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Abstract 

'The purpose of this thesis is to  study the coding of wideband speech and to im- 

prove on previous Code-Excited Lii1ea.r Prediction (CELP) coders in terms of speech 

clualit,y and bit ra,te. To a.ccoi11plis11 t,l~is ta.sli; impro~recl coding techniclues are intro- 

duced and the opera.ting bit, rate is reduced ~ : h i l e  mainta.ining a.1-1c1 even enha.ilcing 

the speech quality. 

The  first a.pyroa.ch consiclers the cjuantiza.tion of Linear Predictive Coding (LPC) 

pa.ra,meters a,nd uses a. three wa;\; split vector quantization. Both sca1a.r a.nd vector 

cluaat,iza,tion a.re initially studied: results show tlmt, with a.cIequa.te ~0de11001i training; 

the second n-lethocl gc~~e~,a . l .es  bett,e~. wsul t.s \,I: h i  le r~sis~g a. .fe\\:er 111.l n ~ h c ~  ol' bits. %PI!- 

ert.l~eless; the use of vector q~~a.ot,izers reixa.in highly coinples i n  t,erms of menlory a.ad 

aumber of com.puta.tioi~s. A new cluantiza.tion scheme; split vector cluantization (split 

VQ);  is invest.iga,tecl to  overcome t,llis complexity problem. ITsing a. new weighted 

dista.nce mea.sure a.s a, selection criterion for split VQ, the a.vera,ge spec.tra.1 clistortion 

is significa.n.tly reclucecl to  i-ua.tc11 the results obta.inec1 with sca,la.r c~uantizers. 

The  second a.pproa.ch introduces a, new pitch predictor wit,h aa  increa.sed tempo- 

ral resolution Sol. perioclicit~?;. This new technique 11a.s the a.clvaata.ge of mainta.ining 

the. sa.me quali t!; obt a.inecl wi t,h conventional mult.iple coefhci ent predictors a.t a. re- 

duced bit ra.t.e. F~~r ther inore .  the coiirwltional CELP noise \veighting filt'er is inoclifiecl 

to allow more freedom aiid 11ett.er a.cc.ura,cy in the modeling of both tilt: and formant 

structures. Throi~gl-lout t,l- is process. cljfferent. noise weighting scheoles are  e\;a.lua.ted 

and ~11e results show t11a.t. the new filter great l j~ contributes in solving the prol~lem o' 

high t'recluency cli stortion . 

The film1 wicle11a.n~~ (.!ELP coder is opera.tiona1 at  11.7 kbits/s and generales a. 

high percept,ua.l clua.lity of the reco~ist~ructed speech using the fra.ctiona.1 pitch preclictor 

and the  new perceptual noise weighting -fil.ter. 



Soinmaire 

L'ol~ject~i l' cle ce inkmoire est cl'6t,uclier le cochge cle la, parole en I~a.ncl(e ela.rgie, 

a.insi clue cl'a.~l~kliorer les rksulta,ts obtenus pa.r les codeurs prkckcleiits cle type CELP. 

Cette recherche porte essentiellement sur la, rkcluction du d&it binaire tout en preser- 

vant un 11ivea.u cle clua.litk rela.tivement s ~ p ~ r i e u r  cle la pa.role. Plusieurs techniclues 

cle coc1a.ge o11t clonc ktuclikes et cl&velopp&s pour akteinclre ce but.  

La. premikre approche exa.imiiw la. clua,ntifica.tion des coefficients cle prkcliction 

linka.ire ( CPL) et utilise une clua.n t,i fica.tion cle 1:ecteur 6cla.tks combink i, une mesure 

cle clistaace ponclkrk C'ette cluant.ifica.t.ion vectoi:ielle consiste k ,  divises 1111 ~.ecteur cle 

pa.ran~ktres cepr&senta.nt les coefficients CPL en trois sous-vecteiurs et. i. cluaatifier ces 

cliff6rents sous-veckurs. La. sup&oritk cle c e t k  inethocle est ensuite evaluke & l'aicle 

cl'une compara.isoi1 a.vec la, mkthocle cle cluaatifica.tion sealaire. Les r & s u l t ~ s  concluellt 

clu'a.vec un t.a.ns cle t.raasn~ission inl'krieu~:~. la. cluaatifica.tion vectorielle Pcla.tke a,chkve 

une clist,ortion spectrale similaire k celle cl'une quantifica~t~ion scala.ire. 
. , 

La cleusi&ale approche ani.kliow la perforniance clu filt,re pkc1ictel.11. clc la lsecluence 

foncla.mentale a.v-ec 1'utilisa.tioi-I cl'uue p6rioclicit4 de haute rksolution. L'ktucle pour- 

suivie cla.ns ce c1oma.ine analyse les filt.res prkclicteurs d'un ou cle plusieurs coefi- 

cients cle p6rioclicit6 et les cosnpare i ce nouveau filtre. Cette techi-~iclue sera clirecte- 

ment responsahle d'un reha.ussement perceptuel a,ccentu4 cle la, clualit,k cle la. parole. 

N&aninoins la clualite percept.uelle ol)t,enue n'est pa,s encore optiiniske. et  ce n'est 

clu'a.prks l'introcluc~ion d'un filtre cle pondkra.tion perceptuelle clue les problkmes clu 

cochge cles sigimus en large bancle sont rci'solus; nota.mment les difficult& clues a la. 

1a.rgeur cle leur lmncle spect,rale cl\iuamique. 

T k  cocleu~ C'E1,P fiua.1 (1st- op4ra.tionel A. LIL.7 l;l)its/s et. procluit une clua.litk cle 

pa.role supb~:ic~ul.e i I'aicl~ c l u  ri1t.w pr(ldict,eul. cle ha.ute 1.4~01 ution et, clu filtre cle 

ponc1kra.tion percq,t.uelle. 
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Chapter 1 

Introduction 

1.1 Background and Motivation 



quality is ol~servecl. The a.cl (led lo\\: frequencies increa,se the \.oi cc-. n a . 1 , ~  ra.lliess v\: hile 

the aclclecl I-ligh -Irequencies sna.l;e the speech souilcl sharper a.ncl more intelligible es- 

pecia,lly in i'i:ica.tive sounds. Ol~vious l~~.  a. la.rgei. number of bits is recpisecl to code the 

aclclitioilal in-l'orma.tion w~hicll 1ea.cls us to t,Iw tra.cle-off between presel:ving accepta.11le 

speech clua.lit,!; of the reconsl;ructecl signal a.11~1 ma.intaining a, rc-:la.tively low operating 

bit ra.te. 

Speech clua.lity can be grouped ii1t.o four different c.la.sses: ( I . )  comi-nesztc~~ry or 

b~ocic2cn.d clua.lit,~- tlmt corresponds to \\:iclel)aacl speech wi th  no l~ercept,il)le noise; ( 2 )  

to17 clua.litj- that refers to narro\\;l~a.ncl speech that can be 11ea.rd o\.er 111e telephone 

netavorli: (13) co . ,~~~~,~ ,~u ,s ica i?on  clua.lit\. clescri bes speech 1.1-1a.t i s  Ilighl,~. i~~te l l ig i l~ le  but 

more clisto~:tecl \\.hen con-~p;~.~wl t.ol l cj i ~ i l . l i  t!: speech: and fina.ll~. ( 4 )  .s:y.nih~tic clua.lit,y 

t11a.t rema.ins iuklligible but loses na.t:u~.i~lness. 'These cleficie~~cies ca.n I>(-: measured 

using either .~ubjective or object,ive 1nea.sures. A c o m m o n l ~  a.ppliec1 su11,jective indi- 

ca.tor is the Mean Opinion Score (MOS) \{:here a sca.le of 1. to 5 is used to refer to 

the level of speech qualitj-: while ol~jective inc1ica.tors inclucle the Sigim-to-Noise Ra.- 

tio (SNR).  Segm.enta.1 SNR, (segSNR); Spectra.1 Distortion i\/lea.sures a.nc1 Perceptual 

Noise h/leas~i~.es. 

;Iliwo cli ff'elwt chsses oi coclei~s exist : cl:nvefonn coclem? sowce  coclers. Mfa.vef'orm 

coders encoclr t.1-I.? speech cli~ect~lj. and ~wons t ruc t  it a.s a.ccura~tel2; a.s possible a.t the 

receiver on a sa,iilple-11j;-sa.lllple Imsis. Source coders, on the other hand, model the 

speech proilu ction rnecha.uim and i den  if^. the key e1ement.s of the speech. Wa.veform 

coders rerna.in t . 1 ~  best choice LO encocle speech while preser\;ing na,turalness a.nd 

ma.int~a~ining a. lo\\: 1ei;c.l 01' clir;;t.orl.io~.r. Spvcifica.ll\;, the C f o d r . - l ? .  L i iz r to .  Preclicfioti 

(C'ELP) schc-.tlrc. is I I ~ \ \ :  t . l ~ c <  11losl co~nn~ou ly  used a n a . I ~ ~ s i s - I ~ ~ - s ~ o t h e s i s  scheme. 

'Th.is algori t I-1.m \\:bicli I'alls I I I I C I ~ I .  1 I I P  Lineal P ~ d i c t i \ . c .  ('ocli~ig ( I .  P(') categor!; 

n7a.s 6rst int~oclucecl in 1984 11)- .4ta.l m c l  Shroeder [XI? and has pro\.ecl lo 1x2 one of 

the most ef6.cient coding schemes. TocIa.!~; it provides escellen~; na.rro\vl~ancl speech 

production coml~ined with a. rela,ti\;ely lo\,\; bit r a k ,  high qualitj: reconst~ructecl 11a.r- 



rowlmnd spec-ch is now a.va.ila.l~le a t  S kbits/s [:3] and a t  4.5 kbit,s/s [9]. hut the  clmlity 

of the  syiit,l~etic speech degracles ra,piclly 1 ~ 4 0 1 v  5 libits/s. Ne\v I-r~ethotls using proto- 

t y j ~ c . c ~ : a v c ~ L ~ . ~ ~ ~ , . i .  [I] a.re k i n g  investiga.tec1 t o  overcome this clegra.clalion and pxoduce 

high c l ~ d i t \ -  speech a t  4 1;bi ls/s. 

1.2 Wideband CELP Speech Coding 

In wiclelxmcl speech, an  efficient 64 kbits/s a.lgorithin has been a.lrea.cly developed pri- 

ma.r.ilg for 1 SDN teleconferencing a.ucl 1ouclspea.lier telephony, this algorithm is 1;nown 

a,s the  G.722 CIC'ITT (Consul t,at,ive Committee for Telephone a.nd Telegra,ph) stancla.rc1 

m e 1  is b a s d  (.)n i;l:)li~.-l~a.~~tl coclillg using crdapliw d ~ f f w e ~ ~ t d d  pdsc  cod(: .~~zocl~t ln . t io~  

or ADPChI in ea.ch sul~l)a.t~cl as slho\\:11 i n  Fig. 1 . 1 .  In this schel:ne. ~unec~ual bit al- 

1oca.tion is used to pro\:icle lnow cant to1 01-ex s u l ~ l ~ a n d  coding ol' speech: six bits per 

sa.i~tple a.1.e alloca.ted to  the lo~ver sul~bancl \vhile two axe a.lloca.tec1 to the higher sub- 

l~ancl whe1.c I'recl uencies a.1.e less pc f~x~q~ t  ible. Nevertheless. the bit ra t,e obta.inec1 by 

the C;. 7'122 cocliug algorithm x?ma.ins rela.live1~. high 1dii11g some of other teclmiclues 

more efficieu t .  

In recent \:ea.xs. cliffe~wlt \vitlel)a.~~cl coclillg schemes were introcluced a.s alterna- 

tives for the G.7'12'12 sta8nda,id with bit- ra.t.es a.lmost simila,r t'o those foiuncl in high 

clual.ity ua.s~on-band t,elephony s.st,ems: a. 3'12 libits/s low-c1ela.y CIELP wa.s iiltroducecl 

by Orclentlich and Slloham [YO] as well a.s another :32 l;bit,s/s n:ideband coder de- 

signed b!; Q ~ ~ a ~ ~ l i c : ~ l ~ u ~ h  [23]  a,ncl i11t-entecl For the ISDN networl;. Ser.era.1 coders were 

also implen-~enkd a.t 16 libits/s. i -~o la . I~ l~-  the split-ba.11~1 CELP slsucture introduced 

11)- R.oy a.ncl I\a.l~al [XI. (hc  algebrajc (.'1:1.,1' scheme proposc~l 11). the ( 'o~nmuuica-  

tion R.esea.~.ch C'euter a.1 t l ~ e  I.ini\;essit\. 01' Sherbroo1;e [14] and  he rnu11,ipulse coding 

(A/lPLPC!) method stucliecl 11). Mont,a.gna.. .I xovo .  Perosino m d  Sereno [ I  91. Fig. 1.2 

shon:s t,he a.im of most 01' the research I~eing a.ccomplished in this field. the figure 

shows the es pc-c.~,cxl spew11 clnal i 1,). LO I,(: a.t,l,ai 11ec1 over t h e  C4.722 algorith.n-11. 



-4 usilia,r?; D a.t a. 
(.'hannel Output, 
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'Threc- appi.oac11es \vc-,re ;~na.l,yzecl for t.he irnplement,a.t,ioii 01' t,he \viclel~ancl (:ELI-' 

coder: the  f d l - b a n d  scheme. the s p l l i - h n d  scheme and a. hybrid scheme taking ad- 

\:anta,ge of 110th st,ructures. T h e  SL~-11a.ncl approa.ch ana.lyzes a.nd codes the  speech 

signa.1 with all it,s -Frecluenc!- c.ontenk a.ncl other pa.ra.meters consitlerecl together. while 

the  split-l,and appi.oa.ch clix-ides the speech signa.1 into a, lo\\- ( 0  ~ , o  -1 k H z )  and a, high 

( 0  to S lil-Tz) ba ncl signal a.ncl ea.cl-I 11a.nrl is dealt with separat.el!-. Since most. of the 

perceptual i ln  port.nr~ce (a.ppi.osi rna.t,el!: SOY',) or the  speech lies in the lo\ver band (0.2 

to :3.2 1;l'lz) cos-rspa.~.ecl l o  l he I-~igher I,a.~~tl. uneclual bit, alloca.t,io~~ allows I~e t t e r  and 

more flesib le cou I 1.01 over t .hr  coding r ~ s o l  ulioii given to the  lo \ \  a i d  high frequency 

coillponei~ t s o f  the speecl~ . 

rlihe principal $02.1 o I  111is t.l~c.sis \ \as to i l~lpro\ .eon pw\.ious \\.ot'li (.loll(-. i l l  the field 

of wiclel~ancl (:'ELI' a.ncl 111ow spc2c.il-ic;l.ll!-  he \ ~ o r l i  of Ro!: [25] a.~.lcl lna.il~l>. to lower 

the hit 1a.L~~ to npprosi~~li~tel! .  I2 I ; l > i ~ ~ / s  \\:I-~ile I;eeping a. spec-~.l~ cludil!; compa.~.a.ble 

to  the 16 Iibil,s/s coders clcs~gneti I>\; Ro?. aatl Sia.l)ad [XI. Different cocling schemes 
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Vector quantization of Line Spectral frequencies (LSF): 

In nriclel~aacl speclral envelope cocljng, the LSF's a.re cliviclecl into either two 

or l11ree subgroups a.ncl e x b  su11gl.oup is cluantizecl sepa.ratelj. with the lower 

su11gro1.1 I:, receiving the highest nuinl~er of clua.nt.iza.t.ion bits. In this methocIj 

imecli~al bit allocat io11 is a.ccomplislietl a.cco1ding t,o the S~w~uenc!; bane1 posj tion. 



