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ABSTRACT

A lossl-ess acoustic tube model- a¡d l-i¡rea:r predictive analyses
a:re reviewed, wh.ich represerrt the conventional- model and arralysis
procedure for vocal tract shape recovery fncm the speech waveforrn.
The effects of a non-white excitation on acoustic tube shapes re-
covered by linear prediction ane investigated, and nesul-t in the
defi¡ition of special acoustic ttlbe shapes which can be recovered
fon non-white excitations of certain dr:rations.

Conventional pne-enphrasis techniques fon re¡novirg glottal-
pr.rlse excitation effects frcrn the acoustic tr-rbe shape recovered
by linear pnediction are eval-uated and, in general-' alle shov'rr to
p.nforrn poorly. A new adaptive pre-emphasís fil-ter is defined,
a¡d slor^¡n to prrcduce imprrcved acoustic tube/vocal- tnact shape re-
coverS/ in ccrnparison with conventional pne-emphases for both sSrn-

thetic arrd neal speech waveforms of five vowef sounds.

A lossy terrni¡ntion of the accr.rstic tribe model- is investigated,
and fi¡o new analysís procedtlres are presented, one based on auto-
cor¡el-ation functions, and a¡other: based on a transfer function of
the acoustic tube model-. The lossy terrnination analysis based on
autocorrel-ations is shov¡n to be applicabl-e to real- time applica-
tions of speech analysis, and both anaLyses produce an ìmprorzement
in acoustiõ tu¡e/vocal- tract sh,ape recovelly in ccxnparison with
conventional anal-yses, when a lossy terrnination is present.

Ttre new adaptive pre-emphasis fil-ter and tlre lossy terrni¡ration
analysis based oñ autocorrel-ations are ccrnbi¡led i¡to a single
speeôh analysis procedure. This ne\^l Speech analysis procedr.re
iè evaluated with s5rnthetic and rea-1 speech fo:: five vowel sounds,
a¡rd is shovrn to produce impr'oved acoustic tube/vocaf tract shape
r€covery in ccrnparison with existing teclniques.
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SUÍVIIV|ARY

Acoustic tube n¡cdel-s a¡e wídely used as nrodel-s of the htmnn
vocal tract, æd penrit the acoustic waveforrns i¡r the vocal tract
to be specified frcrn the geometry and pæperties of the vocal- tract.
Horoeven, the i¡vense prÐb1ern of deterrni¡ing the geometr5l on pnfper-
ties of a set of acouètic tubes, whieh model the voca-l- tnact, is
conplex, and not ccrnpletely nesolved today. This thesis investi-
gatãs túe i¡rver"se problem to impro e thre accuracy of r:eco_vering
ácoustic tube geometnies frr¡m the nadiated acoustic waveforrn.

A l-ossless acoustic tube model- and Ij¡ear predíctive analyses
ar:e ::eviewed, and the nelationship between the nesul-ts of a Ii¡rear
pnedictive analysis and the lossl-ess acoustic tube model- is defined-
ihe conditions tlrat the acoustic tube nrodel must satisfy fon a pl?e-

dictive anal-ysis of its output on radiated acoustic waveform to re-
cover its shrape ane presented. 0f these conditions' ntany a:re_not
satisfied in tfre huIrnn vocaf tract or drring the prrrduction of
speech; therefore, a linear prediction of a speech waveform does
nät identify an acoustic tube model- the slnPe of wh-ich is the same

as the vocal tract. An a¡ea distance measure is defined to provide
a quantitative measune of the si¡nil-arity between an acoustic tube
shápe recovened by an analysis of the output waveforrn frcrn a set
of ãcor:stic tubes and the shape of tlrose acoustic tubes.

For ]j¡ear prediction to recover the shrape of a set of acous-
tic tubes, those acougtic tr:bes must be excited by a white excita-
tion. The effects of a non-white excitation of acoustic tubes on
the acoustic tube shape recove¡ed by linea:r prediction a¡e ilvesti-
gated, and shor¿ that poor acoustic tube shrape recovery occ¡rs. A

õl-."" of acoustic tubes is deterrnined which can be recovered after
a Li¡ear pr"edictive analysis for non-white excitations of restnict-
ed dr:¡ratiòn. The necessary post analysis to recover the acoustic
tube shnpe is pnesented, md the areas of application are discuss-
ed.

A new adaptive pre-emphasis fitter is presented, the form of
which is definãd from measi.rements of the required pre-emphasis to
wh-iten a range of glottal- pulse waveforms, which are r€presentative
of the gtottal pulse waveforrns used to excite the vocal- tract dur-
ing the pnoduction of voiced speech. Eval-uation of the new pre-
empnasis-filter with real- and synthetic speech waveforms shows

tnät improved acoustic tube shaþe r€covery is achieved j¡r compali-
son witÎr the acoustic tube shapes necovered by previously used pre-
arphasis teclrriques. The evafuations consider a wide range of
samplj¡rg fnequencies, and shrow a consistent improvement j¡r acoustic
tube shape recovery.

Conventional- acoustic tube shape recovery by ì-ìnear pnediction
requires a lossless ternri¡ration of the acoustic tubes, which is not
the case for the voeal- tract. The effects on the acoustic tube
shape recovered by linear prediction for- a lossy terrni¡ation of
acoùstic tubes are plresented, and are shor^n to be significant. A
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general model of the loss at the ternination of acoustic tr¡bes due
fo nadiation is neviewed, and simplified by the l.cror,vn conditions
which exist at the lips, i.e. the terrni¡ation of the voca-l tract.

