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of Linear Prediction

Soung Chum Jho, Young Yeul Han
Dept. of Elec. Comm. Eng, H. Y, U,

ABSTRACT P
-k

E(z) = X(z) ~ a(k) 2~ X(z
Reflection coefficient.gain.and ( ) ( ) %;‘ (k) (2)
pitch period of the speech sign- P
al are obtained by analyzing the = (1 - z:a(k)Z-k) x(z)
speech sagnal. The method used k=1
is that of linear prediction.

3
then speech synthesizer is impl- .
%Y x(z) = E(k) (2)
emented utilizing these paramet- S -k
er. The filter used i1s one mult- (1= k1a(k)Z
iplier lattice type filter. -
1. 4 & 2. » F
gUBY L yxsl 21 SME UM BuE ol A2gsl $A clolofaBE 2y 102 A

$2 geol sl We KU Aol mheh z
e B0 24847 B2 FILTER BANK )9 LPF S/H A/D COM.HSNRAGEI
ol$§ &Mel 2WeHol YAHER Visis By l * J
VOCODER . U¥oldof 24P S4HYY. AR 3 o+

ANy o2yt 5= ARTICULARYSYNTHSIZ -
ERSo| gt ®¥ VOCODER: 233 Su¥

@7 olste=i Aol ARshalh g Yol Han Lsm“cg}-—~-{con.}-——-—{nn ] . |

HEE slstod T A48V} T FYYYAE uielet
LAV VY AU Mt Wil gzt 3
ol H{Ach. 3 34 U4l PY VOCODER
7t FapaPdol 2 E F oladdl visid Y old
e APedeldel 2y dielo] Zxka FAoluiel
teinje s 2 oleh. V¥R 2@ AYS AD-
APTIVE DPCHel szt gcf- 4 Vze

LPF:LOWPASS FILTER
S/7H: SAMPLE AND HOLD
A/D:  ANALOG TO DIGITAL CONVE-

olf2aE A (1)% Zojzlz & (11§ 2Zwe 0, 'ETE?T .
A HAHE 4 (207 Bo.gH 0T edea Al TAL TO ANALOG CONUE-

eln)g JHosr 4 (2)4¥Y &HE =
Heiz| F¥23 FVPE oE2i§ Hiir Al
al kel =270 4820 29,  o|Eo] 2
EqzfoiPep . # EPeldd LBalgol 2Ea pad
aeinisif ol B BHIY ARG 2y AL} .

am (1) Aase 34

gy VE A8 YY ATED WED UL ool

v 2§Es4 P22 vlel2s) Fao] njstez  OP

AMPE 1y 2&fch.ol v2r 3.3KHZ2 29

e(n) = x(n) - Za(k)x(n-k) (1) Z2§ 2+ S ButterworthPsle ol AT
) 2 sigvh. EEH Zdat A/DEEsE WEAL

dol maowosisgd 7 . 1KHZARZ 2 HHH

-179—



79 228 BE 48P ¢ 32 Awe  SuF
BENY & k. BEHD L2y %2 2 ool
A kol QA4 S 27 wolal: DB aigol
Asl 8ol shrleni vzael Puiftel 4wt Ag
Azle Feld ¥ EE 284 HE 3§ JuEe s
4MThRE ol ROA L4EHE 2§ PYot B
(2) %= As 2§

g4 UFTe] W 2TE ZdOmsIer 21520
Aol WRolfch. ¥ UIE 2@ -3@msoly Ao
Wisk glems of 218 shim maliogsty We
AEE 4-7A2 EWE Zxang DaEH® B 14

A7k BRsbet. B oJldoidE 1 0A Hel A
<8Pl 2 xletole{ B 257 Vol BPH2xE Folzl
#ldted ¢ ielF stewl pre-emphasisg
Hamming Windowzs %ol

d# oldel 2ax THE 2us2 .
Hamming windowd zatr] 43%ol =sH4 A
+F 20 zZagd SToldel i Folr P
Aojt} . pre-emphasisi® +b6db-octel s
$ 23 4 (3 )oielald e, PeALE 27
Bl ad 2P . of Ala: Alaz  Farthy
Az {truncation ) §3® IUvyezg HWele
KY§ YIRS Atk ol VaALE 4B
28¢s Qon P ARIRE 2.
Y(n) = X(n) - u X(n=-1)

pre-em-

phasisk

(3)