P e r c e p t u a l  noise weighting: 

While cocling of the low-frecluenc~ r e g i o ~ ~  seems to be ea.sy. coding of the high 

i 7 frequency components remains a. very difficult task. I~his  as!;mmetry creates 

a.uc1ible high frecluenc~- distost.ion. A perceptual noise weigh~ing f i lkr  is used to 

a.llow l~e t t e r  control over noise weighting in both the lower and higher frequency 

regions. 

C o m p a r a t i v e  s t u d y  of ful l -band a n d  sp l i t -band  coders :  

This study consists of a performance eva1ua.tion of both a. split-11a.ncl and a, full- 

l nnd  CE:LP. Perceptua,l ancl orcliiiar!- ol~jective inc1ica.tors a.re used to determine 

the 01-era.11 speech clua.litj.. 

Organization of the Thesis 

This thesis i s divi decl into se\:en cha.pt.ers. The second clx~pter clea,ls w i th  bacliground 

ma.tesia1 a.ucl -pa.sa.meter cleli~ril;io~-1s a.1.e given oil wiclebancl C'E,l.,P coders. The third 

c11a.pt.e~ is a r ; ~ u c l ~ .  ol' \\.iclel)anrl c-l~\:elopc. wclillg \\:it.h specia.1 er~lpbasis put on vector 

c lumt imt io~~  (\:'Q) ol' LSF's .  ol.he~- tecl-~~~icjues a.re a.lso cliscussecl a.llcl conipa.rec1 to t,he 

VQ techniclues. 'Tlv Sourth c l ~ p t e r  int.roclue~es t,he notion oS Era.c~iona1 pi tcll predictors 

for widel~a,nd speech; a.nd t.lw importa.nce ol' higher p i t d  resolution at low bit ra.tes is 

investigated. The fifth cha.pter s tuclies the concept of perceptua.1 noise weighting and 

the improvei-~ients t'11a.t can be ol,ta,inecl 011 mocleling the formant struct.ure and the 

spectral ti1 t. conc~~srent.l!;: this cha.p~el- also expa.nc1s on certa.in tjechniclues used in the 

a,lgebraic C'EL13 and [.he possible rise of these tecliuiclues to improve the performance of 

the \viclelxl-~cl C'EILP. The sixth cha.pter is a, syntli.esis of the perfol,ma.nce ol  d l  previous 

techn.iques combined in one coclei:. .A con-~pa.riso11 is a.lso esta.blishecl I~et\veen the split- 

and full-1~a.11.d a.pproa.clies. Finally. the last. ch.apter with a, summary of the 

results and nee ~ ~ e c o i ~ ~ i ~ ~ e i ~ c l a . t i o ~ l s  lor future resea.rch. 



Chapter 2 

Wideband CELP Speech Coding 

This cha,pte.l: is divided int,o tb.l:ee sectiol-1s. The  first sect.ioii covers I ~ a c l i g r ~ ~ l ~ d  nmt,e.- 

r i d  including linear predictive coding, formant filtering and pitch filtering. The  secoilcl 

section iilt,rocluces t,he concept of C:ocle Escit,ecl Linear Pre~lict~ive Coding, while the 

third section clesc1:ilxs the lull-11a.1~1 impIemeiita.tio~ of our \\;ideba.ncl c'.ELP cocle~. 

2.1 Linear Predictive Coding 

Linea~: p~:eclictive coding (T,P(I!) is a \;er\ popu1a.r speech mocIel.ing techi-ticlue and is 

used in man>- speech coc1e1.s inclucling t.he generalized ADPCN.  Its success is clue 

t,o a.cc.ura,t'e 1-epl-esenta.tion o-l t h e  speech speclral ma.gnitucle a.ncl L,o ills low level of 

complexit!:. I I. essentiall2; uses li nea.1. com11ina.tions of pa.st speech d u e s  to preclict 

future mlucs. I,h.is opera.l:ion i s  ~pert'oi.nled with the help ol' a pl.eclict.ioli filter I; '(:) 

and a, clua,i-~ t,i z e ~ .  62. Only the difFelwice I~et.\\;eeu (.he preclic tecl \ .due a.rl.cl ~ l l e  original 

input value is t.ransmit,ted a.s shown i n  Fig. 2.1. The power of the resu1t;ing signal 

> ( I ? . )  mil then be conlpa.recl to t,he powe~. of t'he input; sigi1a.l . . ; (TI )  to cleterinine the 

clua.lil;y ol' 1;lw coder. 

'T11erel:ow. the LPC' sclle~ne ~.,uic:s to estra.ct the 11est.. set of pa.i:a.n.l.eters tlmt 

would describe the specch. In t - i m .  this t'ranslates into inore efficient transmissioi~ 



Coder Decoder 

Fig. 2.1: Prediction coder blocl< dia.gra.111. 

systems w1le~:e t,he 11-lode1 para.met.e~:s. rabher tl1a.n. the signal itse1.l.. are coded and sent. 

I11 l-ruman speech cl-ra.ra,cterized 11)- the I-oca.1 tra.ct slmpe and ~:ocal  cord vibrations; 

we ca,n use two Col.rns of 1inea.r plwliction filters to estra.ct 11ot.11 the sha,pe a.nc1 the 

vibra.tion pa.ra.met.ers Sron-I I he s pec-ch : 

The two scl~cl-~~es a.re L I  sccl to c o ~ ~ s t . ~ ~ ~ c l ,  cliflesent. coders iilclucling RELP (Resic1ua.l 

Excited Linea.1. Prediction) coders il.11~1 C'ELP coders. In the 1IEL.P configura.tiou, 

introcluc.ec1 b>- 1;11 and Ma.gill [TI], a, preclic.tion filter is used t80 estra.ct the formant 

informa.tioii 1.0111 the speech. while i n  (XLP coding both forma.nt and pitch prediction 

filtering a.l:e used. 

2.1.1 Formant filtering 

,The human 1.oca.l t;ra.ct ca.1-1 be ruocleled as an a.coustic t,ube \1:it,11 resona.llces 1;nown a.s 

forina.nt,s. B!. ch.a.nging t,lie slia.pe of 1.11~ vocal Ira.cl;., \4:e alter tl~c. C~.eclue~~c\i response 

a.nd t h e r e f o ~ ~  t,he fol:mant Fiquen cies. In formant prediction. t Ire form an.t structure 

of an input. .+'I-anie of speech si1.1n ples is tleterminecl. The opera.l,ions a.re ca.rriec1 out by 



a linear preclictiorl filler F (  s )  where 

The  LPC' coe-lficients o,k arc. cletermined nritll the iizveme form~1.111, j-ilLer or erroi' for- 

During the 1 , 1 3 ( '  a~~al> .s i s  o1xra.i.io11. a.11 ~ I I ~ ) I . I I  qi":'ech \,\:a\:ofos~l~ . . ( I , )  is ~ ) a s s ~ " d  t111~)i~gh 

(MS). the ersor signal c l ( , n )  a.lso Iinowi-I a.s the ~ o r i - n n ~ t  .I-e.sidud. this 1ea.d~ to txhe 

2 
C ( U  .... i l l ; )  = [ d ( ' ) ~ ) ] '  = [ . Y ( I ? . )  - cLk.5(16 - k ) ] '  

The optimal. solution will strip the inp1it speech signal from most of t h  short term 

redundancies. and wjll he cletel~~~jnecl h \  setting the graclicnl of' t11c e1.101 c to zero 

and solving a. scr't of X. ec~ualio~rs: 

The resulting equation is 

Old!: one approa.cl~ is coilside~.ecl iu tmllis 1~esea.1~~11 to detersnine bhe solutions of Eq. 



LPC coeficients where we Il.il.ve 1,he a.ut.oco~~rcla.tioil function I ? ( ; )  01' 1 . h ~  signa.1 s ( n )  

defined a.s 
j\i - 1 

R( i )  = .t:(,a)a:(,n - i), 2 = 1, 2> ...; 
12 = 1 

Conseclueatl.\;, Eel. (2.6) becomes 

W i t h  the u v  ol' (he  autocorlelation R ( l )  ancl i t \  properties niainl\ tlie l'act that R ( i )  

is a.o even I'i~nct~ion where t?( i )  = R(-.I): the optima,l solutio~r ol' l Z q .  (2.5) or the 

where R(0) is ec1i~a.l to  the energ;  of the signa.1 s ( i z ) .  

111 I'or~ua.n t synthesis. a specl,~.a.l sha.pi ng fil t.er H (I) is usc-cl \ \ . i  t ,h  a n  input t.1la.t 

ha.s a, fia.t spect.ta.1 envelope a.nd a. imiSorm a.mpli~ucle clistril~ution. The choice of a. fla.t 

spectrum for the input is iiliporta.nt l ~ e c a ~ ~ s e  it coilfines all releva,ut spectral c1eta.ils 

to  the filter H ( z ) .  

speech t11a.t is st,a.tioua.ry tluriug a. \\indo\\: or ha.me of !Y samples (typically a. fra.me 

of 20 111s or 320 sa.mples is used). 'Tile -f'omlant synthesis filtei. ca.n now be ilioclelecl 

t.ion; H ( s )  is assumed t,o ha.\:e p poles ailel q zeros 1il10~ll a.s an c r u i o ~ g . . ~  m o v i n g  

bin  a.tion ol' 11 p~.e\.ious outpul sa.m ples ancl (1 + I previous input sa.m.ples. kloweve~, in 

g r t s s i v e  01. .I\ R model) is u w t l .  this su11sl.a.n t.ia.1 I\- reduces the a.t~louul of co~nputations 

the actual speech spectrcui~ h a \  zelos Si.0111 tlie vocal tract respouse anel the glottal 



source. Ne~.erthel.ess, 1~uma.n ea.r sensitivity is high a,t spectra.1 1)ea.l;~ (poles) and low 

a.t spectral valleys (zeros) riding the all-pole model an appropria.te choice. 

Fig. 2.2 shows the effect,s of filtering a. Ga.ussia.n wa.veforin n:ith a. f1a.t spectrum 

through a, lo~ma.nt  filter the genera.t.ed output signal 11a.s now rni~lt i ple formants. 

Spectl-urn of input Gaussian waveform 

-30 o 
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Spectrum of formanr synthesized waveform 

60 0 

. , 
-60 

0 2000 4000 6000 8000 

Frequency <Hz) 

Fig. 2.2: EfTecl of Fom~ant f ~ l  tering on a Gaussian waveforn1. 

'The select,ion o-f the order p of 1'1 ( 3) is a, t.ra.cleoff between a.ccura.cy a.nd comples- 

it!;. In. ge.ne1~a.1.. t,he n~u~nbes  of poles clii~ectlg; corresponds to  the ouinber of formants 

( 2  poles per formant)., a,nd 2-4 poles a.re used in addition to a.pproximate possible 

zeros in t,he s p e c t ~ u m  and gcuera.l s11ectra.l sha.ping. 

The  gei.lera,l expression Coy t, he fol.ma.i~t, synthesis filter H( z )  is 

(2. LO) 

where the a ~ .  a.l:e the LPC' coeflicieuts mcl :y, is the number of poles ( u s d l y  !\', 

ranges l~e twee~ l  26 and :32 1'0s wiclel~ancl speech). 

Given the h c t  t11a.t ~ s ~ o s t  low bit ra.te 1inea.r prediction systems tmnsinit the 

prediction coe'ficients a.s sick infosm.a.tion. efficient cluantiza.tion of these coefficients 



suited for tl.a.~-~sniission 11eca1.1se a hit error in ;.my one ca,n c a w  l..he sg.nt11esis filt,er to 

hecome unsta.l~le (111. To overcome this difficulty, multiple tra.i1.sforma.tio11tio illethocls 

lmve been int~~oclucecl such as reflection coefhcients, log-a.rea. ratios; a.utocorrela.tion 

coefficients of the input sa.mples, direct form predictor coefficients and line spectral 

frecluenCies (LSF). Recentl.~.. the usa.ge of LSF's as aa efficient ti.a,nsforma.tion method 

has becorn e vwy popu1a.r ancl the>- a.re investiga.tec1 in Cha,p ter 3. 

Once the transforma.t.im of the coemcieuts is performecl. cpanl-iza.tion can take 

pla.ce. Again. tjhe choice is between t.wo different cluaatiza.tion tec,h oiclues. The  first, 

l;11own as scnlcc.r q u a n t i z n % - I ~ I I .  cluaatizes each L13C transformed c,oei'ficient incliviclually, 

while the second, l;11ow11 a.s .~~ec%o,i. qurr.uLisntio~z. cluantizes a.11 the LPC tra,nsformed 

paranleters a.s a group. (~ompa.~~iso i~  het.\veeu these t.wo imet.\lods is a.ho cliscussed in 

C h p t e r  3. 

2.1.2 Pitch filtering 

I11 pitch prediction filtering, the pit,ch periocl of the glottal excita.tion is estinmted. 

During un~-oicecl speech segments. no c1ea.r pitch period can be detected; therefore, 

the pitch prediction filter 1la.s to Ile clisal~lecl: while in voiced speech segments. the 

pitch filter is ena.bled t,o genera.f:e t,l~e opt.ima1 pit.ch period. 'The expression of the 

pitch prediction filt'er P(I)  is 

wllere pi , r e  the pit,ch coefficients, !Id is t . 1 ~  pitch, lag or t(ip de1a:y (if. is usua.lly of the 

order of 40 to 3'50 sa.nlples -for a. 16 IiT-Tz sa.mpled signa.1) a.ncl fi~iall?; C is rela.tecl to 

the number of pitch coe-Fficicmts (~ypica l  \;alucls are 0 or 1 for o~~cr  or th~w tap I>it.ch 

predictors ~ ~ s p e c t i v e l y ) .  Sillgle-hp fi1k1.s a.re still very cornnioll. l>u(  tlirer-l,a.p filt,ers 

provide l ~ e t  ter perl'orma~nce a.t the c-xpense of a,n incrmsecl hit sa.te. Fra.ct;ional pitch 

c1ela.y~ a.re a, good option to solve the dilemma, of bit ra,te a.nd speech cluality, a, f ~ d l  

cliscussion is pro~~iclecl in Chapter 4. 



The pcevious clescril~ecl LPC analysis ~e~-novecl inost of t'l-~c- uea.r sa.mple reclun- 

dancies from the speech signa.1. Fas sa.mple redundancies a.re clea.11, \?:it11 during the 

pitch predict ion operation. The COI ma11 t rcsicl~dl signal d ( 7 z )  o l ~ t  ai ned during the LPC' 

The resulting error signa.1 7 - ( 7 2  ) a.lso known a.s the pitch sesiclual is defined as 

'To compute the pitch filter pa.ramet,ers 3; and M: we 11a.1~ to mii:limize the error for 

The  error is first minimizecl o\;er the pitch coeficients B;, the resulting optimuiii for 

These solutions a,re then substit~utecl 11a.cli into Ecl (2.14) a.nc1 the error is mini- 

mized o\;er all t,he range o-I' t,he tq:, clela.>. A!. 

Once a.11 the pitch pa.ra.met,ers a.re determined, they ca.n be used to coilstruct the 

pitch synthesis filler G(;) cle-fined a.s 

The filter is tlien used in speech r.econstruction to a.dd fa.r sample recl~~~icla . i~~ies  to 

C4a.ussia.n \\.a \.cl'ot.l-~-ls a.s sl I o\ \ . l~ i l l  j'ig. '.:I. This filter nmclels I- l i ~  periodic. vil:,sa.tions 

of t,lle vocal corcls. 
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2.2 CELP coder 

In CELP coclimg. the reconstruct.ion ol' the input speech signal invol\-es the use of 

a pit,ch synthesis filt'er. a formant filter and a resic1ua.l ~0~1eb00li .  :in excitation 

wa.veform P i  ( 1 . 1 , )  is first selected fro111 t.be ~0deb001i a.s shown in Fig. 2.4 and then goes 

through a casca,cle of the two filters to give an initial reconstructed speech signal, the  

operation is vepeii.tec1 until tlie best. ma.t,cb to the original signa.1 is cleter~nined. This 

opera.tion talls under the n~nn,ly.sls- by-.i;ynthesis a t ego ry  of 1inea.r predictive systems 

and is theldore clil-i clecl i11t.o two stages: the a.na.lysis and s!;nt,hc.sis st a.ges. 