A nwiber of autocomel-ation analysis prrccedr.rres fo:r a lossy
terrni¡ation of acoustic tubes are defi¡ed, and evaluated with syn-
thetic and real- speech waveforms. An analysis pnocedr.re is a-lso
pnesented whrich is de¡rived fncrn a tnansfen function of the acoustic
t.r¡. *o¿.1 a¡rd uSeS const¡'aints, based on physical restnictions i¡
the vocaL tnact, to overccfne an anbiguity problen. Ïtre auto-
correlation analyses are shor,.¡n to be applicable to a wider nange
of situations thnn the tnansfen ft¡rction ai'ra]ysis, espeeially for
neal time applications. ltrese new analysis methods ane shrov,m to
produce irnpròved acoustic tube/vocal- tnact Shape recoverS¡ in corn-
parison with conventional analyses, when a lossy terrni¡ation is
pnesent.

The new adaptive pre-emphasis fjl-tor and a l-ossy te¡rni¡ration
a¡al-ysis are ccnrbi¡red j¡to a silgle speech analysis prrrcedr.re.
This new speech analysis Pnocedune is eval-uated vrith neal- and
s5rnthetic épeech waveforrns of five vowel sounds, and is shown

tò produce improved vocal- tnact/acoustic tube shape recovelry
in ôonparison rnrith existing analysis techniques.
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CHAPTER 1

INTRODUCTION

1.1 BACKGROUND

Ihre nathenatical- npdelling of acoustic veveforrns in general

acoustic tubes is descr.ibed by NElüTONrs second l-aw of notion, the

second law of thernod5rnamics, a¡d the equation of continuity on

conser¡¡ation of nìass. Such a descniption enables, frcrn the pro-

perties of a set of acoustic tubes a¡rd the source excitation, a

complete npdel- of the nesulting acoustic waveforms a¡rd their chn:r-

actenistics. The inverse prrrblem of deterrning the gecnretr5z o::

prope:rties of a set of acoustic tubes frqn their radiated o:r out-

put acoustic waveforrn is mcne complex, and is not ccrnpletely ne-

sol-ved today. This thesis investigates thre j¡vense problem to

improve the accuracy of recoveni¡g the acoustic tube geometry.

A najor application of acoustic tube nx¡del-s is to the rpdel--

J-ing of the hunnn vocal tract. This has proved to be very success-

ful, due to the hunnn vocal tr-act bei¡rg an acoustic tube which is

excited by acoustic waveforrns to produce speech, a radiated acous-

tic waveform. Acoustic tube model-s were fj¡'st used to nodel speech

production by C}IrBA arìd l(LIfYAvlq jrì 1941, and the research up until

the early sjxties lrmns 1950; STEVENS, KASO!üSKr and FA]JT 1953; FANIT

1960; KELLY and LOCIIBAUM 19621 concentnated on acoustic tube npdel-

ling of speech production. The nnjon result of th-is research was

to show tlnt the slnpe of an acoustic eavity detervni¡ed the fre-

quency chanatenistics of the output or radiated waveform, under

ideal-ized conditions.
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As the r:ndersta¡rding of the speech production mecl¡an-isrn nntured

with- the use of acoustic tr¡be nodetling, the j¡rverse problem was i¡r-

vestigated. The initial- studies of the i¡rverse problem can be tnaced

to MERMETSTETN a¡rd SCHROEDER [rgOS] and MERMEI,STEIN [1967], who used
I

the rel-ationstrips developed betveen the fnequency cln:racteristics of

the output acoustic vaveform a¡rd the acoustic cavity Slnpe. I4cre

specificatly, the cavity slnpe was detenni¡red by perti.rbation of

forrnrrt frequencies of nea:dy tlrri-form acoustic tubes. This vrcr'k

uas extended by HEI}{Z [1967] a¡d SCTIROEDER [1967], but ]lad nnny

i¡rherent disadvantages. The nai¡ disadva¡rtêges l^¡elîe tltat convæ-

genceof the per:tu:rbation process coul-d not be gr:ararrteed, and the

nesuLtant acoustic tube shrape depended heavily on the boundary con-

ditions at the source and the tength of the acoustic cavity.

Anothen appncach to the inverse problem which hns excefl-ent

potential to recover the human vocal bract slnpe is the neasurement

of the impulse lresponse of the vocal tract at the lips. The studies

j¡ this anea hrer€ i¡ritiated by SCT{ROEDER [1967], and a najor paPer

vÊs presented i¡ 1971 by SONDHT a¡d GOPIltlATll [1971]. Ttre impuÌse

response of the vocal- tract \^7as measuned as the pnessr:re developed

at the lips to a unit impuÌse of volume velocity apptied to the

lips. Measrirements were taken with the subject in a phonating

position with an ìmpedance measuring tube at the lips, whrere the

excitation vÊs developed and pressure measurements taken.

Recovering the vocal tnact shnpe by measuring the i:npulse re-

sponse at the lips overcomes the speech arr,alysis problems of a¡ u¡t-

]srov¡n excitation of the vocaf tract and complex radiation of sound

at the J-ips. The ne.jor disadva¡tage of tÏÉs tech¡nique is that the

measuring apparatus does not allow a natural- speaJcilg errvironment.
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It is not applicabl-e to analysis of speech sounds, and so its ap-

plication is basically lirnited to an al-terl-rative for deterrnining

vocaf tnact shapes via X-ray photography. Thre disadvantages out-

weigh the advar¡tages, ard so l-it-tl,e wo::k þas been completed i¡

this area, although soNDHI ltgll ard 19791 Ìras angued that this

is the onty procedtre fon accurately deternr-ining the vocal- tnact

shape from acoustic signals.