(3 ma27y 24

A¥E 28
Yol
2yolE gL o
71 Fol AUmstzr o
e xlx 27l o
Zaz 1% 2yEeT 49y
Aawe Suz Pur
differ -

s 25aE €S augs e
Ak @ A &

SEE

A dert gaB ni
2] Ate)l Wasdeh.ateby 2
#* 485> AMDF(amplitude
function )& <&+ x3ZEE Ds}
27140 A: VTR o)FAT €y VIn
Yug  olfald  olFAT U2 ¢l

Yol 227AEE 2t oS ML Babelg

ence
et
YA aAE
NE XD T
oELE

-1

Vo(k) = > x(nem) - x(nen-k) 4)

m=

time origin

ﬁ 7 ﬁl} a1
Pt i

ST ATAT AT YA T
gfﬂrm i1 “ﬁ”ﬁflfkfﬂ
b e f

n 3

:=aﬂw;
g

U®ze} AMDF

¥}

BajalaBe . AMDFE & (4 )23 20§t} .

—180-

AMDF & 2% Ze2xYol Ytsin
Yoo Pae VTE AW 2y
A2 gaw E 221y
VZ§ 284 22 oi# olf8«d AMDF§
xjz} HEol salsbet . IHBF =aodme
SEE & I (3o wch.
1AX] BE 2ieidoll &409 )z mE3
Yeolaiel {2 ayyrt Heoi B
¥ F wEoly Hgol YWy 3+
WHoldy: BE 4% w2 B 188
o} 68%32stPdct. AMDFe 2:¥§
A= 0 2e) Muighu Naudel ake
Uoltialed YA UF Yt PT ol
olFErt o WEHE 104 uol
T e wYe: o ozad we
i YeAE

QAR Ta: 4

Pape] Yoy
chehbal g
A4 -1, 8. 12 aPn§
al o
8k 2lo]
nEge
3 At

A} .

i1

34
>
4

»
JE 9

x| x|

e

J

Y9y
and

ol

O\H
ol¥ Ak Pojp
iz Pun.

Ha4

a2
2E HEP4ATr
=
2
2

T =a (Tmax - Tmin) + Tmin

L 3~level clipping j

!

computie one frame
AMDF:DF(k)

[ oro(m
l yes

search lower point
than this point with-
in 10 points

| T

last sample l

] yes
compute average pitch
period of this framne

last frame ’____

[ ”

save pitch period
of each frame

22 (3) xx 2§ fFlow chart

LRI

Hallsie TraALY v4
)z} 1AE 1 2Ao|c} .
By VEE olF Aol M SRR Fojt).
Bl PatAlzol 2y mult
iplier latticeded 34
WAE YTl Be 2FUE Y SY sug
dul DYgAele D Lol Hs&a
iz Frizt L Eo 4
2 maYR Bomw
e 2 ozZaly g =
ationd? AsE AEsbu

W Bdold 2o B4
2 184, ol% 1A.
;

ZMEl= one
A& x|z &)
g
o 32
oo
2235t} .

x)2) 2207}

fat e

20dhte)
interpol -
ct2zalglel 2atgi3



interpolationg
> FWE2 -Bdb/octg
8

< uEE 2 v¥

2
ek .o ghgolaia  YAEt

> 4

22184 2ojof Ercull post-emphasis) g3
B4 +6db octel 4a§F A2«4lrl2] $Tolc.
G4 4z F 28 (4ot

start

L end one pitch period

tﬁfﬂ
yes
LL end one frame }'——D
no
L end all frame end
I no
|_ read next frame data x

compute gain
and deterumine v.ice and unvoice

compute interpolation ratio
and determine driving source

L synthesis filter l
L post-emphasis ]
J8 (4) %Y flow chart

Y Y=Y T4 g oa

(5o ).

2% (5) YA nwn gy ne

—181—

(5) §y% 9 a2

24 uplsly] A/D. D /ABBE ApplelgHi

2A22 expansion slot§F st ¥

wed Mofshct . xetolesl SE2 BUBHY 282

FORTRANgE <832, $¥& ¥z o38:=

AuF Adxa et

3. 3 #

w22l ZRol gold UM e, bitel Wl atet

rjalaslol 49 WL ol thmME ek 8.35

bt @.6Yu F2 HaA¥ ¥+

o

4
dgith. TUE
L

2

wja% F2 2%hoiActnr WuE Fd
= SPEeH 2ok} -
dagy

1. lan H. Witten "Principle of computer
speech" 1982 , Academic press INC.

2. L.R. Rabiner, R.w.Schafer
"Digital Processing of speech signalsn
Prentice~Hall ,Inc

5. J.D.Markel, A.H.Gray "Linear prediction
of speech", 1480 Springer-Verlag

4., R.W.Schafer,J.D,Markel "Speech Anal-

ysis" 1979 IEEE Press