Dusiiig the ana.lysis sta.ge. the: input speech is cliviclecl inlo equal length 1,locl;s of 

sa.mples or ha.ines (e.g. 20117s). '1.'li~ input  speech fra.me ~ ( n  ) is 1.11cw passed through 

the inverse fo~:niaut filter A ( z )  and the I,PC coeficients cik a.re cle~ei~minecl by per- 

formil~g a s~;~~-~clarcl  a.utocorreIalion 1.,P(' ana.l!;sis on the i n  pi11 speech. Then. the 

pitch p a . r a . ~ n e s  :j, a.nd :\:I are cleri\;ecl \\.it-.h t,he inverse pitch fill,es B ( : ) .  Formant 

and pitch paranleters a.w used l o  c o ~ ~ s t  rucl 1101 11 forii-~a.~ll. a.1 I C I  pi tch sj.11 t.llesis filters 

in the nest  sta,ge. 



Ad; a, 
Fig. 2.4: Basic CELP coder. 

During he syn~liesis .sLa.gc,. t I - I V  ~ c . c o ~  1st ructecl speech Ga.111.e is ge~leratecl using 

pre-cleterininecl sj.nthesis para.meters on speech subframes (i.e. excitation wa.veforinsi 

gain values. 1"s 1-dues. pitch amcl T.,I3C! coefhcient,s). The codel~ool~ is populated 

with nornmlized Gai1ssia.n sequences. A C:a.ussia.n wa.veform is -first selected from the 

codebool; m c l  is scaled b!. a ga.il.1 hctor  C;. l'eriodic com]~oneats a,re then added 

during voiced speech to the escit.a.tion ~va.veform a.ft,er its pa.ssa.ge through the pitch 

synthesis filtei Cr'(.3). Next. the Cor~na.nt resonmces a.re aclclecl to the resulting signal 

cl(n ) after t;he Sorma.nt s!-t~t.l~csis f i l ~ r  l - I ( : )  1.0 obta.in the init.ia.l s?;ntl~esizecl fra.me 

of speech. Tllis speech is the11 sul~t.ra.ct;ecl -horn the original speech and t,he result is 

7 7 weighted n:ith T.T,-(:) so a.s t,o co\.ev the coding noise 11y the fom~ant;  regions. 1 he noise 

weighting fi l h  T;L.(:) is clefi I led a.s 

where 7 the ba.~~cl\\:icIth espa.nsio11 li~.cl:,o~. 1-~a.s a. \ d u e  bet wee11 zero ancl ulii~y ( usua.lly 

0.75) and controls the level of cocli112; noise in the orma.nt regions. As shown in Ecl. 

(2. IS). the weighting filtei is di l~ct.I!; rela.t;ecl bo the LPC coeS%cients a.nd should be 

upcla.tecl at, e\;er!; -Franle. '.I.-11.e pevcej)t.ua.l improvements ol~t,a.in.ecl wit.11 the spectra.1 

noise weighting filter axe signi-ficant \ v l ~ c - l ~  the noise is now co\;erecl b!; the forrna.nl 

11ea.k~. 

F ind  1)-. t l-~is weighted el i-fFerc-nc(- ,,.( 11.) is ~~~inimizecl  in a. 1mea.n-scl u x e  (MS) sense 



for ea.ch ga.i~l C,'. pitch lag 4 1 .  pitcll c.oefi3cie11t.s ,5' a.nd escita.tior~ \\.a.\.c<Corr~~ ? , ( / I , ) .  'The 

index of the \va.\;eSorm yielcling the lo\vest error energy is seut. 10 llle clecocler a.loug 

with the other synthesis pa.ra.meters. 

-4 sut-opt,iu~.al procedure is usecl for the coclel~ool; sea.sch \.\;here only two pa.- 

rameters a.w considered: index and ga.in. The optiina.1 sc11em.e would be to perform 

a. joint optimization of both pitfcli and codel~ook pa.ra.meters., but clecouplii~g these 

pa,ra,meters el.imiua.tes the comp~ta.t~iona.1 burden inclucecl by wsting eslmustive 1a.g 

a,nd coclel~ook sea.rches a,ncl makes the sub-optimal approa.cli the best. candicla.te -for 

efficient opt.imiza.tio11 [IS]. 

2.3 Full-band coder system configuration 

This section gi~-es  a, c1eta.ilecl cles~ript~ion of the a.ctua1 C'ELP code1 tha.t 1-1a.s been 

usecl during the course of this \\:or];. Both pi tch and C O C ~ ~ ~ I O O ~ ;  sea.rc.1-I op tirniza.tion 

tecl~nic~ues are cle~~ivecl a.ncl cliscussc~cl. 'The a.lgorit11m clescril~ecl I~elo\\. n:as the sta.rting 

point of the resea.rc11 into w:icleba.nd C!ET,13 coding. 

'The Follcj\~:ing system configura t.ion \va.s used to accomplis1-1 all cliffe~~mt sirnula.- 

tions l;hrougl-~out~ 111e course of this research. The  full-band C'ELP coder configura.tion 

sho~vn is sii11ila.r to t.he one in Fig. 2.4 except tha.t t.he weight~ing fil t,er l/l.'(z) is moved 

a.heacl of the suiumation. 111 [,he iipper hraach of the block dia.gsanl. the input speech 

signal is no\\. filt.ered by 1/TF(:). wl~jle is] t,he lower branch, t,he :forma.ut s).u~hesis filter 

H( 1) is co i~ i l~ i~~ec l  \\-ilh T/T,7(:) lo fo1.r u the Ija.ncl\~\:icltl~ expa.ncl(:.cl \ . e rs io~~ H-, ( z )  ol H ( z ) .  

The impulse response of Ĥ .(.I) is icleuticsl to the impulse response o-f the filter 

l /o ( ; . z )  al~cl is gi\.en 11). 

where h ( n )  is the impulse response ol' the sy~lthesis filter l / a ( z ) .  For 7. = I! h.,.(n.) 

is identical. to h ( 1 7 . ) .  For \;dues of Icss than I ,  the impul.se respoilse is exponen- 

tiall!; weightecl a.ncl cleca.?;s ra.picll!;. The desired transfer f~uiictior~ can be 011t.a.inecl by 



iiiserting n multiplier with a mull iplica1,ion factor 7 before each clcla~ elcinent 

Fig. 2.5: C'ET,P s!:stem con-ligura.lion for the full-l)a,ncl coder. 

.-111 a.clditioila.1 section I-1a.s I1ee1.1 a.clcled to the a.na.lysis st.a.ge of r;h? I)a.sic CELP 

coder. This sec~,ion sub~ra.cts out the effect ol' the pa.st, escit.a~.ion fl .0111  t11c filt,c>wcl 

reference w\;avcl'oi.~n. An input .  azl(11) \\:it.b a.11 it,s samples seL L,O zeso is pa.ssecl through 

the pitch filter a.nd the l~a.~:~clwicltl~ espa.nclec1 formant filter, both wit.11 zero memories, 

to genera.te the zero inpul; response . s , , ( n ) .  This response is then subtra.ctec1 from the 

filtered reference \\ra.~iefosnl .sf,, ( r i  ) :  



othei- filter ~ ~ ~ e m o r i e s  a.re ~.~pcla,tecl lor e\.er! l ie\\. hame  of speecl~. 

'The gain. G. c0de1100li index i aacl pitch pa.rameters i.3; a.ncl -14 a.re upcla.tec1 lor 

every subfi.a.me while the LI'C coefficients a.1.e updated for ever!; fra.me. 

2.3.1 Pit c11 search 

This subsection studies the pitch optimiza.ttion procedure rela.tecl to t.he CELP coder. 

This procedure t,ha.t is 11a.secl on a closed loop a,nalysis seal~lies o \ w  d l  1a.g~ and 

a,ll pitch coe-fl'i cieut. \ d u e s  1.0 -fincl t.he com11ina.t.ion resulting i~ I 1,11e l~est. s!;nthesized 

output. As clescril~ecl ea.rlie1:. the pitch semxh in\;olvecl the mini~niza.t;ion 01' the energy 

111 t.hjs tlescript.ion of t.he pitch smrcb. a, one-ta.11 pitch filter is used. 'Two cliiferent 

ca.ses con:esponcling to the size of the pii.ch 1a.g am consiclered i l l  so11-ing for the pitch 

coeficient o\.el. a.ll the lag ra.n.ge: 

Short lags: 

The ])en. espressioi~ lor. t,lre energ! c, is 



Long lags: 

( / ( I , )  = d l - . )  O < l ? <  11 (2 .26)  

'The rxpression for the energy c,, l~ecomes: 

,- 7 111s l.ecl:ll-~.ique used i l l  minimizing 1,he error will depencl OIL \vhe~her the pitch 

coefficient is quautizecl or not. \\:hen the c~uani,iza.t,ion is usecl. each clumtizecl value 

of 3 is sulx1:3tu ted int,o Eel. 2.24 or 2.27 a.ccorclii~gl!;. and the mi11 imurn error is 

determined I'or all t.he 1a.g ra.nge. \+lier~ 1.1le clua.nt,ization is tut.necl oA'. the c1eriva.t-ive 

St,, ,, is set t,o zero a.1-1c1 t,he equ;~.l ion is sol~.rcl. 
I !_ 

2.3.2 Codebook search 

In this sulxect~ion. the coclel~ooli search pt~oceilure used for the C!13I2P's configura.t,ion 

is introclucecl. This psoceclu~~ is a.lso Ixsecl on a. closed loop a,ua.lysis \\:here both the 

index I. of the optima,l coc1en:ord a.nd Ihe corresponding ga.in G a.1.e clet~et~uiaecl. 



ancl the output oC the bancl~vicltb espaacletl l o ~ m a n t  filter is: 

where 2 0 ( ~ ~ . )  represents the effect of pa.st cocle~vorcls. 

where ~ ( 1 1 , )  is  he osigina.1 input sI)eecl-i signa.1 ancl T/I; inclica.tes t.1-1a.l. t,he signal 11a.s 

Once the ga.j~l C; is c1etel.n-~il~ecl., the v a . 1 ~ ~  is sul~stitutecl ba.cli into Eq.  (2 .33) .  a.ncl the 

optimal exci  a (  i 0 1 1  \\:~I.\.(P['OI,I-I.I is cl~i~erlni I I ( Y I  I ) \ .  I 1.1 i s~ imi~ing  t 11v P I I ~ I . ~ ! .  ( (  O\.PY id I t he  



r 7 l h i s  c.onclucles a. c1eta.iled clescl.iption ol the CELP's sysleu~ coafigura.tion. All 

simula.tions per l'osmecl througl~oul this 1wea.rc11 usecl this con-figu ra.tio~-1. Subsecluent 

cha.pt,ers and sections will rel'er t,o this configu~~i~.t,ion with specific changes tlo the pitch 

filter P ( z ) .  the ~veighting filter TV(z)  and LPC' pa.rameter cocli~~g. 



Chapter 3 

Wideband LPC Parameter Coding 

In this chaptc-:~:~ we a,re concer~~.ecl with cletermining efficient tra.nsfoi.u~~a.l;ion and cluan- 

tiza.tion inet,l~ocls of t h e  formant :filtel. pa.ra.meters nk's. These pa.ra.rneters a.re not  well 

suited for tl~a.nsmission beca.use a.n error in a.ny one coefficient- can muse  the  filter 

t o  become unsta.l~le and their \\ride d!;na.mic. r m g e  ma,lies a.n efficient quaatization 

pra.ctica.ll!; im.possil~le. 

In retl.os11ect.~ one of r , l~e  most, significant h c t o r s  in co~l tu i l~ul  jug 1.0 a. successi'ul 

ii~~plemenl,a.t.ion O F  the  cui: l~nt ,  wiclelxmcl LPC: wa.s the  choice to 1.ra.nsmit. reflection 

coelicient i~a,tber t,llan p~:ecI.ict.ion  coefficient.^. T h e  \ \ ~ d n e s s  of !,hese n e \ v  coefficients 

was t11a.t clmnges in one c.oelficieli.L ca.usec1 speecl-I spectra.1 cha.1-tges in t h e  ent'ire p s s -  

bancl. 'To oveccome this \wa.linesr;. Sre.clucenc!; c1oma.iu pa.raalet,ers were introclucecl and 

more  specificall?; line spectral f~.c-c(uc-ncies (LSI?s) ['i]. 

T h e  use 0 1  1,SFs is I:~.igll\; reconu nenclecl I~eca,use they a.l.lo\\. fi l  el. coeficient 

cluantizatioi~ in a.ccorclaace \\:it,h properties of a.uditor!; percept,ion., their clua.ntization 

is more eEic.ieut clue t o  a. band-l.imitec1 clyna.mic. range (50-7000 Hz [or wiclebancl 

speech).  ;-\~~ot,hel. a.cl.\:a.n~a.ge of using LSFs is t,lia.t a a  error il-I  oue ],SF only a.ff'ec.ts 

the  synthesizecl spectrum netw tha.t Ci~ecluency. Another LSF iea.ture tha t  is useful is 



h e  01-ie-to-oirr corresponde~~ce I~et.\.\:c.en 1 ,SF a.ircl LPC p a . r a , ~ ~ ~ c l e ~ . s .  t h i 5  l'c-xture L\:iSl 

nia.l;e any o r c l e ~ d  set of LS 17s correspoucl to a, st.able synthesis f i l  let,. 

Exte.nsi\.e resea.rc.11 11a.s I~een a.ccoinplish.ecl in LSF cotli~lg, but liiosl of these 

studies dealt with aarro1~11a.ncl a.pplications where only S to  10 poles were trai~sformecl 

a,ncl coded. Pa.liwal a,nd Atal [22] were able tso impleinent a. 10 poles system with a. ra.te 

of 1200 lits/sec. (20 ins fra.ime) while ma.inta.ining a high stxmdard of speech quality. 

In this research. higher order sysl;ems a.re required (1G to  20 pole". coi~secluei~tly 

increasing the bit m te  a.s high a.s 2.500 l~its/sec to code 16 LSFs. 

la th js cli a.p ter, we first. M i n e  t.he LSFs a.nd describe son-I<: of their propertiesj 

we then st.i~tl!. 11:l.e effects ol' 110th scalar a.nd vector cluant,iza,t.ion of t,he LSF on t,he 

performaace of the coder:, fi11a.lly; we 100li a.t the a.clva.nta.ges of using LSF interpola.tion 

to  inlprove speech clualit.\-. 

3.2 LSF representation and properties 

The inverse formant A;,-th order filter tha.t inoclels the sha,pe of the vocal 

tmct  t,raas:[orms speech sa.mples into predictlion residual sa.mples where 

The  transfer l'uuction of t.he LPC! a.nalysis inverse filter can also l ~ e  expressed in 

lattice foi:m. t h e ~ ~ l ~ ! ;  correspo~-~clil-~g t.o 21.1:~ a.~oustical tube rnoclel of t,hr i:oca.l tract.  

The recussi \.r-. rela.t,ionshi 11 01 '  .;I , i+ ( z )  i n  t8el.i~-ss of A,, ( z )  ( 1 7  = I . . . . . .lip) is esta.11lishecl 



where P,,+l ( .- ) i.cr'p~.exnt the complet,e opening of the glottis with X:,,,, set to $11 and 

( 2 )  represeut the complc~t~e closure o-f [,he g1.ott.i~ with kTi+ sel t,o - 1  

1' ( j = .LI, ( - 1  - :-(n+l) 
ti.+ I .- iL - A1J5-l ) 

- - ( 7 1 + q 4 ~ ( ~ - 1 )  &+, (.) = A,,(:) + - (3.4) 

The LSFs a.1.e clet.erminecl by solving the ahove t,wo polynomia.ls. Accorcling to Soong 

mcl Juang [%I; a.11 zeros of and Q,+l(z)  lie on the unit circle, roots of Pn+ l (z )  

and ( .s ) a.llerna.te between the two polynomials as the angle u ~ ?  increa,ses: 

0 = 4, < < ... < id*,, < Un$+l = 7T ( 3 . 5 )  

'The LSFs co~wspond to 1:1.1ese a.l~gula.t, positions. Bot,h &lo mi l  ~i:,;,~+~ i~~ducecl I]?; the 

(Ail) + l ) s t  st,a.ge a.re implicit, LSFs aacl consec(uentJy a.re not I~:a.nsmit,t;ecl. 