up r:ntil the l-ate sirties, the speech analysis prroblem was

performed vìa fuequency on spectral analysis, but a m¡nber of

restrictions r^7ere encountened. one of these restnictions I^7as

the necessity for rel-ativel-y long speech segments to provide

the required spectraJ- resolution, and hence napidJ-y clnnging

speech events coul-d not be foll-owed. Ttre periodic nature of

voiced speech masks the spectral, inforrnation between pitch har-

ncnics, and cä.uses ur¡satifactory results for high pitched voices,

which ar'e ccrlmonly encourrtened in I^/omen and childnen. Ihny soJ-u-

tions to these ar¡d other- problems have been presented' with the

r¡pst successful- beirtg a djrect anal-ysis of the speech u¡aveforem'

Of the early techrniques used for djrect analysis of the speech

waveforrn, the most significant wene those of SAIT0 and ITAIURA

[1968], and ATAL and SC]ÍROEDER [1967, 1968a, 1968b]. The Papers

by ATAL and SCFIROEDER were concerned with predictive codìlg of the

speech waveform, whil-e a rnaximum likeÌihood approach was presented

by ITAI(UrRA and SAITO. These papers can be recognised as the be-

ginrrings of the l-inear prediction analysis proceclure which is now

widely used for speech arnlysis. The term rrli¡tear predictionil was

first used by ATAL [1970a] j¡ 1970' and his Paper of the same year
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[efgl, fgZO¡] presented the firs't atrenpt at directly ccrnputi¡g un

acoustic tube rpdel- of the vocal tnact from the speech wavefonem'

The nesurl-ts of ATAL [1970b] and, soon after' ATAL and ]lAl'trAUER

[1971] pr:oved to be very ímportarrt ín cementíng the bord betveen

Ii¡ea:r pnediction ard the acoustic tuÞe nrodel. Threy slrowed tfnt

a tnansfer fi.nction of M poles is always rea-l-izable as the transfer

fi¡nction of a set of M conrnensu¡ated cylindr:ical acoustic tubes.

Thus, a unique discrete acoustic tr:be slnpe can be constructed

frsn a given order tra¡sfen fi:nction polynornial. Ttre important

nelationship, that the i¡verse filter obtai¡ed by linear pnediction

of speech waveforms is a¡r equivalent nepresentation of the acoustic

tube rpdel, was presented by VüAKITA [1971] soon after. Ûthen sig-

nifica¡t studies arou¡rd thnt time wldch lead to diffenent fornnrl,a-

tions of l-i¡ea¡ pnediction ü¡ere pnesented by VJA1CTA [1973], I¡JAKfTA

a¡d GRAy [1974], ],IAKFIOUL arld I,üOLF 17972), ITAKIIRA and SATT0 179721,

ITAKURA et al- l7g72f, GRAY and l',fARlGL [1974], and NARASI]',IHA [rgZ+].

The object of this thesis is to produce improved acoustic

tube stnpe recovery frcrn the nadiated or output acoustic rn¡aveform

of a set of acoustic tubes. The excitation, radiation conditions,

and general- acoustic tube parameters considered a:r'e sirnil-ar to

those i¡r acoustic tube nrodel-s of the human vocaf tract. Therefore,

a direct application of the improved acoustic tube shape recovery

procedures deveJ-oped j¡ this thesis to speech analysis is possible,

to provide impr"oved area function recovery of the vocal tract.

The l_jnea¡ predictive analysis of speech has been highl-y suc-

cessfi-¡-f, rnailly due to the simplicity and ease with which acoustic

tube parameters are necovered directl-y from the output acoustic
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vavefotnn. Fon this reason, the majonity of the r¡crk presented in

this thesis uses ljnear pnedictive analysis teclrniques dinectly,

or as a basis for developing new acoustic htaveforTn analysis tech-

niques.

1.2 THE PHYSICAL VOCAL TRACT AND SPEECH PRODUCTION

If an accurate rlodel of the voca-l- tract is to be prrcduced,

then it is importarrt tlnt its structure be welt defined a¡rd i¡¡rder-

stood. This section provides a brief description of the vocal

tract and the speech prrcduction process, sufficient to defi¡e

the speech terrns used thoughout this thesis. A complete descrip-

tion of thre vocaL tract and the speech production process is found

i¡ the texts of FIr$L\Qt{ 11972f and FAIIT [1960].

A l-atenal- mid-sagiftal- section of the huma¡ vocal tract, show-

ing the positions of the najor featr.res, is presented in Fig¡re 1.1.

The vocal- tract is defj¡ed to start at the opening of the vocal cords,

i.e. the glottis, and exterrds up to the lips. The region between the

glofris a¡d the back of the mouth is caLfed the phar¡rnx, artd contains

the epiglottis, whose nejor fr-nction is to c1ose off the air passage

to the h:ngs during swal-lowing. The nnjor clranges j¡r cross-sectional-

area of the hunnrr vocal tract occun j¡andaround the mouth cavity,

with the nnjor articul-ators jl this region being the lips, jaw,

tongue and teeth. Ttre amount of coupling of the nasal- cavity or

tract to the vocaf tract is controJ-Ìed by the vel-um. Speech sowtds

which are produced with the nasal- tlract acoustically coupled (i.e.

the velum is open) to the vocaf t:ract a:re calfed nasal-ized sot¡nds.
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Speech sounds are produced by forcìng air from the lungs past

the glottis a¡rd ttnrough the vocal ùract to the lips, where an acous-

tic pressure waveforrn is nadiated. The sound prtcduced depends upon

the physical conditions at the gIofris, the position of the articu-

lators j¡ the voca-l- tnact, and the degnee of nasaJ- coupling. Speech

sc¡unds are cl,assified into thrnee basic grouPs, i.e. voiced, unvoiced

and plosive sourrds, by the mannen in which the acoustic waveforrns i¡

the vocal- tract are excited.

ff the vocal fol-ds are hel-d tight, therefore elosilg the glot-

tis, then pr€ssure builds up i¡ the sub-gl-ofral- regions dr:ring the

exlnlation process. Eventual-ly, the pressure becomes sufficient to

force open the voca-l- folds, opening the glottis, and allowing air

flow i¡to the vocal- tract. This air ffow causes a decrease j¡ pnes-

sure below the glottis and i¡ the glottal orifice. The tension on

the vocal- folds a¡d this decrease ìn pressr:re causes the vocal- fol-ds

to srap shut a¡rd stop the air flow jnto the vocal- tract. This pro-

cess is then repeated to prrcvideanearly periodic pulse excitation

of the vocaL tract. Sounds pnoduced by this nearÌy periodic pulse

excitation ane cal-l-ed voiced sounds.

