LPY 3% 542 40%, 4L 3J1AEZ 2Y F 3o B LdueZe] f840
2 29

old LPHEIS] AT7E Tt F33v)o 45 G4 £ ARy, 5 <
Zde Ad F7HE Y F Adv LPUHY 77 2S¢+ AUk 2@
1 gRE & V&S AEFoE Jags)el HE A g IERG Fol

o o $Esrle 4Ee $HAL & Ug ol

_37_



- A. Nejat Ince, Digital speech processing speech coding, synthesis and

recognition, Kluwer Academic Publishers.

- Bishu S. Atal and Joel R. Remde, 1982, A New Modal of LPC Excitation for
Producing Natural-Sounding Speech at Low Bit Rates, Proc. ICASSP, pp.
614-617

* Chung-Hsien Wu and Jau-Hung Chen, March 1984, A novel two-level
method for the computation of the Isp frequencies using a decimation-in-degree
algorithm, IEEE Trans, on Speech and Audio Processing, Vol5, No.2 pp.106~
115.

- Douglas O’Shaughnessy, 1990, Speech Communication Human and Machine.

- G. S. Kang and L. J. Fransen, April 1985, Application of line spectrum pairs
to low bit rate speech encoders, in Proc. Int. Conf Acoust. , Speech, Signal

Processing, Tempa, FL. pp. 7.3.1~7.34.

- Gene H. Golub and Charles F. Van Loan, 1980, An Analysis of the Total
Least Squares Problem, SIAM Journal of Numerical Analysis, vol. 17, no. 6,
pp. 883-890

- J. D. Markel, Linear prediction of Speech, Speech Communication Research

laboratory, Inc..



- J. P. Woodard and L. Hanzo, Improvements to the analysis-by-synthesis loop

in CELP CODECS.

- Jason P. Woodard, June 1994, Digital Speech Coding. Mini-Thesis,

Department of Electronics and Computer Science, University of Shouthampton.

- John Bellamy, Digital Telephony, A Wiley-Interscience Publication.

- L. Fox and I. B. Parker, 1968, Chebyshev Polynomials in Numerical Analysis,

London, England Oxford University Press. pp.5.1 ~5.3.

M. Fratti, G.A. Miani and G. Riccardi, 1992, On The Effectiveness of
Parameter Reoptimization in Multipulse Based Coders, Proc. ICASSP, vol. 1,
pp. 73-76

* Mahesan Niranjan, 1990, CELP Coding with Adaptive output-error Model

Identification, Proc. ICASSP, pp. 225-228

- Mammone, Robert J. ,Digital Signal Estimation, A Wiley-Interscience

Publication.

* MD. Anisur Rahham and Kai-Bor Yu, 1987, Total Least Squares Approach
for Frequency Estimation Using Linear Prediction, IEEE Transactions on

Acoustics, Speech and Signal Processing, pp. 1440-1454

- P. Kabal, J. L. Moncet and C. C. Chu, 1988, Synthsis Filter Optimization and
Coding: Applicagtions to CELP, Proc. ICASSP, vol. 1, pp. 147-150

_39_



- Peter Kabal and Ravi Prakash Ramachandran, December 1986, The
Computation of Line Spectral Frequencies Using Chebyshev Polynomials, JEEE
Trans, on Acoustics, Speech, and Signal Processing, ASSP. 34, No. 6, pp.14]
9~1426.

- Ronald D. Degroat and Eric M. Dowling, 1993, The Data Least Squares
Problem and Channel Equalization, /EEE Transcations on Signal Processing.

pp. 407-411.

+ Sharad Sighal and Bishnu S. Atal, 1983, Optimizing LPC Filter Parameters
for Multi-Pulse Excitation, Proc. ICASSP, pp. 781-784

- Thomas W. Parsons, Voice and speech processing, McGraw-Hill Book

Company.

- Yoh'Ichi Tohkura, Fumitada Itakura and Shin’Inchiro Hashimoto, 1987,

Spectral Smoothing Technique in PARCOR Speech Analysis-Synthesis, IEEE

Trans. on Acoustics, Speech and Signal Processing, pp. 587-596.

_40_



U\I

PARES

u

b AEANE Al vhgel A2 AAN FAlw,
We 5 ARE MM Helst B oA wod e widd Viow
#AE =gUTh adL, FREE 2 hRAE 5 AEE xdn A% 8 F4

- = 0 5] -7 A= = N —q 2~ . - - - e -
ol &8 ugd, ¥ wFd, AEF WY, 59 ey, AuA ngedAn

s, Wishd A Fol dol whAtel ol HoeiFAl AW Hujdy yg ®
Holup opAF A= FF3] Advld, aeja m et o] Aol Roirlul A
& FuNd FFololAl mokEE Hev], oAl ApHelA A Fxn
A AHE F3 Gl AR nvkgS AT
ob 2], olelu} @ale} ofgo) o) YA HBE 4 UEF AAHA Awtoi wa
o Fadol olgA wesiof 2 E HgarE g A U A Sy

o 2eln QAL GG vhgow el W T A o ANE @A

gt

e

hAEe g oo 28 vhsel Hol MY, AE oA RE Wb ue ¢

9% shtebs 0 &dg
g

G5 shob Aaolett He AL v 4+ 3l
Hulolehe 2&Ue
A3 Thop HFolett We e T & gl
ngolg 0 &Ue



	표제면
	목차
	Abstract
	I. 서론
	II. 음성 생성 과정 및 모델링
	1. 음성의 선형 예측 부호화
	2. 자기 상관(autocorrelation) 방법

	III. 개선된 LP 필터 설계
	1. 음성 부호화기 (CODEC)
	2. LP 본간의 대역폭 확장
	3. LSF( Line Spectum Ftrquency)
	1) LPC에서 LSF로의 변환
	2) LSF에서 LPC로의 변환


	IV. 실험 및 고찰
	V. 결론
	참고문헌