The first importa,n.t c11a.ra.ct.ei:ist:ic of the LSFs is tlmt pealis in t h e  spectral en- 

velope (fonl-~.a.nt :Frequencies) a.1.e icleni.ifi ecl I)?; the closeness of ~~eighl>ouring LSFs as 

shown in Fig. 3.1. where the clotted lines represent LSFs for a 16-th orcler formaat, 

filter. 



:3.2 shows th.e effects ol moclil:?;ing the 12th LSl? on a. 1 6 t h  o~:cl.er I:orn~a,i~t, filter from 

a \:due of 51.27 Hz to 5085 Hz. the chmges  in the specti:un-I onl): appear in the 

neighl~ourl~oocl of 5127 Hz. the clot td curve i:epreseiit the moclifi.ec1 1,l'C' spectrum. 

0 1 0 0  20lX) 1000 1000 5000 6000 7000 E 

Frequency (I-lz) 

Fig. 3.2: Sl?eclral sensitivities of LSFs. 

circle are c l e~e~~ i~ incc l  I]\ an all-pas5 ratio filter R ( z )  

The plmse function ol' f i l ~ e r  i s  I ,~ : I~ I - I  clet.c~rrninec1. a.nd l,be ISFs coincide \,\!it11 

the ph.a.se response h t  ta , l i~s  on a d u e  t11a.t is a. multiple of n .  



Dur.il:r.g this 1.c-sea.rch. t h e  last metl-sod \vas select,ed t o  conrrert: the  pseclict,ou coefficients 

into normal izecl line spec ti.a.1 frequencies. 

3.3 LSF quantization 

In t h e  pa,sl. I\\.o l~a,sic a.pp~.oa.cllc-ss 1'01. 1 1 1 ~ 3  q ~ ~ a l ~ ~ i z a . t , i o n  01' I ;P(~ '  c.oc-.~-l-ic.i(-:~~l s \\;ere used. 

'The first., .sc:a/a~. qucin/;zu/;c,ri. q~ua.utizecl ca.cIi LPC' c o e f f i c i e ~ ~ ~  i~~cli\;itluall>.. \\.hilt>  he 

seconcl? uc-c lo~.  g~cci.r~Li:n.lior~; quanl .ized a,ll t,be LPC coet'l'icienl as a. grou 1 ) .  T h e  first 

suffered from il, high nuinber ol! 11its 1 q u i r e d  for cluaatiza.tion n;hile t h e  secoilcl fa.ced 

t h e  mis fo~ t 'uue  o-E being highly complex in terms of t h e  a.mount of tra.ining chta. 

neded.  the  m e i ~ ~ o r y  and the  n u m l ~ e r  of computa.tion.s. I11 this  section. 130th scalar 

cluautiza.tion m c l  a, ~noclified vect.or qui~nt.iza.tion a.re inrwtiga.t~ed a.ncl their respect,ive 

performances il.rp compa.i:etl. 

1.n botl-I ~~:~.etliocls. the  cjua.~-~lizers \\YI.IY designed using a se1. 01'  -IS00 uoi-1-silent. 

ha.11i.e~ fron-I I he wiclelmntl s p e c d ~ .  clatilha.se clescsil~ed in Appencljx :-\. 'Il'he design 

wa,s perfo~,nied -for both a. :l.O;-~,li a.nd '20-t,b order LPC! filter. T h e  ugc1a.t.e ra.t,e in 

t h e  fol1om:ing siln ula.tions i ~ s  a. F~:an~c- 01' 320 sa.mples a.ncl a. su lA'ra.me ol' 40 sa.mples 

(:320:40 mode) .  All the  o ~ h e r  cpa.n  tizess (ga.in a.nd pitch) w1.e t,ui.ned off, a.nd the  

codebool; se;l,rch \\.a,s x c o n  I 11 lisl-~ecl \ \ . i  I 1 1  I 02-1 (.;i~.~~s~itl,ti  \ V ~ I . \ . P I ' O I . I  1.15. 



3.3.1 Scalar quantization 

[29] iiltroclucecl a clifferent,ia.l coding scheme \\;liere the spectl.a.1 c1ist.a.nce ~ ( Y L ? ~ . , C C ? ( + ~ )  

l~et,~veen neigl-111ouring LSFs is encoded. The rimin advanhge of' this is~ethocl is that 

it preserved the ascending order of the LSFs. 

'This I-netbocl is better li110~n a.s clifferent,ial non-uniform q~~a.ntization. An 44- 

level qua.nt.izeu is used to cjuaat,ize the first LSF wl iut,o L1. a.ud this quantizer is 

designed 11). 177 i n i  rrrizjng the a.\;era.ge square erl.or clistortjoil 11: 

of the reproduced speech n.it,Ii respect to the original; wide the second one; average 

. s y e c h d  cli.slhr.-lio~. mea.sul.c31;: \.lie clisioitiou level in dB"~et,c\vc?c?u coilecl ancl origjilal 

where E,,(;z) and .E,L(LLl) a.rr respect.i.velj: the i~rlc~~~antiz~ecl and cluarlLizetl I,I3C' spect.ra, 

for the 11-t.1-I 1'1.a.mc.. and :.\rl.,. is t.he ~0ta.l  numl~er of fsmles. 

'I'ahle 1 3 .  I s.l~o\\,s l.11e pc-l.l'ornia ~ ~ r . c -  0-1' sca1a.1. cluantize~~s 1'01. 1 . 1 1 ~  I \\:o l ,I)( ' otdess \,\;it b 
,. 3 diffe.rent cl ~.~;~.oi.iza.t.ion le\:c.ls a.1 ~ c l  110 cjuanr;iza.t.ion (nocl). l I - I c ~ .  perl'or~) 1i111c.c n-1ea.sures 



were carried out on -IS speech. files (24 male and 24 female) describecl 

with a a  upcla,te mode of (320:40). 

I I (dB) I 2-4 dB 1 >4 dB 1 (dB) 

Order 

Note t11a.t. the perfori-tla,nc.e in t,erins of SegSNR, of these cluantizers deteriorate 

a.s the number of poles increa.ses. this is direct consequence of a. lower number oE 

l~it ,s lxing allocated per po1.e. The SegSNR. figures show also that with a, higher 

number of po1.e~ (20) wil;h an i11c.rea.s~ in the number of bits will still genera.te a. 

lower clua,lit~; speech whm compa.rec1 to a lower number of poles (16) .  In general, 

cluantiza.t~iou  effect,^ become negligible -for spectra.1 clistortioil mea.sures t11a.t fall uilcler 

1 dB2 ll-taliit~g the 50 bits/fra.me 16-th order cluantizer the a.ppropriate calldidate for 

sca1a.r cluant-.iza.tion. Fig. 3.3 and 3.3 sl-tou: exa.mp1e.s of LPC po~vel spectral 

( cluantizecl m c l  11 i~clua.nt.izecl) for this coi~ifigura.tion. 

3.3.2 Vector quantization 

Bits 

In vcdor clua.~~.t,iza.t,ion. t11tcr.e pa.ra.meters control t,he qua1it.y a.nd performance of the 

coder: 

Size ol llle ~0deb001i 

0 Metl~ocl usecl to generate the codel~ooli 

SegSNR. Ave. SD Outliers(ii1 %) 



original 

. . ,. . . . . quantized 

Frequency (I-lz) 

Fig. 3.3: idale LPC' powel spectral envelopes for SQ. 

Frequency (Hz) 

Fig. 3.4: F'ema.le LPC po\ver spectsa.1 envelopes for SQ. 



Distance nl.ea.sure used to select tlie optimal vector 

In this section; a, three \\:a.y split vector climltizakion on \viclel~aacl LSF param- 

eters is int,roduced. The reference LPCs a.re first traasformecl into LSFs and tSlien 

divided into three subgroups. A tra.ining da,ta, of LSF vectors is ~ ~ s e d  to construct, 

clifferelit code1100li sets with va.rying levels of complexity (e.g. 30-33 bits used). This 

opera.t,ion is performecl with the use of the Liiicle Buzo Gra,y (LBG) algorithm [Is]. 

This algorit,hm designs vector cluantizers in the follo~ving manner: 

I. Data. files a,re genera.tec1 conta.iuiiig the LSFs from 4800 fra.mes of speech. 

2. Weights a.re a.ssignec1 to LSFs: low lmnd LSFs get high weights niliile high band 

LSFs get. low ~veight~s. 

3. Cent roicl of the LS F data n.i t11 weighting i.; determined. 

4. Centroid is split into t\vo centroicls 

1 5. LSF chta is clust,erecl I,O the closest cent,roicl using the difference mea.sure ,(x - 

2)2 \\:i th \\7eighting. 

6. New centroid of clustered cla.ta, is determined. 

- 
i. Disto~tion of centroids is mea.surec1. if lo\v continue and if not re11ea.t step 3. 

S. Re11ea.t step 2 until t,lle required coclel~ool~ size is rea.cliecl ( 1  to 1-1 bits). 

During the tra.iuiiig of t.hese codel~ooks, coefficients of LSF vectors can loose their 

order a.nc1 imult in a.n unsta.11le LI3(1' filki.. Afkr  severa,l splittingj t,he LSF centroid 

caa cause the LSF vector to loose its ~~11-orclerness. To correct this instability of 

tlie coclel~ool~s, ill-conclitionecl vectors should he either removed or corrected from the 

coclebool~. 

Once [he coclel~ook clcsign process is over a.nd tlie opt,inial c~d(:l)oolis genera.teclj 

the selectioi-I p t ~ c e s s  can t.a.lie p1a.c~ where c0de1100li LSF veclo~s are c.01-npa.rec1 to a. 



reference LS17 vector by minimizing a clistortion measure. The opti11ium codel~ook 

LSF vector i5 foimcl by minimizing this distance measure. 

Weighted LSF distance measures 

In this sect,ion, two new weightecl Euc1idea.n LSF dista.11c.e mea.sure a.re introduceel. 
+ 

For a given re-l'erence LSF vect,or [.,.,j,. t,hese two measures clet,ermine the best ma.tching 

where f k  a,nd f k  aa.re the k-th LSFs in the reference and codel~ool~ vector; respectively, 

while ,ro~; is the 1;-th LS'F weigh.t,ing fa.ct.or that coslsiclers both t,he t'recluency sensitiv- 

it; a.nc1 clistance between LSFs for the first measure cll(GT,f; zf,,,,,), or the frequency 
+ - 

sensitivit>. a]-I cl I- lhe position of the LSF lor the seconcl measure ~ 1 ~ ( 2 ? ~ ~  f .  .c,,~): 

The first weighting f'a,ct,or ,[(::!) inoclels the hearing sensitivity t,o f ~ q u e n c y  d i i  

ferences curve a.s shown ill Fig. 3.5. 'This curve shows our hea.i:iiig sensitivity to 

frecpenc.!; cliference as i'unction ol I ' r e ~ ~ u e n c ~ .  Specific weights are a.ssigned to the 

LSFs a,ccoidiug t.o their posi tioii i u  1.1le I'lwjuenc!; spectrum. 

'The seconcl weighting I'actjoi. clepe~~tls on t,he distance inea.sure used. For the first 
( i i )  

mea.sure., ro,. refers to the c1jst'a.nc.e l ) e t ~ \ ~ w ~  LSFs. The  closer they a.re together, the 

more likely they a.re to fa.11. 1wa.r a. l'orma.nt. 

where cl~. is distance I~etween LSF j ; ;  and its closest neighbour f i i - ,  or f i ; + l ,  a.nd 

d,,,,,,,. is the t~~a.xiiuum distance bel\\;een the LSFs. 
( i i )  For the secoud measure; the ~e ig l l t~ iug  la.ctor .toa re'ers to the position of the 

LSF in the T,.PCI spectrum. Higher \\:eight;ing is a.ssigned to LSFs in t . 1 ~  f o rmaa~  



4 

Frequency (kl-lz) 

Fig. 3.5: I-Iuman ancl modeled hei\.l.is~g sensitii-it? to c1iscriil1illa.t.jllg.t l'rrclue~.lcy clili'ex- 

ences. 

regions than t,llose out,sicle t,l~ese regions. i\/lore importa.nce is also given to  LSFs 

corresponcling to high a.mplituc1e formants than to the ones cor~esponcling to lower 

amplit,ucle l'osma.nts. The \veigI.ling Ea.ct,or is defined as 

where P ( ; f )  is the LPC! power s]~ect,vum aacl 1. a. const,a.nt that coi~ttol t'he ~veighting 
A 

a.ssignec1 to di:ffereiit LSFs. Tt is set, to 0.15 which is a, sa.tisf'a.ct,or~- va.lue for t.his study. 

.- 7 

.I.hese t\vo mea.sures \\:ere 1.lioroughly investiga.t,ecl. and the tesu1t.s in terms of 

SegSNR ancl SD Icere \;el.!. simi1n.1.. [.he second metshod outpe~:lo~ming the first only 

I)?; 0.002 c~.B"I~ SD a.ud 0.01 cIJ3 i l l  SegSlVli. ?'he only real clifFcw~-~ce I,et,\veeu the t,wo 

clistaace nwa.suses was in the level ol' conlplexity. I11 the secol~cl metliocl: where a11 LPC 

s ~ e c t r u m  was genera.lec1 for ever?; ana1~;sis frame, a. la.rge a.mount of computations 

waa needed t.o ca.rry out a. 512 point, FFT (Fmt  Fourier 'rra.nsl'orm) on the LPC 

sigs1a.l. CIonsecluent,la;, the first clist,a.nce mea.sure was selected for use in the LSF vector 

cluai~ tization sclleme because of i t x  low le\.el of complexity and good perl'ormance. 



Split vec to r  quantization 

The  split vector cluantiza.tion scheme 1va.s first introduced by Pa.1i1va.l a.nd Atal [Z] 

but its applica.tion 1va.s limit.ec1 to ila.rrowlmnc1 speech. In this sul~section. we describe 

the a.pplication of this algorithm to ~viclebancl speech. Initia.lly, the research was 

concluctecl on splitting the LSF vector into two sul~vectors, but it turn.ec1 out tlmt the 

bit a.ssignment. recluirecl to ~rielcl a.n a.ccepta.ble level of c1istos:tion wa.s still too high. 

A clecision \ ~ a . s  tlleil ma.cle t,o split the LSF vector into three subvectors with va.r\iing 

coafigura.tion s: 

0 For 1;he 16- th order. I-hree codig~~~~at ionss  were investiga.t,ed : 

- The .First 4. t,he illiclclle 4 a.ncl t . 1 ~  1a.st. S LSFs (4-4-8) 

- The first S; the middle 11 mcl the la.st 4 LSFs (8-4-4) 

- The -first 4. t,he nlitltllc 6 and tho last 6 LS17s (4-6-6) 

Different size cocleboolis ( 2  to 14 bits) were genera.ted for a,ll these configura.tion 

ancl simula.t,ioi~s lo  cletennine the best. coufigura.tions were casriecl out. Two sea.rch 

tecl~niclues in con,junction \\:ith the clistance mea,suse selec,tecl were stucliecl. The first 

sea.rcb techniclues conduc t.s an inclependen t sea.rch for ever). T,SF subgroup. While, 

the seconcl teclls~ique perl'orlns a ~iest.ecl sea.rcll \\;here priority is &\.en to the first LSF 

subgroup where most, oi' the percept,ua.l in~orma.tion is stored; t,he optimal first vector 

is combined wit11 the secoucl ];ST; coclel~ool~ to genera.te the second LSF 1;ector; finally, 

the optimal first. ancl secoucl vectors are coml~inecl with the i,hircl LSF coclel~ook to 

o11ta.in the ol.era.11 LSF \.ec.l.or. 