Excitation of the vocal- tract for- sounds call-ed unvoiced is

produced by tr:rbulent ai-r fl-ow. For these sounds, the vocal fol-ds

are held open, and air is al-lowed to pass the glottis freeJ-y whil-e

a constniction is rnde in the vocal- tnact. This constriction causes

a tr.:rbul-ent aj¡r flow arou¡rd the constriction, giving rise to a noise

l-jke o<citation of the vocal tract. In the case of unvoiced sor:nds,

excitation therefore does not occr¡r: at the glottis, but at the Point

where the constriction of the vocal tract occurs.
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Plosive sor:nds are gertenated by a cornplete closure of the

vocal t¡act, causing a build-up of Pressurer whr-ich is suddenly

r"eleased. The sor:nds i¡ this categony can be pr"oduced with on

without vocal fold vibration, and so voiced and unvoiced plosive

sou¡rds are 1rcssible. Tn general, the cfosure of the vocal tract

occurs i¡ the nputh region, e.g. at the lips, teeth on tongue.

A very impontarrt group of sounds is the vowefs, due to theu

relatively large usage in spoken English. Tfre vor¡els ar€ non-

nasa-l-ized voiced phonemes, and the study of speeeh sounds jn this

thesis is restricted to vowels. Therefore, the glottal excitations

of the vocal tnact investigated later i¡ this ttresis are of the

nea:r periodic glottal puJ-se tlpe.

1.3 THE NEED FOR ACCURATE VOCAL TRACT SHAPE RECOVERY

One of the goals of speech nesearch has been to accurately

recover the shape of the hunen vocal- tnact fncm the speech sound.

l4any of the ea:rly speech vraveform analysis teclrniques (ITAKURA and

sArTO [1968], ÆÆ and SCFIROEDER [1967, 1968a, 1968b], ATAL [1970a,

1970b1, ATAL and IIAItrALIER [1971], and I,üAICTA [fgZZ]l produced ne-

sul-ts in the form of estjrnated vocal tract shapes. However, as

speech nesearch continued, it became obvious that nost of the ap-

plications for speech research do not require recovery of the vocal

tract shnpe, or even the use of a vocal- tract nrodel-. Despite ttr-is,

there still- exists a need to necoven vocal- tract shapes accr:rately,

and these needs ca¡ be gnouped i¡rto the foJ-J-owing alleas:
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a) Thre need to improve oun r¡nderstanding of speech prrrduction'

b) Diqgnostic apPlications in medicine and aids fon the speech

trandicaPPed.

c) Speech coding ard sYnthesis.

of the above ttree grouPs, the fjrst is the nost impontant'

as it l-eads to a large nr¡riber of applications, and has the potential

to improve existilg arnlysis/s5rnthesis methods of speech' At Plîesent'

there stil-t exists a lack of lrrowledge about the position of the ar-

ticulatons r^/hen ultering sounds, ard thei¡ movement when a string of

phonenes is pronounced. TI-re position of articulators l^r¿ls fi-rst de-

terrni¡red by X-nay phrotography, FAill'I [1960], CHIBA and IG"IIt'A]'IA [1941],

PERKEL [1965], and zuJIMURA et a-l- [fS0A1, but ]-jmitations on the

amor:rrt of X-nay exposure tlat is safe for htuna¡rs, and tnanspa:rency

of scrne vocal- tnact featunes, causes this pnocedr.re to be inadequate

for determj¡ring vocal tract shapes ovelf a wide nange of speech

sor:nds. ûther methodsr. such as placing detectons i¡r the mouth,

hnve also been for¡rrd to be iladequate. Hence, only elementary

j¡rforn'ntion about art iculator po sit ion s dtri¡rg speech pnrduct ion

is }oo¡¡n.

Itrowledge of articul-ator position woul-d be helpful in speech

neeognition. This is due to the fact tlnt articul-ator positions

are largely speaker invariant, and have l-ittl-e redr:nda¡rcy, wh-ich

is why phonetic descriptions of speech are based on articul-ator

position. The ar.ea of speech s¡rnthesis coul-d also benefit, since

the ]oowledge of the constraj¡rts on the movements of articul-ators

fuorn one position to another ney help intell-igibitity of the s¡rn-

thesized speech.
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Incneased r:¡rderstanding of speech lxoduction thnough accurate

vocal tract shape recovery slpuld perrnit improvements j¡r speaker

identification and ver:ification. In the indentification PrÐcess'

voli-fication of the true position of certain or all of the articu-

lato:rs i¡rcreases the probability of a correct identification. Ac-

cr:rate voca¡- tnact stape r€covery shoul-d also perrnit deterr,ri¡ration

of which articul-ators ane important j¡ an identification situation.

One medical application of accurate vocal- ü'act shnpe recovelry

could be for assessnent of incornect articulator npvement a¡d de-

forn¡ations of the vocal tr"act. Ttre l-atten r^pul-d require a simple

and poptable system for it to be cost-effective. Incorrrect articu-

l-aton movement coul-d be deterrnined by display of vocal- tract shapes

while plronemes are spoken. Tf the ar^ticul-aton movemerrt welle lîe-

stricted by incorrect growth of the a:rticutatotr orl absence of muscle

etc., then medical pnocedr.res could be irnplemented to correct the

situation.

Application of accurate vocal tract shrape recovery to the

speech hnndicapped is far gneater tlnn the medical application.

The nejor group of speech Ïnndicapped are those who are deaf, and

so ca¡not use the norrnaL feedback pa.th of hearìng to fearn and nei¡-

tain speech quality. For these people, the visuat feedback of vocal-

tnact sÌìapes coul-d pnovide a means by which quality speech can be

produced. Ttrose people with speech impediments nn'y also be helped

by vocal tract sle.pe dispJ-ay to slrow how and where certai¡r articu-

lators need to be placed to produce a certaj¡r sound'
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In a t5rpical system used fon speech trandicapped people' a

target shape is displayed, showing the corrrect position of the

articulators and, as the petlson speaks, the position of his arti-

culatons is displayed for cornparison. The a¡'ticulatons j¡ the

comect position can be identi-fied, and the appnrpni.ate cols'etion

rnade to those articulatons in i¡correct positions. CRICHION and

FALI-SIDE [1974] described such a system, and the need fon an ac-

cr:rate voc¡l- tnact shaPe recoverS/ prîocedure is obvious' not onfy

for display of the personrs vocal tract SttrPe, but also fon the

pnoduction of the target slnPe.

Speech coding ard synthesis, which are requì:red ì:r voeoders,

is another application area where improvements nny be nnde if ac-

cr¡rate vocal- tnact shape necoverS/ is avaitable. The requirements

of vocoders fon a sIIBlI ntunber of s1ow1y varying parameters coul-d

be satisfied by a¡ticul-ator" position found from accurate vocal-

fuact sÌ¡ape recovery. At the receiving end of the vocodæ, f

parameters model-ljng the glottal- vaveform and vocal tract shape

lxrameter:Sr^rel-eavail-abl-e, then using a nrodel- of speech production

for speech sSrnthesis rnay provide improved s¡rnthesized speech quality.

The above discussions do not exlnust the applications which

would benefit frr:m accurate vocal- tract shape l?ecovery from a

di-:rect arralysis of the speech waveform. However, those applications

p:resented above are sufficient to show tl-nt thene should be signifi-

cant benefits to be gained i¡l several areas if accurate vocal- tract

necovery wene possible.
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1.4 THT NEED FOR FURTHER INVESTIGATION

The previous section establ-ished the need fon accur:ate npdel-s

of the vocal tract so tlnt accurate slnpes can be ::ecover:ed. Tfris

section bniefly considers the available techniques fon voca1 tract

shape recovery, ard conrner¡ts on the Accr¡r'acy and Ij¡nitations of

these techniques, ard hence establishes a need for furthe¡: investi-

gation.

The first mettcd of fi¡rdi¡rg vocal tract shapes and articul-aton

positions vuas by X-nays. llt¡-iLe this procedt¡re is i¡ritial-ly attrac-

tive, nrany disadvantages, such as the limited X-nay dosage a person

can be given, restrict its usage. Prrcblems are e)q)erienced with

the articulators, which are nade of fJ-eshy naterial-s and so are

relativel-y transpa.rent to X-rays, as well as articul-ators beilg

rnasked by bones, Skir, etc., nnking accurate sl6pe deternrination

difficult. Some of these problems can be overcome by coating the

tract with materials to higþJ-ight the articul-ators, but difficulties

stitl- persist with thejr application a¡rd discomfort to the subject.

Thacing the npvement of artj-cul-atons with X-rays requires

fil-ms to be made while the sound is phonated. Prr¡bl-ems exist

with s5rnclronization of the film with the sor.¡nd, noise due to

the camera, a:rd the l-ack of definition found i:r individuaf fnames

of fil-m. Ttius, studies of articul-ator^ movement using this proce-

dure can be i¡accurate, and are difficul-t to implement.

Since X-ray plrotographs only provide a one djmensional- view

of the vocaf tract, accurate vocaf tract cross-Sectional- area

ÍF;rsurements still nequire additional procedr.:res. Someof the meth-

ods used to obtain tlrree djmensional slnpes include mouth cavity
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rrEasurefnents hrith palatograms (false plates sirnjl-an to those used

by dentists), md film recordj¡rgs of the 1ip opening'

Despite aIL of these problems ¡4¡¡1 [1960] nenaged to obtain a

sqlies of vocal bract area functions fon twenty-thnee phcnemes fnom

a single speaker. Tiris is tTre on-ly large grouP of vocal tnact cnf,ss-

sectíonal area shrapes available and, as a consequence, they are used

as benchnn¡ks for venifyi:rg new analysis teclrrriques. In fact, they

a¡re used l-ater i¡r this thesis as corq)arisons for the r:ecovered vocal

tnact slnpes from spoken vowels. Other r:esearchers using X-nay tech-

niques to obta-i¡r voca-l- tract slnpes have been CHIBA and I(AIIYAIÍA

[1941], PERKELL [1965], and zuJIMURA et al [1968], and a sumnarS/

of their r^rcrk is presented by FLAIIAGA}I ll972f '

A pnrcedune wh-ich overcomes the prrrblems of X-nay photognaphs

is one based on the measure¡nent of the driving Point response at

the J-ips. Thris method lrecovers the area fu¡ction exactly under

the plane l^Iave assumption for a fossfess vocal tract. Original

studies i¡ th-is area \^rere perforrned by SCflROEDER [1967]' who des-

cribes the appa:ratus used to measure the impedance at the lips ìn

hispapen(SCIIROEDER[1967]).rtconsistsofanirnpedarrcetube

with a fl-exibl-e coupler, which the subject places against the lips'