Fig. 3.6; sho\\.s t-he block clia.gra.1-11s ol' these two techniclues. The ~lestecl search 

t,echnique \\.as \-er!. eISect.i \ . ( $  1'01. fi ~.sl sul~g~mups conl,a.ining t Ii(r 1.1igI-1est I I I I I ~ I - ) ~ ~ .  of 1,Sl;'s 



(5-4-4 inode ao.d 6--1-4 for the 16-th orcler a.ncl 10-5-5 mode for the 20-tll orcler). The 

overa.11 pe~foc 111a.n ce of the I-lest-,eel sea.rch techri i clue over the i u clepencle~ lt technique 

wa.s a. gain of 0.09 dB i11 SegSNR a.nd 0.02 dB2 in SD. 

I 3 V l  LSF2 tLSF3 

Independem Search 

Fig. 3.6: LS F' coclel~ook sea.rch techniclues. 

Table 3.2 shows the overall performa.nces in terms of spectral ~list~ortion. For 

every con:lignsat~ion. t.wo hit assign merit s \yere used, one a t  :3O hi LS/ l'l.ame a.nd the 

other a.t 33 bits/hanle. The 20-th orcler configura.tion were ruled out because of their 

high level of spect,ral clist~ortion. From Tahle 3.2, t,he best caadicla.te for split vector 

cluan8iza.tion is the 116-th order third enhy  (4-4-5 mode for 30 and 33 bits/fra.me). 

Figures 3.7 and 3.8 she\\: esanlples of L P C  po\ver spect,ra.l envelopes (cl~a~ntizecl and 

uncluantized ) for t.he :30 hi t.s/:l'ra.me con figura.tion. 

Fina.11~-. Ta11l.e 3.3 s11ou.s the SegSNR. a.nc1 SD performa.nce for the 4-48 split 

vector clua.utiza.tio~~ scheme: using the n~stecl sea.~cll inethocl n.n.cl the second distance 

mea.sure for bot 1.1 a 30 l~ils/Craaw a.nd 33 l~its/Sra.me configura.tion. 'The sir.xula.tions 

were perl'ol.l-1-icd 011 the sil.llle spcw~l-I Files used to eva.lua.te [.he sca.1a.r clua.ntiza.tiol~ 



Order I Splits (nnmher of LSFs and bits used) 

I Part 1 I Bits / Part 1 1 Bits / Part 3 1 Bits 

Table 3.2:  Spectral c1istort;ion (SD)  measures. 

original 

Prcquency (Hz) 

Fig. 3.7: Ma1.e LPC' power spec tra.1 eardopes for VQ. 



Fig. 3.8: I. 'r~na.]e IL1-'(1' po\vc-'r spcr.ctt:ra.l en\;elopc:s l ' o~  \'Q. 

approa,ch wit.11 a.11 upcla.t8e mode of (320:40). 

Order Bit,s Ave. SD Outliers(i11 %) SegSWK. 

Table 3.3: Spect1.a.l distortion a.11~1 SegSNR. measures for vector cluautiza.tioa. 



3.4 LSF cross-overs 

The stability of the LPC ana1.ysis filter of orclei: ill7> is oillS~ ma.inta.inecl when the LSFs 

are in a.scending order aacl do not; cross-over. The condition is tl1a.t 

Cross-o~~ers are more frequent in sca.1a.r cluantiza.t.ion that in vector qua.ntiza.tion. In 

sca.1a.r c1ua.1-~tiza.tion, ever!; LSF is cluant,izecl independently, a.nd ~vl les~ the bit assign- 

ment, per LS1" is is~suffi~ien t,. cross-overs beco~ne a, serious c o n c e ~ ~ .  111 \ . e c to~  cj i m i -  

t,iza.tion. t,\-1i.5 problem is less a.culc. heca.~ise ol' the fact tlmt LSFs a.1-e qua.ntizecl in 

groups t h e w l ' o ~ ~  ~nainta.inillg o r t l e ~ ~ ~ l  sequences: the only cross-ove1.s 1-ha.[ might a.rise 

in this ca.se a,re 11et~n:een LSF S U I I ~ I ~ O U ~ X  a.nd more specifically between the endpoint 

LSFs of these subgroups. 

d ,  " ' i + l  LC, Gi+l 

Fig. 3.9: LSF cross-01-er correcting schenle. 



3.9. 'The clot~ed lines repleient the best: clua.nt,izecl LSF canclidatc-)s Cor 1.1-IP t\vo original 

.&I; a.ncl w;+, .  heir positions a.w then swi tchecl Lo preserve the a.sce~)cling order ol' t.he 

sJS:Fs. 

LSF interpolation 

.\ further im.prov-emei~t. t.11a.t ca.n be a.clded t.o widelsa.nc1 spectral envelope coding is t,he 

use of interpola.tion of LSF pa.ra.meters. By studying successj\;e 1,SF f r a m s ;  a. strong 

coiwla.tion I~ tnreen  neighl~ouriug fsa.mes ca.1.l 1 x 2  esta,blishecl a.acl nlobjmte t,he use of 

a.n interpola.t..io~r scheme to inclx<a.se Llie upcla.te 1.a.te of LSFs. tnitia.lly, LSFs were 

upcla.tec1 e \w> .  1'ra.me. but \\.it11 interpola.tion they a.re now ~ ~ p c h ~ e c l  every sulsfra.me, 

t.hecel'ore impro\:i ug the clual i t y  01' t lse ~~ep~~oclucecl speech. 

I11 this in.t,erjsola.tion scheme. ea.cl1 I,SF subfra.me of a. given frame is a.ssignec1 

specific weigh t s \\.ith a. con) hi na.tioo 01' t 11e pre\.ious a.ncl present LSE' ha 11les where 

The weights used for three cliffe~el~t upcla.te inocles (frame:subfrau~e) are sho\vn 

in Tahle 3.4. These \wights were clet,ern~i necl experimenta.ll!; 1 ) ~  trial and error tech- 

niques. For eranlple: if LSF 1 in the 320:40 inode is 150 Hz a.1.1~1 the previous LSF I 

wa.s 185 Hz. the value used for suls1ra.m~ 2 of the present fra,me is 

The nmin. ;~.tl \ . ~ . I . I  tit.ge of uci 11g I,S17 i I I  terpola.t~iou is a not,ecl incu-.;~.se i l l  SegSNlt figures 

I]?; a,pp~:or.i n-I a tel.). 0.1--~0.-1 c113 w i  l , l r  no a.tlc1itiona.l hit. recluiremeo ts a.s sho\\:n in Tahle 

3.5 wit11 aJl (qi~antize~.s ~ . I I I . I . I ( - . ~ I  off' i~lcluding LSI;' e1ua.ntiza.tioa. 

In this cha.pt,er. w e  st,ucliecl hol;h sca.1a.l. and split. vector cjua.ntiza.t,ion. a.11c1 we shocvecl 

t11a.t with IIhe use of a lien. pei.ceptua.ll>. \ \~ight~ecl Eucliclean tlisl;;l.trc.e Illeasure a.~lcl a. 

nested sea.rch t~ecllniclue the bit ra.1.e was I-educed 1331 20 l~its/l;.a.me \vhen cois~parecl 

to scala,r c(uaiitiza.tion. Using this new split VQ tecl~nic~ues. we were a.11l.e to achieve 



Mode Present 1,SF 

Table 3.4: LSF ~wightecl a.\rera.ging figures for three modes. 



Mock 

100:-10 

Table 3.5: SegS3R. figures for LSF interpolati.on.. 

25O:IjO 

a n  a,linost tl-a.nspa.rent clua.utjza.t;.ion of L P C  inCorma.tioi~ (i.e. with less than 1 dB2 

a.vera.ge spech.al distortio~:l. less t.1-1a.t. 2%' outliers in the  ra.nge 2-4 d B ,  a.ncl a.lmost no 

outliers having spcctra.1 clis1:ortion > -I dB) .  

Interpolalioil 

o fl 

SegSNR (dB) 

15.06 

o 11 

off 

15.25 

13.40 



Chapter 4 

Improved Pitch Filtering 

4.1 Introduction 



tion ol' the pit'ch clela~y resulls in problems 1ocl;ing onto the correct pitch during the 

tra,nsit,ion I:i~om si lence t.o voicecl speech. Consequently, a. good pit,ch clel.ay resolution 

should be n-ia.iota.inec1 at a.11 times during the ana.lysis a.nd s!;uthesis shges  of the 

CELP coder. 

7 7  I h e  oi~tliile of t.he present clmpt'er is a.s -SoIlo~vs. First, we  pro^-ide a. description of 

a. basic one-ta,p pitch predictor. Then, we discuss the use of inulti-ta.p pitch predictors 

and their pcd'or~nances. l?ina.llyi we study t , l ~  impa.c.t of single-tap pitch preclictors 

with fi~a.ctjona.l delays. 

4.2 Basic one-tap pitch filter 

The systeni configuration used to pesl'ori-1-1 the simula.tions for a. 0n.e-tap pitch preclictor 

is a . l i a~dy clescril~ecl in Secl-ion 2.3. In t,lie following, we consider the genera,tion a,nd 

cluantiza.t~ion ol  both the pitch coefficient a.nc1 pitch 1a.g. 

Old!: a single pitch coefficient. is used here. Fig. 4.1 slio~vs t,lw 11istogra.m of pitch 

coefficient \ d u e s  \\,here a, total 01' 3S400 subfra.mes (3.125 nis ea.ch) inc:lucling both 

male a.u fen1a.l.e speech uttei~a.ilces \yere used. As shown in Fig. 4. I. t,lle pitcll coefficient 

values detect.ecl tend to be ma.inl!; positive: the nega.i;ive ones a.re less i~nportant  to 

encocle because t . 1 ~ ~ -  usuall~: occui~ in speech regions with lo\v energ). and therefore 

cont.ri11ute n.1 ncl-r less to the 01-era.11 speech clua.lity. 

We a.lso conlpt~ ted t.he precliction ga.in Sor every pitch coeEcient t,o aaa.lyze the 

relati\-e iin~po~:l.alrcc-. ol' tliI7'c.w111 pit c.11 \.;l.luccs ; ~ s  shown in F'ig. l . 2 .  :\gain. t.1-I? pi(c1-I 

filtei.ing p i n  t.encls lo be higher in  the positive pitch coeficienl region a.n.cl lower i n  

the nega.ti\:e 1.egio1-1. 

The pitch coefficients were q~.~a.iltizecl with 5 bits a.nd the resulting optinla.1 quan- 

tize~. \-alues a.re sl-io\\:n i n  Table 4.1 . Note  tl-1a.t the number of positi\!e pitcl~ coei'licienl 

cluantizer ou L put  levels is l-rig.hev t 11 at. the number of nega.tiv-e ones. The aclaptive 

pitch h g  C O C I ~ I I O O I ~  a.s describecl ea.rlier conta.iiis 256 values (coded \,vith S hits). Fig. 



Pitch coelficient values 

Fig. 4.1: I-Iistogram of a single pitch coefficient 

I'itcli coelficienl values 

Fig. 4.2:  f7redic1:,ion ga.in vs pitch cocficient value. 



Output Decision Output 

-0.297 

-0.164 

0.000 

0.16S 

0.300 

0.425 

0 3.52 

0.67-1 

0.  79 Y 

0.91s 

1.041 

Decision Output Decision 

Table 4.1: Opt'imal cluaatizer for pitch predictor coefficient. 



4.3 shows the pa.ra,meter tra.clis for pitch filter coefficient va.lues. pitch 1a.g d u e s  a.nc1 

pitch filtering p i n  d u e s .  

no0 - 

z - I S "  - 

= ,0°- ~ ~ ~ h , ~ l ~ \ ~ j ~ ~ ~ k  
J1 s o  -f I 

Fig. 4.3: Pa.rameter tra.cl;s. 

The sub-optima.1 procedure where t,he cotlel~ooli pa.ra,nwt'ers (gilin a,nd index) 

a.re clec~oupled hom pit,ch pa.ra.metei.s (coefficient. and 1a.g) is used here a.s described 

in Section 2.2. 'The pitch coefficient. is iluant~izecl first a.nd qua.ntjiza.tion errors a.re 

coil-ipeilsa~tecl 13). an a.declu a.te selection oC t,he ga.in fa.c tor. 

The pei+o1-117 ance figures of the onc- ta.p prediction Filter are shown in Table 4.2. 

All other cpa,nt,izers a.re t,i~.rnecl off a.nd simula,tions a.re ca.rried out on t . 1 ~  48 speech 

files of Appendix A.  



Mocle 

320:40 1 off 1 14.72 ( 14.21 1 

Qua.nt.iza.tion 

250:50 

Table 4.2: SegSNR figures using a one-ta.p pitch predictor. 

off 

0 11 

4.3 Multi-tap pitch filtering 

So fa.r. we lmve onl> cliscussed t.he I~eha.\:iour of single tap pitch predictor? but multi- 

ta,p pitch predictors. especially t,hres-tap pitch predictors. a.re now Erecluently used in 

to  single tap pitch preclictoi\. Nevertl~eless; the improve men^ \ \ d l  come at the cost 

of a.11 increa.sec1 b i t  ra.t.e needed to enCocle the a.clc1itional pitch pa.ra.meters. 

The  energy of the wejght,ecl error signa.1 using a. mu1t.i-ta,p pitch filter with !If, 

pitch coefficients is no\\: c1efi.i-1ec1 a.s 

!i=o 

Difkrentia~t.ing the expression 01' c,!;, \ ~ i t h  respect to the p i t c h  coefficient where 3; 



By set,ting the cIeri\;a.t.i\;es t,o zero, \\;e can solve t h e  systenl o-l' A$;, ccli~a.tions a.nd 

det,ennine d l  [,he pitch coel:licic-.nt s :Yi. 

'This oplimiza,tion proceclu~y is a.pplied to a, three-tap pitc.11 fil  txr. t.he siniula.lions 

a.re ca.sried out  \,\.it11 a. total of 1.1 I1it.s for pitch coefficient cluantiza.tiorr (5  for /jl: 3 for 

:!j2 a,ncl 3 for [&). Again a.11 other clua,nt.iza.tions axe turned off and t,he performance 

figures are shown in Table 4.3. 

Table 4.3: SegSNR. figi~res using a. t.luee-ta.p pitch preclic~or. 

C)uantiza.tion 

off 
I 

o 11 

~ off 

on 

4.4 Fractional pitch filtering 

In most coding a.pplica.t,ions. the  pitcll period is r e ~ t r i c t ~ e d  t o  intxges mult,iples of t h e  

sanlpling interval a.s clescribecl iir t he  la,st two sections. This  restrict,ioil lms more 

pronouncecl c-ffects 011 high pitch souncls. resulting in t h e  pa.rt,ial destruction of t h e  

ha.~-monic st  c u  c tuse. especia.11~ i 1-1 tlhe higll -I'recjuency regions [I:]. T h e  use of fra.ctiona.1. 

pit,ch clela.ys has p~:ovecl t.o be a. \.el.!; efficient method to  ovescome t.11is problem in 

CELP coders [12]. but so faa studies were only ma.de on nasro\vba,nd speech. Consid- 

ering t h e  -fact t,lia.t t h e  periodicit!: o-l a \vitlebancl signa.1 is a,lmosf. uonesistent. in the  

4-S 1;J:Iz hancl a,ncl 1.ha.t doubling ~~,l-le sa.n-lpling -frecluenc!; to  16 1 i H ~  I-nea.nt improved 

~ w o l u t i o n .  the  ~leecl for fva.cl;io~~a.l <lel;~!s i n  n.iclelmncl speecl-I i s  vecluced. 