Measurements a:re then ne.de while the subject moves the vocal tract

as i¡r normaf speech, but without phronating'

Theoretical- advances on the problems of computing the a¡ea

f¡rrction from the poles a¡rd residues of the drivj¡g point ìmpedance

at the lips roere rade by GOPINATTI a¡rd SONDHI [1970]. These ad-

vances overcame glottal source excitationr artd the non-r¡niqueness

problem of the necovered vocaL tract slnpe. SONDHI and GOPINATTI
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laten defi¡red a prrrcedu::e which prrcduces mor:e accurate vocal tnact

sl6pe r\ecovery from the irnpulse r€sponse at the lips. The same

apparatus is used, hlt the arnl-ysis takes place i¡ the time donnj¡

r:ather tlran the fnequency dorai¡.

The appa.ratus used to measure lip lmpulse response reflìoves

arry ]ip radiation, and the re¡ni¡ri¡g losses in the vocal fuact

(i.e. due to ¡,'al-lnrotion, viscosityand heat corduction) cause only

g,nall- perfurbations i¡ the necovered a¡ea fu¡rction. SONDUI and

GOPIIU{ITI [1971] s]rowed t]rat lip impulse nesponse measr:r'ements can-

not discove¡r the Pnesence of losses j¡r the vocal- tract, or correct

for them. However, SONDHI and GOPfMTH [1971] s]rowed that' iJ the

loss disbri-bution is a series loss proportional- to the reciprocal

of the area and a shunt loss proportional- to the area, then a cor-

rection can be made. SONDFII [1974] s]pwed t]nt this l-oss distribu-

tion approxjmates voca-l- tnact l-osses, and so lip impulse nesponse

procedures can also provide a fi:rst order correction of vocaf

trract fosses.

Hence, acc¡rate vocal tract Sh¡¿pe recovery can be obtained

from measr:rements of the impulse response at the Ìips, with l-ess

accr.¡rate resufts for }ip impedance measr:rements due to its in-

ability to account for vocal- tract fosses. Ttre prr¡blems with

X-ray photognaphy are el-irni¡ated, as wel-l as the problems tlnt

time and frequency donai¡r arnlysis of speech waveforms have with

glottal excitation a¡d l-ip nadiation. Recent work with lip irn-

pedance and impuJ-se response techniques has been performed by

DESCOLJ"I, TOUSIGMNT and LECOIIRS [1975] and SONDHI 1]-977, 19791.
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There a:re significant disadvarrtages with the 1ip impulse ne-

sponse and 1ip impedance teclmiques, which pr€vent thej:r applica-

tion to genena1 situations. Ttrese disadvantages r€volve arr¡r:nd

the nequi.:rsnent of the meastu'ìag apparatus being at the lips of

the speaker. Thus, a¡ r¡nnatural- non-phonating envirorrnent ís ne-

quired for meast¡rements, and the teclrniques cannot be applied to

speeeh vaveforms. Ttrerefore, the application of these techrriques

is li¡rited to special research investigations.

Recent advances in ul-þasonic teclrriques prrcvide a¡rother al-

ternative to the harmful- X-ray techniques. However:, th-is rnetlrod'

and all those considered in this section, nequine contrrcll-ed con-

ditions and di:rect access to tlre speaker, and necessitate complex

and time-consuming ccrnputations. Hence, none of tlrese methods is

applicable to the most cor¡rnon situation, where only the speech l^rave-

form is avail-able. Ttrus, there exists a need for al-terr-rative meth-

ods which can analyse the speech waveforrn di:rectly and obtaj¡ ac-

cr:¡ate a:rea function recovery.

Di:rect arnlysis of the speech waveforrn requires a nodel- of

the speech production system, and the acoustic tube nrodel mentioned

earlier lns been very successfuL. An accr¡rate n'cdel of the vocal-

tract must take i¡to account

a) time variation of the voca-l- tract shape,

b) excitation of the acoustic vaveforms j¡ the vocal tract,

c) radiation of the speech waveform from the lips,

d) losses produced by heat conduction and viscous friction

at the vocal- tract walls,

e) softness of the vocal- tnact waIIs,

f) branchesof the vocaf ttract¡ e.g. the nasal cavity.
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The assr.unptions of Ii¡rear prediction, which is used to ne-

coven vocal tnact slnpes frrcm the speech vaveform, ignore all of

the above pncpenties of the vocal- tract. Even so, it tns been sug-

gested ttrat the acoustic tube slnpe tlnt is recovered by linea:: pre-

diction of the speech vaveforrn is a neasonable appnoxìrnation of the

vocal- tract shape. MARKEL and GRAY [fgZ6] heve concluded that, if

speech is pncpenly pre-enptrasized, and j-f boundany conditions of the

acoustic tube are proper'ly closen, then very reasonable vocaf tnact

shapes can be estimated fnom the speech v¡aveform by linea:r predic-

tive prpcedures. Houever, SONDIII ltgll, 1979] Ïns disputed this,

a¡rd cl-ajms that it is not possible to obtain accurate vocal- tract

shapes fnorn the speech waveforrn.

The pr.open pre-emplrasis neferred to i¡r the above concfusion

by MARKEL and GRAY [fSZ01 is to rerlrcve the effects of excitation

of the vocal tuact and nadiation of speech at the lips. fue-

emphasis was origirnted by I^¡AKTTA [1973], who apptied a constant

+12 dB pen octave spectral boost to the v¡aveform to account fon

glottal excitation of the vocal tract. A constarrt -6 dB per oc-

tave specfual- correction is al-so applied sjmultaneously, to cor-

rect for the nadiation ìmpeda¡lce at the lips, so tlnt the nett

pne-emphnsis is a +6 dB per octave spectral coirrection'

AppJ-ication of pr:e-emphasis to the speech waveforrn befone

arnlysis al-ters the r^ecovered acoustic tube shepe, as indicated

by Figwe 4.11 of MARKEL and GRAY [rgz0] (oniginalJ-y from v'lAKlTA

l:.g:-z)). However, tþ concfusion by I4ARKEL and GRAY that the

figr-re shows that reasonable area function recovery results from

p¡e-emplnsis is disputed by SONDIII 11977, 19791. SgNDHI concl-udes

tl6t th€ figr:re shows that thìe area function :recovered is very
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Strongly dependent on the assumed source a¡¡d radiation chnracter-

istics. Ihe expeni¡rental vüonk of EIIGEBRETSON a¡rd VB{ULA [1974]

suppor.ts this conclusion, by showing tlnt the gl-ottal uaveforrn

changes nnrkedly frcrn one sou¡rd to a¡¡othen. Hence, inaccgrate

area fi:rrction recovery stil1 occuns r even after the constant

+6 dB per octave Pïe-erPhasis is applied.

Another problem which causes significarrt j¡accuracies j¡ the

recovered vocal tract slnpe is the correct choice of boundary con-

ditions fon the acoustic tube rrodet. The boundar5l conditions are

the terrninating conditions at the gJ-ottis' or source, and lip, or

output, ends of the acoustic tube model. If Ij¡e¿r predictive an-

alysis is used, then tlre bcundary conditions nnrst be chosen fi:rstly

to nnke the acoustic tube and linean prediction nrodel-s equivalerrt,

and second]y to gua:rantee a unique vocaf- tnact shape frr¡m the

speech vaveforrn. SONDHI llgll, 1979] a¡d other nesea:rchers hrave

shov¡n that satisfying these requirements does not l-ead to accurate

a¡ea function necovery'

Additionat probtem areas which also cause significant erro:rs

when accrmate a:tea fr:nction r€covery is required are: fosses witn-

jn the vocal tract, u¡iqueness problems, and a l-ack of high fre-

quency in-forration. It is c]a-imed by sONDFII 11977, 19791 that

these and the above problems a::e only overcome by measu:lement

of the ìrnpulse lresponse at the l-ips. His concl-usion is that,

if al-l- the poles and. zeros of the input ìmpedance at the J-ips

are ]gtourn for the closed glottis condition, then the vocal tract

area fr.¡rrction can be uniquely recovered fon lossless pJ-ane wave

propa.gation i¡ the tnact. However, it Ïr,as already been argued
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tlrat the 1ip Írpedance plocedrre is not applicable to a¡ral-ysis of

the speech vaveforrn.

Acceptable vocal tnact shaPe recover5¡ has been shown [pfnSOU
I

1967, SIEIGLITZ et al- 1977, RQGERS 1974' and MARKELa¡¡dGRAY 19761

fon analysis of voiced sounds dr;ning the interval- v¡hren the glottis

is closed, i.e. when the vocal t¡.act is not being excited. Cl-osed

gloitis i¡terva-1 arnlysis does, however:, tnve nrany disadvantages'

r"¡Ïrich nakes it a¡ urureliable method fon vocal tnact shnpe lrecovery.

A nnjor: disadvantage is the restniction of the a:ralysis prrrcedr..u'e

to speech Soundg whene the glottis is closed, and nesearch by

ROSH{BERG [1971] on glottal excítatíon has sho\,rn ttnt glottal

cfosune doeS not oceun aS a genellal- rul-er even for voiced sourrdS.

Cl_osed glottis j¡rterval anal-ysis ::equires special- a¡alysis

procedr.r:res using covaria¡ces j¡rstead of autocor¡relations, due to

the s.nall dwation of the cl-osed glotfal irrte¡val, and these prrc-

cedures do not guarantee a sol-ution. Another prr:bJ-ern with the

analysis process is thr,at, at pnesent, threre does not exist a

method which accu:ratel-y a¡d retiably deterrni¡es the closed glottis

interva] directly from the speech vaveform IAIrIA]üTIIAPADMAMBFIA a¡d

YEGMMRAYAI{A 19791. Therefore, even- though closed glottis i¡ter-

val arnJ-ysis shows a potential for accurate vocal tnact shape re-

covery, a mmber of fundamental and urrsolved analysis problems pre-

vent it frrcm bei¡rg an accunate and neliable pllocess for al-l- speech

sourids.

The discussion presented i¡r this sections l-eads to the con-

clusion thnt a prrccedure for accr:¡rate a¡rd rel-iabl-e vocal- tnact

shape recovery from the speech waveform did not exist, and so
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thæe is a need fon ftrther irrvestigation. Ttris thesis penforms

fir:r-ther investigations tor¡ards imprrrved vocal tract slnPe recovery

from the speech v¡aveform.

1.5 THESIS ORGANIZATION

This ctnpten has provided a basic intnoduction to acoustic

tube npdels and thej-n application to hr¡nan vocal tract nrodelling.

A brief histony Ìras been preserrted of the arialysis techniques

wh-ich, along with the acoustic tribe npdel, hrave been used to

obtaj¡ vocaf tract slapes di::ectly fncrr the speech vaveform.

A description of the hurnn vocal- tnact a¡rd the speeeh production

mechanisn vJas presented, to defj¡re the speech terms tlrat are used

thr:nougtrout this thesis.