I11 this sect io~l .  n:e i n  \;c:stiga.t.c l.he a.c~,ua.l in.lpa.ct of l'1.a.c t,io~~.a.l ~ ) i  t,ch clela?;s on 

SegSNR ( d B )  

fema.le 

1.4.33 

14.25 

15.22 

15.13 

male  

14.02 

13.97 

1.5.11 

15.00 



~viclel~ancl speecli. In fa,ct. the use of nou-ini,eger c1ela.jis coulcl be marc- beneficial in 

terms of lo~vev b i t  i.a.tes (10 bits/sul~l-'ra,~me) when compa.red to a mu11-ipIc~ t>a.p integer 

clehy preclicto~ (11 I~its/sul~fra.me for 3 pitch taps). High t.e~l-ipo~a.l ~molu t io~ i  for 

pitch clelays can be achieved by specifying the c1ela.y a.s an integer uumlx~r of samples 

I plus a, fra.ct.ioa of a. sa,mple where I = O 7  1 ,  .. . D - 1, and I a.nd .D are integers. 

The pit.ch c1ela.y in wiclel~ancl speech ranges from A4 = 40 to 114 = 1320 samples 

wit11 some c1ela.y~ occurring more often thaa others, therefore it u;oulcl be 11eaeficia.l 

to assign fi11.e~ resolutioil to these clelays while 1ea.ving the others at. a lower resolution 

level. Mii th  the use of interpola.tion and polyp1la.se filters [4; Section 6.31, fractional 

c1ela.y~ can be efficiei~.tly implemenl~ecl -for ;I first. order pitch preclictor. 

111 fract.iona.1 pit'ch. filtering. the elements of the a.cla,pt,ive ~0~1eb00li ha.ve to be 

shifted by the desired fra.ctional sample. Fig. 4 .4  shows the cliffe~ent si,eps involvecl 

in perforini~lg a. fisecl clela?; of 1/D.  

Fig. 4.4: Multira.te st,ruclure for a, clelay of I /D  sa,mples. 

Note tha.t a, c1ela.y of I/D sa.inples a.t, a, ra.te F is ecluiva.lent to a. c1ela.y of I samples 

(i.e. an i~ i t eg~ l :  delay) a.t a. ra.te F D .  Therefore. t,lle following steps l'or the realization 

of a, clela.2; ol' l / D  a.tx 

:3,  clela?- the signal II!; 1 integer simples. 



By esamillii~g the block c l i ag i~~~ns  in Fig. -1.4; we have: 

and the output is 

a IgLp(cJ")  s~ifCjcient,l!~ a.ttenua.tes the ima.ges of X ( e J d ) ,  theselose o11l\; the 7 .  = 0 

is considered. 

HLr(c.'")is a.n FIR filter with esa.ctly linear pha.se whose cle1a.y a.t high rate F'D 

is (;I- - I)/? samples a.nd t,his \.;~.lrlc is chosen to be an integer rnult,iple of D 

HLP(~ . . ' u ; )  11a.s a, ma.gnitucle response a.pproxi111a.tely eclua.1 t,o D in the pa,ssl~ancl. 

Therefore: the overall structure Ivil l  result in a. fixed integer clela?; of I  sa.mples 

and a \;a.sia.ble non integer de1a.y ol' l / D  samples. The  previous structure can be 

sealizecl n-ith. a. network of pol?:pl-~ase filters a.s illustra.tec1 in Fig. 4.5. 

The pol!;pha.se filtei. i s  defined a.s: 



Fig. 4.5: :Polyphase net\vorl; iinplemen ta.t,iou of a, fra,ctiona.l sa.mple delay network. 

11y nloving [;be arm of the commuta.tor ( i t .  is 11a.cl; to its original position lo r  every !Id 

samples). 

The pol.!-pl-ta.se filters p,(n) ca.0. directly iinpleineilt the operations of sa,inpliilg 

rate increase a.nd lo~v-pa.ss filtei.ii~g. For ea,ch value of the c1ela.y 1/D: a, corresponcliag 

p-th polyphase filter l~ ranc l~  is iusecl. M:ith a. c1ela.y I for the lowpass filter. the 

where Z, is the number of coeficieots of' the polyphase filter and 3 is the pitch predictor 

coefficient. 

The pol>-plme filkrs 1.1sed in t.lre simula.tions are a  sin(.^.) 1.1. function. \veighted 

with a Ha.inniing winclow. For ea.cl1 value .D, the length of the filter was c11ose.n such 

that-. {,he &la!. 1 a.t llle lower sa.mpli ng I'i.ecluenc!; is equa.1 to I6 ( ~ d e r  t,o Eel. (4 .9 ) ) .  

W i t h  the use o-t' 33400 pitch sul~fra.mes oE 3. J 25 1-11s ea.ch. a, p i~ch  c1ela.y clis~ribution 

is genera.tetl sJio\\.it i n  Fig. -1.6 a.s \\;ell as a pitcli Filter ga.in verslls pitcli lags sho\v\:n in 

Fig. -l.'i. Fron7 t,l~ese two figures. n:e conclude t11a.t the pitch 1a.g~ occur move oftenly 

and wit,l~ h.igher pitch gai 12 ill  t h e  7.1 --- 1 00 ra.1lg.e tha,n any othei: ra.ngc.. 

A n o ~ ~ . u ~ ~ i - l ' o ~ . ~ n  distribr.ition ol' non-int.eger clehys can then be set up LO construct 



0 I ,  I 
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Pitch Lag 

Fig. 4.6: Dist~ribution of pitch d e l a y .  

" 
0 SO 100 150 200 250 300 350 

Pilch lag values 

Fig. 4.7: Pitch liltel. gain vs pitch dehys. 



the pitch delay ~0de1:,001i. Two configura.tions a.re set up a.ccorclingl~; with two levels 

of complexit!: giving higher resolut,ion to frecluently occurring pitch delays a.s shown 

in Table 4.4. 'The highest resolut,ion is given to pitch lags in the range of 71-100 while 

Coder Pitch R.ange Resolution 

71-100 114 

Tab le  4.4: ( 'onfigu~~ation 01 the pitch clela). coclel~ool,. 

the lowest resoludion is gi\;en to t.he end of the 1a.g ra,nge. In order to test these two 

configura.tious. eight speech files (4  fema.le a.nd 4 male spea.l;ers)! a, formant fra.me of 

15.62 111s. a pitch subfran~e 01' 3.125 111s. a. Ca.ussian ~0de1100li \\:it11 1024 codewords 

\;\we used. ':I? he c l  uaat,iza.t.ion ot' bo1~1.1  he ga.in m c l  LPC: para.me~.ess wa.s turned off. 

As s l ~ o \ \ ~ ~  in 'T'a.l~le -1.5. ~ - ~ o i ~ - i ~ - ~ l i e g e ~  clela\;s improved the c1ua.lit J.  oi' the recoli- 

struckcl speech 11)- 0.2- 1 . 1 tl U i l l  ( , c I . ~ ~ s  of segmental SNK \\.]leu co11lpa.recl to ~1-I(: 

performa,nce of the one-tap pitch predictor a.nc1 a, substantia.1 increa.se in perceived 

clua,lit!; wa.s olxervecl. Notme also tl1a.t the SegSNR figures of the 10 bits fra.ctio11a.l 

pit,ch predictor a.nd the three-t.a.11 integer pitah predict,or were very similar, yet the 

first. used 10 bits ~0deb001i \;\:bile t . 1 ~  second used an 11 hi t a  ~0de1100li. Therefore. 

the use of ['ra.ctioilal pit,ch reduces the bit. ra.te while ma.inta.ining a. compa.ra.ble level 

of qualit). lo a Ihree tap pitch p~wlictor.  



1 o c l r  1 Pitch Prrdictor / SegSNR (dB)  I 

250:50 1 1 non-integer ( 9 )  . 1 13.90 1 13.42 1 
non-integer (10) 14.22 14.17 

I 1 1 I integer (8) 1 13.71 1 12.91 1 
integer (11) 

I 1 integer (8) 

Table 4.5: EKec t ol' high ~~esolution pit,ch Iiltering. 



Chapter 5 

Improved Noise Weighting 

X coin ino~~1~-  usc-t l  error i.rilc-,rio~~ i n  s p e ~ c h  cotli1-1g is the rnea~n-sc.lrla.twl c-\~.ror. \fi.Iiich 

provides sal,isl'ac.tor!- perl'ormailce 1.vit.h a.n a.ppea1ing simplicit!-. Ho\\:c~\.er, a.t lowcr 

hit ra.tes it, l~ecomes cumbersome Lo ma.tch closely the original speech ~ ~ ~ a . ~ ~ e f o r i x ,  and 

the mean-scpwed between the original a.nd the reconstructed speech looses 

significance a,s illustra,ted in Fig. 5.1 where the noise level is almost f1a.t. 

A model of a,uclitor-j perception must be incorpora.t~ec1 with the speech coderis 

error criterion t,o better control t.he noise bursts. By doing so. the s~;nt,heLic speech 

ca.n I'ol1.o~~  he na.tura.1 speech in t,hose a.spect,s tha.t a.re percept.ua.lly import.ant. 

ln cliscussing auditor\- pe~ception, \ve a.re concerned with \\:hat sounds a.re per- 

cept311le a.11~1 ho\i different c o i n ~ ~ o n c ~ ~ l t s  of those sounds a.ffect, and int,erfere with one 

another. Hearing percept.il~ilit!; clepencls on its intensity and syectrul-11; the ear is 

ca.pa11le ol' Ilea.ring souiicls o\:er a \vide dynamic raage (from a.l~out 16 Hz to IS  kHz) ;  

t,herefore, depending on the sound loca.tiou in the speech spectrusx i t .  \\!ill require 

eit,her more 01. less c:nel.gJ. t,o be I-rea.~cl as sho\,\:~l jn Fig. 5.2 [21]. Aga. i~~.  soulids in 

the higher speclruin (5  Id-Iz and up) a.re less perceptible, t,his justifies the use of a. 

reduced numl~ei: of bits to code 1-+$el. I)ancl speech a.s clemonstra.tec1 previously with 



coded speech 

noise level 

Frequency (Hz) 

Fig. 5.1 : C'onlparisoll of noise level with respect to coded speech. 

the use of line spectral frequencies. 

The pb\.siological 11eha.vio1. of the ear in response to simple tones is rela.tively 

stra.igl~tfor\~i-'~~scI. hu t  inost souncls a.1.e time va.rying and give many spectral compo- 

nents. The hexing  system 11a.s only a, limited ca.pability to detect s111a.11 errors in 

the freclueocj- I~ancls where the speech signal ha.s high energy (as in t,hv ca.se of for- 

mant regi0n.s). ('onsecluentl!;. t h ~  per~ept~ion of one sound could be olxciurecl by the 

presence 0.1' it r~othes~: tjhis 111-lenon leuon. 1 x t  t.er Iinown a.s ri , i i , .~l~i~, .! j .  t.a kes  pla.ce when 

one sound rij.ises t.he hea.1.i I -~g  tli~~esboltl o-f another. Different technic ues ha.ve been 

developed lo  ta.l;e a.clvanta.ge of' the ma.sbing theory in speech coding. Quaatization 

noise t1ia.t a.rises ju speech coders ca.11, therefol:e, be covered by high speech energy in 

forn-ia.nt reg; on s. 

I11 this c11 a.pler. we discuss the a.clva.nta.ges of this plieiiomeiloii in speech coding. 

Section 5.2 re\-ien.s the use of a. simple noise weighting filter 1V(.-). Sect,ion 5.3 studies 

the effects ol' using a, sha.ping f i l k ~ .  in coml~iiia.tion with the excitation ~0deb001i. 

Section 5.A st.udies the notion ol' pc~rcept-,ua.l noise weight,ing wit,li a. modified filter 
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Fig. 5.2: .-2rea,s of speech l~ercept~ion inside the limits of ovemll percept,ion. 

5.2 Simple noise weighting 

To make use of the 111a~lii11g- effect! the cluaatizadion noise ha.s to  be distributed in 

relation of the speech power ol;er different frequency bands. This task is a.ccoinplisl~ec1 

113' minimizii.lg a. ~~eightecl  error wit'h t,he nojse shaping filter TV(z)  a.s clescribecl in 

C!ha.pter (Section 2.2) is clefinecl a.s 



where A(:)  is the short-time preclictor a.s defined in Eq. (2.2) . The value of 7 is 

deterininecl b!; the degree desired to de-emphasize the forina.nt regions ill the error 

spectrum. .Decrea.sing the value of 2 moves the poles of the -fLlt.er - . 1 ( ~ /  ! )  inward a.nd 

theresore inc1:ea.s~~ the 11a.ndwidth of the poles of lV(z). The  i11cwa.se i n  I~aadwidth 

Ac3 is given by t-he relation [1.:3] 

where .fs is the sa.mpling frecluenc]li in hertz. The optiinum d u e  of 7 ,  deterlnined \I?; 

listening tests. is set to 0.75. This cor~.esponds t.o a,n iilcrea,se iu hand\vidt.h of ahout 

1465 Hz. 

Referring 11a.cli to Section 2.2.:3. the final unm~ighted erroi signal E ( s )  is ex- 

pressed in ~ e 1 . m ~  of the weighted error signa.1 E,,,(3) where 

C:onsecluentlg.. the resulting noise level h s  the spectral sha.pe of LI:.-'(z) and will 

therefore be concent,ra.ted i n  t.he lou~ua.nt, peaks and a.ttenua.t,ecl in t.he i'orina.nt, valleys. 

Note the n:eight,ing filter W ( z )  is responsible for cha.nges in SegSNK performance 

mea.sures. In ce~:tain frequent); ~ e g i o i ~ s ,  t,he SegSNR will improve but this will come at 

the expense of a, significa.nt,ly reduced SegSNR. in other regions. The  overall SegSNR 

will therefore drop wit11 t,he use 0.1' the \\:eighting filter but the perceptua.1 quality of 

the speech wi1.l improve. 

Figures 5.3 ant1 5.4 sho\v the eflect oS using noise \veightir~g filter in the recon- 

struct.ion pvocesx of the input speecli. 

.cis slio\\;n i n  the ~ ,M;o figures. t . 1 1 ~  cluant-,iza.tion noise level curve is no longer fla.t 

and is better distributed over the fi.ecluenc!; spectrum. Mihen 3 = 0.51, uoise becomes 

more or less a.udi11le in h e  uppm. I'i.eclueuc\i l ~ a n d  a.s shown in  Fig. 5.4; wlnile for the 

optimal 7 .  t he  uoise level i s  n-ell co\:e~.ecl in a.ll the formant regions. 
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Fig. 5.3: Noise weighting with 7 = 0.75. 
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Fig. 5.4: Noise \veightiag 114th 7 = 0.51. 



5.3 Codebook shaping filter 

A new approa,ch for coclel~ool; design is studied in this sectio1.1 where an excitation 

coclel~ool~ is combined wit.h a, sllil.ping ma.tris F, to form aa enha~iicecl codel~ook 

structure. This 111ethocl was investiga~tecl by the Communic,a.tion l3esea.rch Center 

Group of the T.rniversit,y of SherI11.001ie [1.4] a.nd was used ill c.onll~iua.tio~i with a 20 

hits coclel~ool; aucl an impro\wcl ~ocle11001i s e a ~ c h  techniclue ~o yielcl a high quality 

coder a t  lo\?. hit ra.tes. 111 this resea.rc11. we only consider the coclel~ool~ sha.ping part 

where an escita.tion vector is given I)?; 

The  shaping uimtris F, is clyuamici~lly changed to control the statistical properties 

of the coclel~ool~ in time ancl in fwcluenc~~. The  c.orrespoi~cliug shaping filter F,(z )  

used is a.ctua.11~; a fuiictioii of the LPC model .A(,-). Its ma.in role is to s11a.pe the 

excita.tio11 codewords in the Freclluency cloina.iii so t11a.t their energies a.re concentrated 

in the important fsecluenc>- ba.nc1s. 

Fig. 3.3 shows the overa.11 structure of the Crecluency s11a.ped excita.tjon coclebool;. 

Fig. 5.5: I;'IYY~ ne~~c!; slia.pec1 esci ta.t,ioii coclcl~ool;. 

Tlie fi1l.e~ I.',(:) is cleli.~recl i l l  r;he following 



. . 
controls the speclral tilt aacl va.i:les 113. every excitation fra,me. 

This -fill,er is a.ctually a, comhina.tion of a first-order preemp11a.sis filter of the 

4 ( ~ / - i 1  1 form I - /rz-l a,nd a weiglnting fillel. in ca,scade together. The  value of p has 

to be optinized: a, differencer would use 11. = I .  but the opt in~uni  preempha.sis filter 

( . . ( I )  which nmxi a~izes  the output, spectral fla.tness 1nea.sure will ha.\:e /I, = L. ,. . . where I.,: ( 7 7  ) 
8-1 I1 i 

represents the autocorrela.tion secluence for the input speech c1a.h secjueuce f(7z). 'To 

show tlmt. we consider l"(n.) a.s the t,ime sequence of the preemplmsis filter's output, 

then we 11a.w 

r p ( 0 )  = ( I  + p2)7y(0)  - p ~ ~ ( 1 )  (5.6) 

The t,wo a.utocorella,t,ions r,:,(i) a.nc1 ~ - ; ( i )  caa be clet~erminecl with the following: 

where A T  is the number of sa.1np1es per s p e ~ c h  l'ra.me. 

The opti1na.l spectral flatness will occur a.t the iniiliill~in d u e  of r i , (0)  a,nd 

this value according to Eq. (5.6 is L = . For iunuoicccl sou~~cls.  rllis Srartioo is 

rel.a,tively s~.i.ia.ll and the effec~ of the pseemplmsis filter becomes negligible; while for 

voiced sounds where. r; (1) is \:cry close to r; ( 0 ) ;  the preemp1la.sis grea.tly affects the 

We esperimentecl n-i tli clif€et~enl va.lues of ;I ancl j'a ancl we foiuncl t,ha.t -yl = 0.80 

fra.111.e of speech coi~lparecl wi t,l1 i t.s noise level spectruil-1 ~lsing th.e above coclel~ool~ 

shaping tecl~ nic~ue and the s i  In p lc  uoise \wighting scheme. 

?'he pseemp11a.sis filter coefhcient ca.n he severely cluantizecl., since a.ny value of 

! . j . ( l )  ii l~etweeii zcr.su ant1 t,wice [,he \ . i~. l l~(~ \vill euhaace the spectsa.1 fla.tness [6]. The 
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Fig. 5.6: Noise le\-el using ii.ecluency ~ode1100li sha.ping. 

frequencies most ai.moying t,o the mi., the resulting performa.nce figures a.re shown in 

Table 5.1 lor the :320:40 upcla.te mode. 

1 V~eigh~ing / Shaping / SegSNR ( d B )  I 

, ?  1. he peri'o~~m aace f ig iu~s  show a, drop in SegSNR. \vhe11 the weighting filter is 

used even though the perceptual qualit\- of the reconst,ructed speech is significa.ntly 

improved. this is clue to the fa,ct L11a.t the ]~erforma.nCe mea.sure used here. t,he SegSNR., 

is a.n ol~jecl~ive mea.sure a.ncl i t  does not. take i n  to consic1era.tion l,be pe1nq1tua.1 a.spect 

off 

o 11 

0 11 

01 I 

13.73, 

4 

13.27 

5.52 



of the r e c o ~ ~ s l ~  uc Led speecl~. this is I'urtherinore discussed in Scc tion 4.-I. 

5.4 Perceptual noise weighting 

A further improvement t11a.t ca.n 1x3 c?.clclecl t,o t,he CELP cocle~ is the use of an en- 

ha,ncecl noised weighting scheme iatroclucecl by S11oha.m a.nc1 Orclentlich [20]. This 

percept,ua.l noise weight.ing techniclue solves t.he problem of high fsecluenc!; clist,ort,ion. 

This metl1.0~1 is now extensivelg~ used because of the increa.sec1 perceptual clualitj~ it 

adds to the reconstructed speech. 

The 111a,jor disa.clvaatage of a norn1a.1 noise weighting filter I.Tf(z) is ina.cleclua.te 

11ala.a.cing of low anel high frecluenc!: coding. 'Tl~is a.symmetsy is ma.iiil!; clue to t.he 

interclepei7.clen.cy of bot,h tilt a.ncl l'orrna.n t pa.ra~meters. Mocleling one a.ccura,tely re- 

cluires sa.crifices in il~ocleling the ot  he^.. This clihculty is more acu t,e in \~~iclel~ancl 

speech since t.he1.e is no a.pps.ecia.l~le spectra.1 tilt. ancl this prol~lem becomes more 

significant at  lo\\,er bit ra.tes \\:here the noise sha,ping t,echniclue m~is t  he i~~a~xiimizecl 

to 01-ercome the a~dclitiona.1 cj  ua.nt.izatio~l noise. 

The  tilt is controllecl 1 3 ~  t,he clifference 1 - y: ancl we a.re heed with two difficulties 

while trying to this pa.ran~ctw: 

'The lilt is globa.1 over a.11 the speech spectrum ancl it is impossible to emplx~size 

it sepa~:a.tel!; for high freel L L ~ S I  cies. 

The tilt affect,s t,he slmpe o-I' the -foi:mants of T/If(z), for instance a prono~u~cecl 

tilt res~llt~s in higher a,nd wiclel l'orimant~s which enta.ils an increa.sec1 level of noise 

a.t lo~v irxquencies a.ud in  betn.eei-I €otma.nts. 



\Ale fi  ,,st sta.rtec1 by using a, a,clc?.pti~:e three pole filter P, ( -. ) \ \ . i f . l ~  I he w igh t  ing 

filter definecl as: 

tion c.oe:mcient,s of t,he inve~:se .filter .4(;) an.cl S is a. spectra,l tilt controlling parameter 

and is set L80 0.5. 

~ i ~ ,  7 I .  - 1 shows . the  effect of using the a.dditiona.1 three pole filter. The  solid curve 

represeilt,~ a. spectrum of the con\:entional inverse filter l;T.'-'(:) while t;he cla.shec1 

cul-1-e disph!.s the specl:~mnl ol' t.he enha~ncecl weighting filt,eu ll:'-l(z)l';l(z). The  

Fig. 5.7: Performance ol' the three pole ~e ig l i t i ng  hlter 



with: 

where agaiu the coefficieni,s p k  are determiilecl by a n  LPC anal!;sis on the first three 

correla.tio~-1 coefficie~~ts of the inverse filter A ( 3 )  and 5 is set to  0.7. 

By get,ting riel of the r e d  pole. we were a,l~le to obta.in lower level of distortion 

at lower frequencies while ~naintaining an acceptable level of high frecjuenc); noise in 

t,he upper band a.s shown i o Pig. .5.8. 

-30 
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Fig. 5.8: PerSo:olmance ol  the two pole ~veighting filter. 

'The atlclitiot~ ol' percep~ua.l ~ ~ o i s e  \\:eightir-~g: to the ('ELI' coder did not improve 

the segn~ent~al SNR figures 11u t, lhe percept.ua.1 cluality of the coclecl speec.11 was en- 

hanced wit 11 no aclclition.al h i t  requircmen ts. 

5.5 Performance measures 

Throughoul: the pi.e\4ous cha.pi,ers. \ \Y ha.ve usecl the SegSNl? snea.su1.o t,o e\;aluate the 

degree of clist,ortion in our speech coder. This mea.sure wa.s very helpSul in cletermii~ii~g 

the cluadiQ o-C  he reconsti:ucted speech. Neve~:thele,ss. it fa.iled lo give us a mea.sure 



of the percept ua.1 quality oi' i.11is s m l e  speech. ancl in this c h a p i . ~ ~ .  using the SegSNR. 

mea.sure l~ecomes meaningless in e~;alua.tjng the performaace ol' t,he tlilkreut weigh.ting 

filters usecl. 

In this s c~ t ion .  we us? a, new distortion inemure that  wa.s i~ltroclucecl by De. a.nc1 

Ka.11a.l [5] \\.here 110th the origina.1 a.ncl coclecl speech are t raasl 'or~~~~ecl  irom t.he t.ime 

cloma.in to  a perceptual c1oma.in using a. cochleas model. With this cochlear model, the 

lmsic features of the 11earin.g process were simul.a,ted in order to  give a good perceptual 

e~;a.lua.tion of the coded speech when compa.rec1 to its origina.1 \.elxion. 

Three 11a.sir.: Sea,tures a.1.e studied and simula.ted: t,he outer ear. t.he inicldle ea.1 a.nd 

the inner ea.r (cochlea). tn Ihe outes ear. the ea.rc1rum first sen.ses speech pressures 

va.ria.tions~ these va.riat.ions a.re then trl.a.ns~ormec1 int,o mecha.n.ica.1. vibra.tions by the 

sxiclclle ea.r. :Fii~a.ll~:, the cochleil. turns these 1uec1mnica.l ~ ? i  bra.tious into electrical 

excit.a.tions. The la.st fea.tu 1.e rema.ins t.he inost diflicult to sim111a.te. In De's worl;, the 

cochlea, role is t,Iloroughl y i l-i\;est-~i.ga~i:d. 

In tA.is psocess. the c3lec1,rica.l a,ct-;\;it,!; geneva.tecl ill t,he cochlea, i s  due to the 

preseen ce 01' n e l v  cells. t llc-.sc- eel Is ,/k i n  lmponse to the ~nc:cl:~ a.nica.1 \ribra.t.ions of 
.. - 

the middle ea I - .  '.I.'l:~ese neu 1.on.5 ac1.i \:i t !. pa.t t.c.1~1-1s. t.1la.t contai 11 i 1-1 I.'OI;II.I ;r.t.io~l a.bout. t.he 

pitch ancl locma.nt,s., a.re pr:c-:seet,(ecl in the percep~ual c1oma.in \\.l.le~:e lirir~g probabilities 

values ca.u be o11ta.inecl. Fin all.\-. the pro11a.lilitie.s genera.tec1 for 11ot,l1 the original 

aacl coclecl speech caa be coinpa.rec1, in an inEorma.tion-theoretic sense: lo  obtain the 

desired clis tort ion nlea.surc2. 

Let 11.~11; a ,nd pzlk = 1 -p111; be t.he firing and non-firing prol~a.l~ilities of I-l1e origina.1 

speech a.t a. certa.iu tirue / in t.he X , - I , ~ I  neura.1 cli.a.nne1. Sirnila.i.l\.. q~lr: m c l  ~121~:  = 1 - '1111; 

are the p~~obalsili ties usecl 1'01. the coclecl speech. The  clistort.ion mea,sure used to  

c1iscrimina.te l~eL~v\:een the origina.1 and s y t h e t i c  speech is defined in. the following: 



:3.  (:~onventiona.] noise \\:eigl.lt,i ng usecl and c0de1100li sha.ping usecl \\:it11 a. sha.ping 

4. Perceptual noise neightiug used ~ v i t b  three poles where 

6. Percepl uaJ noise \veighl i I I ~  usecl \ v i ( . l ~  three poles \\;hew a.ricl codeh001i sha.ping 

usecl .i.vi t h a. sha.ping fi11;cr.r 

The results a,re sho1vi I i 11 'Tal~le 5.2 nllete both the perceptual distortion mea,sure 

a.nd SegSN R I'lgwes are in  clica.tecl. 

Note t11a t the higher is the \;a.lue of the coch1ea.r clirec tecl divergence measure 

(more a.clclecl lie\\: id'olma.lion ) I-,l~e \\:orsl is t;he coded speech cIua.lit,~. wllen compa,recl 

to t,he origil-~a.1 one. 'Ihcr. wsu1l.s sl~own i n  Ta.ljle 5.2 inclica.te t l ia~.:  



Table 5.2: Distortion mea.su res .for cliff erent noise weigh1,ing schemes. 

( 'onhgura t ion 
- 

1 

The  use of a simple noise \\:eigl.~t,ing filt,er l/Ti(z) improves t,he perceptual clua.1- 

it!; of I.he r:econst.ruc tecl speech ivllile ca.using a deterioration in the SegSKK 

mea.s u re. 

'The I~cr.sl c.a~~clicla.~e lor a.1-I i~rrplavcxl noisc \\,eighbing sc11~1ric~ is 1 h c  i~~lapt i \ ; ,  t-\\.o 

lpole \veigl~t,ing filkr l4,'.;(:), 
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Chapter 6 

Enhanced Wideband CELP 

6.1 Introduction 

The lnsic . s t , t~~cl  ures for the fdl-l~;~acl cocler \ \ w e  first introclucecl I~acl; i 11 0ha.pter 2 

a.nd the in.itia.1 per-foril-1a.i-lee il.na.l!-sis wa.s \:cry promising. Howe\-er, the bits a,ssigned 

for the tra.nsmissio11 of the speech cocling pa.ra.meters renminecl rehtiv-el? high. Mocli- 

fica.tious \\.ere needed t,o Jowl. the hit rc7.t;~ while keeping a high staacla.rcl of clua.lity in 

the recons t~xclecl speech. 'These mocli fica t.ions tha.t were stucl.iec1 in previous chap1;ers 

tool< pla.ce in the ma.in lmi lcling bl~cl is  of the CELP coder. a,]-rcl the. included: 

The select,ion of an a,cla.pti\.e tnro pole weighting filter a.s (,he best ca.nclicla.te for 

eficieut: noise weig11tin.g. 



The ma.in goal of this ~wea.rcli n7a.s to build a. high clualit~. lo\\. bit ra.t,e \i;ideband 

CEL1' coder tha.t. coul.cl outrj~erform most o' its predecessors ancl nose  specifically 

the split-bancl ( " E J 2  cocler ol' R.oy a.nd 1iaha.l [XI. In this clia.pter. t,he first sec- 

tion c1esci:ihes tbr- final configura.tion of the full-band a cleta.ilec1 description 

of pa.rameter selection ancl cjuantiza.tioi1 is gi\.en a.1~1 e s p e r i n ~ e n ~ s  \\:ere carried out 

to  determine the overall pe~forinance of the The  secor~d seclio~i studies the 

split-ba.nc1 C'E1,P structure introclucecl by Roy: and finally the la.st; sectiou compa.res 

the performa.nces of the split.- and full-band coder. 

6.2 Final configuration of the full-band CELP 

The moclified version of the CZLP coder is shown in Fig. 6..1 ~vhere the a.clclitjonal 

improvenlents a.re c1epicl;ecl. 

Fig. 6.1: I?uhaiicecl c:ELP coder. 

6.2.1 Parameter selection and quantization 

'This section clescsibes the design and coding of ea.ch pa.ra.iiieter. used in our CELP 

coder. As clcr.scriIxc1 ea.rliel:. t,l-I(< si~ndat.ions \\-ere ca.rried out. \\.ith speech signals 

sampl.ec1 a.t .1.6 ]<HZ aacl l~ancllimitc-cl to 7500 Hz. 



Frame and subframe sizes 

The l'i.an.1e and su11fram.e sizes control the upcla.te rate of' the c,ocler's para,me- 

ters. Both pitch (fra.ctiona1 1a.g and coefficient) and ~0del)001< (ga.in a.11~1 index) 

pa.rc~nlet,ers are upc1a.l-'eel foi every subfra,me7 while only the LPC: pa,rameters a k  

are upcla.tec1 for ever.\- h:ame. Three upcla.te modes wew inves tiga.tec1. With a. 

sa.mpl i ng f~ecluei~c>. of 16 kHz, the first (:320:40) 11a.s a Cormant lra.me of :320 

sa.mp1es (50 Hz) a.nd a. pitch subframe of 40 sa.inples (400 Hz).  'The second 

(250:5O) uses a. franlc. ol' 250 sa.1nples((64 Hz)  and a, sul~lranle ol' 50 sa.mples 

(320 Hz). Finally, the third mode (160:40) 11a.s a fra.me 01' 1.60 sa.mples and a. 

sub-l'~:a.~ne 01'  -10 sa.1~-I p l e s .  t 1.1 i s  ~nocle is used to test transpa.rent speech cluality 

hut a t  higl-ler hit ra.te.5 ( -  21 Iil~it.s/s). 

LPC: coefficient coding 

.A 16-t b o~,cler formant fi 1 ter is used: although st,uclies were ma.cle on a 20-th order 

filter but qua.ntiza.tio11 proved to be too costly. The LPCs are first trailsforillecl 

into I.SFs. split into three subg~-oups with the 4 . 4 4  mode. \yector cluaatiza.tion is 

then a.pplied to ea,ch x l ~ g o u p  wit h t.he weighted Euclic1ea.n distance mea.sure a.s 

the selection cs.it,erion. T h e  11111nI)er of clua.nt.iza.tion bits is set. to :3:3 bit,s/fra.me. 

Int,e~:pol at ion of the LSFs is irsetl t,o p1.01.icle interpola.td I,T'(~' coelicients in 

ever!. s LI I~:I'.ra.rn e.  

Pitch coefficient and lag coding 



G a i n  cod ing  a n d  c o d e b o o k  design 

A 4 bit diRerentia,l cluantizei \\:i th a 1ea.k~ preclictor is used I,O cocle the differences 

in successive subfra.iiies 111a.gn itudes. An extra bit. codes {;lie sign. The cocle- 

hook consists of normalized i i d  (independent iclei~ticall~ clist~ibutecl) C:aussia.s~ 

secl~1e1ice.s. the size of t,he codel~ool; is va.riec1 between 128 and 1.024 codewords. 

W i t b  a.11 the previous paranletel settings described, two operaling ra.t.e were estah- 

lished for the  full-baad CELP coder a.s listed in Table 6.1 and Tahle 6.2. 

Tot a1 

Bit s/sec 

Tab le  6.1: Full-11ancl C'J:l,l3 coder opc.rating rale Sol 320:-LO niocle. 



1 Paranie~er I 13it,s I Update rate (Hz) I Bi r / s ec  

9 - 
2 

gain C; 5 

lag i+l 10 

~0de1~00l i  10 

Table 6.2: F~111-b;lnd C'p:TJl3 codes opcrating rate lo] 2.50:50 mode. 

250:50 

1110 cle 

C '~)~ l~ l i00 l i  

size 

Table 6.3:  1;'uI l-lx1.11(1 SegSNl3. perfov~ua.nce 

1320:-10 

1110 cle 



used as s h o ~ v l ~  ill 'Table 6.3. 'I'lhe ga.p of 1.8 dB present a.t a. c0deb001i size of 128 is 

now reduced to  a. 1  .:3 dB d ifFewnce between the two opera.ting r.a.te. 

6.3 Split-band CELP 

The split-l~and coufigura.tion sho~\;n in Fig. 6.2, introduced 11x R.o\ a.nd Iia.11a.l [XI. is 

Tier\; sirnila.1. to the Cull-11a.ocl ca.se. 1.Ihe c1iITerenc.c- is tlmt the coclel~ool; is I I ~ \ \ ;  spl i~.  i11t.o 

a. lower aacl upper 11ancl Gaussian coclebooks with two distinct ga.ins ( CiL ancl G H )  

and two pitch syntl-resis fillers ( G L ( z )  and G H ( z ) ) .  The result.ing pitch excita.tion 

signal c l ( n )  becomes the a.clclit.ion ol' the lo\ver band part d L ( n )  a.nc1 the higher ba,ncl 

An a.dc1jt.io11a.l step is used a.lso where t,he pitch pa.ra.metm~ (ga.in. 1a.g ancl coef- 

ficients) a.re ~wol~timizecl.  The op8irniza.t.ion procedures used 1.0 nlininlize the ellerg?; 

E a.re siixi1n.r 1-0 [.he ones clescril~ecl i n  Ecl. ( 2 . 2 7 )  ancl (2.:33) except t l~a, t  a joint opti- 

mimtion ol' IIOI:,~-I pitch a.n tl c ~ c l ( ~ l ~ ~ o l i  para.iuc.i.el.s is now perlo~niecl \vi  ~ 1 1  a.u increa.sec1 

a The ne\\- coclel~ook \\eight,ecl errol. e,,,(n.) for every cocle~\:orcl with index i is: 

where .s,~,,,,. is the ne \v  re-ference signal Cor t,lie synthesis st.a.ge a.nd 





The euergj- o' the weighted error signa.1 in the pitch subframe is 

6.3.1 Parameter selection and quantization 

LPC coe f i c i en t s  cod ing  

'The I., PC coel-firie~i t.s ( I  a. a . w  f i r s t  coded using Line Spect rn.1 I ; I T C ~  uencies. Aga.in, 

:I6 coeSTicient.s a.re usecl t;o ~moclel the spectral envelope. Ne\wtheless, the dif- 

ference here is t11a.t i11sl;ea.d of using split. vector clua.ntiza.tiou. we go 1 ~ ~ 1 ;  to 



Pitch coefficient coding 

In this split-lmnd configu~~a.tion, two pitch taps lmve to be used for the higher 

a.ncl .lo\\.er bands. The cocliug is performed wit11 n o n - u i ~ i l ' o ~ ~ ~ ~  sca.1a.r quantizers. 

The lower pitch t,ap !:II, is coclecl with 5 hits while the highel one cjlH uses 3 bits 

comi t1e. i  ug the h c t .  1.1-1a.t pii.cl~ in lorrna.tion is crucial a.1, l o ~ ~ e r  frecluencies. A 

singlr lilg \.i~lue is used I'or 11ot.h 11a.ncls a.nd is coded wi th  7 hits. 

Codebook design 

6.3.2 Performance 

'Two operaling sa.1.e were estal~lisl-~ecl usins 110~11 the (250:50) a.nd (:1:'0:40) upc1a.t;e 

rxodes. .:Is sl-ro\\- I i 11 Ta.l~le 6 - 1  a11rl 6.5. ( . I - I ~  ws~.llt,ing o11era.t-.i~g ra.t,es a.re 16 l;bits/sec 

and 1.4 l;hit:x/sec for the (:320:40) nlorle i ~ c l  (250:50) mode respc<ct.ivelj;. 

'The ~-esi.~lt: i~~g perfo~.rnance Fig~11.e~ are sho~vn in Table 6.6. 'The simiula.tions were 

per:l'ornlecl on the sa.me four speecl-I files used i n  the full-bancl co1-1figul.a.liol11ratioi1 and with 



Bits 

Total 

1 lag I1 

Bits 

Tahle 6.5:  Split-11a.ncl C!ET,I' coder opera.ting ra.te for 250:50 

7 - 
1 1  

mode. 



size 1 mode 

250:50 

mode 

11.17 

11.S5 

12.24 

12.69 ! 
Table 6.6: Split.-l~ancl SegSNR. perSorma.nce. 

6.4 Comparison of both the split- and full- band 

CELP 



':l'h~.ougIiou I this rese;~.rr.l~. \ye t,riecl t,o 1,i.eserve some 01' I, a.cl \:a11 l.a.grs of the. 

split-band cocler while elimina.ting t,he cljsa.clvanta.ges. With the introcluctioi~ of the 

t.wo pole poi~cepl~ua.1. noise \reigl-~t.ii-ig filter. the -flexil~ilit~y OT-er the con~rol of quail- 

timtion ~70i.w was ma.inta.inec1. Also. t:lie use of the multi-sta.ge split VQ tecl~nic~ue 

lor LSFs wi o C o ~ ~ e d  the con 11.01 01' Ili t a.lloca.tion -for different 1'1quencj- 11a.ncls. This 

methocl also helpecl in reducing (,he overall opera.ting bit ra.te. In t,erms of overall 

11erCorma.nce. t ~esult,s oht,a.inecl \vi t l l  our cocler were signil-ic;~ntl~- bet-t.er tha,il those 

obta.inec1 \\:i [ I - I  Roy's coder: 



Chapter 7 

Conclusion 

T h e  purpo.ye of II-iis thesis i1:a.s t.o c-.sa.~u i L I P  a,nd i ~.npro\;e t.he cocli ng 01: \\:iclel~a.~-~cl speech 

11; ns.ing ;~nal!:sis-I)y-s!;~~ thesis c.oclc~ll;. 'lo a.ccomplis1-I this t.asli. d if-f'erent-. exist.i ng 

wiclebaacl coclevs \\:ere in\;c.stiga.tc-.cl as \\:ell as specific. na.~:ro\\.l)i~~icl cocling scheines 

t,ha.t coulcl Ix a,claptecl t o  a \\:idel~aad en\,iroiim cut,. 

111 p a r t  icula,~.. I ~ ~ I O I V I I  spect.~.a.l cocling tec l~u iclues using vecl;o~: c~ua.ntiza.tio11 were 

ext,enclecl t'o deal \vit.ll a, higher u ~ ~ i i i b e ~  of LPC! coefficients. olhel: methods dealing 

wit11 higher ~:esolu t,io11 in pi tcli ~p~.ecljct-,ion a n d  11et;tes percept u d  noise \veighting were 

also e\:alua.ted a.11 c1 achptecl Lo a. 1.a.rgei: frecluenc?; 1)ancl. All these cli8erent schemes 

were a~sseni1)led isil:,o a, ne\\. \~iclcl~aiicl C'I;',L13 coder t11a.e cou lcl mcocle the clifferent 

paa.a.mete~s more e:fficienhly c?.rrd p1.ocl11ce a. ~,econstructecl speecll wit11 high qualit?;. 

Aiclec[l~a.t.e short tillle sl1ectra.l envelope coc~ivlg wa.s crucia~l. i n  t h e  s\:ilth.esis stage 

of the C)E I, P rocler. ;\ n al I-pole fi 1 t c ~ r  \\.a.s implemented to 11-loclel t .11~ l~elmviour of 

fol:m.a,nts i 1-1 1.11.1 l.11 211-I. speecl-I . l-'a.~.a.rinet,e~~ ol [.his all-pole filter \\.ere ol~ta.inec\ using a. 

1~6-t,h orclel. ILP( ' a,na,lysis. ' . I ' I I ( .  I W ~ I  l ~i I I ~  1,13(~' coelficic~nl x \\.PI.(- 1101 \\.ell suikcl l'or 

transmission Ixcause a, bit. error i n  any one coefficient coulcl tlest.a.l~ilize the  all-pole 

filtei:. To ove1.coln.e this \\;ealiness. \\-e tran slormecl these coefficients into line spectral. 

freclue~~cies (I:,S17s) ~rba.t a,l:e good wpi.esenta.tives of the  f'orina.13 1, hecjueiicies. 

TIE LS'I':.; st i l l  ueecled t'o IIe cl~uan tizecl prior to theil. t r a , n ~ ~ m  ission.. -4 u a.clecjua.tc 





predictor ancl I , I - I ( A  11it a.lloca t,ion was ~~ecluced fro111 I1 lits/subl'rame ( t. hree-hp)  lo 10 

l~its/sul~fra.~llc.. (I'i.a.ct,iona.l clela.!;s). 

A further improvem.ent: thai  1va.s a.dded to the C!ELP coclei st-.~.ucture was the use 

of the perceptual noise ~veigbting f j lk r .  This new noise weighting techniclue solved 

the problem of high frecluenc!; distortion by., in effect, esta.blishiug a. bet. ter control 

over both t i l t .  a.11~1 lorma.nl pa.ra.melers. Specifica.lly, the existing 1~1,.(:) spectral noise 

w e i g h h g  li11,c.r \\.as mocli-lieel by ca.sca.diilg i t  \vit;h a. lower orclri a.cla.l)ti\,i-. 1,I-irec- pole 

filter. This ei~a.bletl the clecoupling oS formant; \,veighting from sj,ect~.a.l tilt weighti~lg. 

The new filter ga.ve a. wider ra.nge 01 a.chieva.ble noise sha.pes a.ncl thereby allowed the 

coder to bet, t e  exploit the masl;ing properties of wiclel~and speech. 

Finall!-. subjective performance of our wicle11a.ncl CELP coder 14.a.s a.ssessed by 

compa.ring i t  to the 16 kbit;s/s coder iruplement,ed 11y Roy [25]. DiBewnl, simulations 

\wre concli~c1.ec1 ;II-1c1 the results slio~ved t11il.t our coder opera.ting at. a. lower bit. ra.te 11.7 

1.1 \ ~ ~ l s l s  ' . . genc3ra1 etl a bett.er ~.c-.c.oi~sl lxct.ecl speech clua.lity t1ia.n t lie split,-bal~tl a.lgori tl-rm. 

N e ~ ~ t h e l e s s .  the p~.oposecl scheme ca.n still he further impro~:ecl I)!. st-uclyi ug the elfecks 

of training the excitation ~0~leb001i on the clua.lity of the uxonst.i~u<:t;ed speech. 



Appendix A 



File Sentence 

The c1a.rl; pot ]lung in the front closet. 

C' ~a.1 . .  L >  . the pail t,o the \ d l  and spill it. t h ( w .  

The tra.ia brought our hero to  the big to~vlz. 

liin cans a.re a.11sen t I:roin store she1 ves. 

Sl.icl(:. the 110s ii1t.o t ha,t einptmy space. 

!I? be rude la.ugh filled the empty soo~ii .  

The j11a.n t. grew la.rge m c l  green in the \\.indo\\.. 

'Tea seu\.ecl from the brown jug is ta.st!.. 

.:\ clasl~ 01' pepper spoils beel' st?\\.. 

.A zestful food is the hot-cross I I U I - I .  

I ' he  cold drizzle will l-la.]t, the bond rlri\.c:. 

'The mute muffled the high tones of the horn. 

Tab le  A . l :  F'cmale speech files. 

S-I 



Seni.c~clce 

The sma.ll pup gna.wec1 a. hole in the sock. 

r 7 
She fish t,\vist.ecl a.nd t,urnecl on the I ~ c - l ~ r  I~ocil<. 

Press the pants and sew a. button 011 the vesi,. 

r l  She swan cli\le wa.s fa.r short of perfect. 

The bca.ut!; of the view st.unnec1 the young Imy. 

Two blue -fish sn:a.m in the tank. 

Bo1;h lost their lives in the raging sl o1.m. 

'The colt rea.recl a.n tl threw t,he tall  ~iclet~. 

1.t. si~o\ \wl .  1.i1.i netl and 11 a.i lecl the sa.nx ~ n o r r  ing. 

1.Tse a, pencil to write the first clral'~.. 

Tl-~e \\:list \\:as Imdl; spra.inec1 and hung limp. 

The frost!; a . i~.  pa.ssed through the coa.i:,. 

'Tlhe >.oLlng Iiicl jurnped t,he rust?; ga.te. 

C: uess r,he result,s from the first s c o ~ ~ s .  

.4 sa.lt pickle t,a.stes fine with l m n .  

'The j ~ ~ s t  claim got the rig11 t verdict. 

i 7 1. hese thistles bead in a, high w i n  tl. 

Pure bred poodles lmve curls. 

Aclcl the si;ore's account to the la.st eel-lt. 

The spot 011 i.11e bloli,er wa.s nmcle by gwen i11Ii. 

h4ud \\.a.s spa.ttet.ecl 011  the El.ont of his \vlh i i,e shirt. 

1;. c ~ . ~ ~ !  . .  . tales sl~onld be fun to \vrii'cr.. 

r 7 J lie pencils ]lave a.11 been used. 

St.ea.t~t I~issc-:tl I'rom the brolien \:al\;c-. 
-- 

Table A.2: h;lil.le speech files. 
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