The second lel-f of this chapter i¡vestigated the need for ac-

cr:rate nodels of the vocal- tr.act, and the necessity fon further i¡-

vestigations to be penformed. A detail-ed discussion of the appli-

cation ar€as which nequi:re accr¡¡ate vocal tract ShaPe recovery from

the speech l,eveform was presented, to establ-ish the need for ac-

cr:¡rate models of the vocal- tract. Techlniques for vocal- tnact shape

recovelry both jrrdirectly a¡rd directly from the speech v¡aveform wene

discussed, and thei¡ ìladequacies pnesented. This discussion show-

ed tlnt there did not exist a procedr.rre which coul-d acctratel-y and

reliabty recover vocaf tract shapes dìrectly fnoni the speech l^Iave-

form, hence establisl¡-i¡rg the need for the frs'ther investigations

perforrned in this thesis.
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Chapten 2 neviews acoustic tr:be rpdelling and acoustic vnve-

forrn analysis by Ij¡ea-n pnediction. A detaited descniption and

definition of acoustic tubes nesul-ts i¡r the definition of a nathe-

rntica-l- waveforrn npdel- of single acoustic tr:bes, junctions bebæen

acoustic tubes, and a concatenation of conrnensr:rate acoustic tubes.

Bor:ndary conditions fon a concatenati-on of cor¡rnensr:rate acoustic

tubes a¡e discussed and defined fon an acoustic tube npdel- of the

vocal tlact.

A neview of li¡ea:¡ pnediction a¡alysis procedr.:res and thei¡

application to analysis of acoustic waveforrns genenated frr:m com-

menstrate acoustic concatenations is pnesented i:r Clnpten 2. After

an i¡trrrduction of the basic p:rinciples of 1i¡ear pnediction, tle

covariance, autocorrelation and l-altice formul-ations a¡e pr:eserrted

i¡ detail. This is followed by the defi¡ition of the necessary

conditions of a¡ acoustic tube concatenatíon for linea¡ pnediction

to recover its slrape firorn the acoustic waveforrn at its terrni¡ration.

The relationship tlrat exists between lj¡ear prediction and the an-

alysis of acoustic tubes is then presented jn both the theoretical-

and the practical sense. The fast section of Ctrapter 2 defi¡res an

area distance measure wldch is used tlrnoughout this thesis to measure

the diffenence or sj¡dl-arity between the necovered acoustic tube

slnpe and the cornect one.

Chnpten 3 exarni¡es the effects of a non-white excitation of

conrnensu:rate acoustic tubes on the acoustic tube shrape necovered

by linear predictive pnocedu:res. fnvestigations of these effects

perrnit a detail-ed r:ndenstanding of the nanner j¡ which an auto-

coruelation l-ilean pnediction procedtre performs a¡r a¡alysis in

the autocorrel-ation donni¡r. Ttris results in an mderstanding of
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the effeets of non-white excitation on acoustic tribe shape ne-

covery. Ttre latter half of Ctrapten 3 defines and investigates

specìa.l acoustic ttibe shepes which can be recovered by a Ìilear

pnediction arnlysis, and scrne post-analysi-s processi.ng viren cer-
i

tairr types of non-white excitations have been used. The a¡eas of

application fo:l these special acoustic tube shnpes ane also pne-

sented.

The non-white excitations investigated i¡ Chapter 3 tnve, in

genenal, an arbitnary shnpe, which contnasts with voiced speech

sounds where the glottal excitation of the vocal- tnact Ïns a pulse

stnpe. Ctr,apter 4 utitizes this basic }rrowledge of the forrn of the

glottal excitation of voiced sounds to :rernove the excitati-on pulse

fnom the speech waveform and al-low linear pnedi-ction to achieve

improved acoustic tube shape necovery. Initially, Clnpter' 4 i¡-

vestigates'uhe effects of glottal pulse excitation on acoustic

tube shape recoveny by linear prediction. This is folloroed by

a¡ evaluation of the effectiveness of conventiona]- methods to

rernove gtottal pulse excitation from the speech wave. A new

adaptive pre-emphrasis filter is then defi¡ed, to include the

advantages and successful- featr::res of conventional- pre-emptnsis

filters, but overcome some of their disadvantages and deficiencj-es.

The new adaptive pre-emphasis fj-l-ter defined in Chapter 4 is

evaluated in Chnpter 5 with glottal- pulse waveforms, and neaf a¡d

synthetic speech waveforms. The evafuation procedure compares the

recovered acoustic tube shape after using the new adaptive pre-

emphnsis and conventional- pre-emphnsis techniques with the origìn-

al- acoustic tube slnpe. Therefore, not onJ-y is the perforrnance of

the new adaptive pre-emphasis filter pnesented, but also the per-
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forrnance of conventional pr€-empf¡asis filte::s to accor:nt fon glot-

tal pulse excitation. Ttre eval-uations presented i:r Chapter 5 con-

siden a wide r'ange of different sampling frequencies'

i

Another necessar5/ condition for acoustic tube shapes to be

r:ecove¡red by linear pnediction is tlat the set of acoustic tubes

nmst have a lossless terrni¡atj-on. In neality, a loss occr::rs at

the terrni¡ration of a set of acoustic tubes, and Chapter 6 i¡vesti-

gates the effects of a lossy terrnj¡ation on acoustic tube shnpe

recovery, a¡d develops nehT analysis pnocedures for improved

acoustic tube slnpe recoverl/. The fj:nst paIYt of Chapten 6

defiles a genenaÌ model- for real-istic terrnination conditions

which appfy for the speech apptication. Using this 1ossy ternr-in-

ation nodel, art eval-uation of the effectiveness of conventiori'al

l-jnea¡r prediction to r:ecover acoustic tube shapes is perforrned.

After statìng the necessary requirements for a¡r analysis pro-

cedure to j¡cl-ude a lossy termination, CJeapter 6 presents a number

of autocomelation a:ralysis procedures which take into account a

lossy terrni¡ation of the acoustic tubes. Each of the autocornelation

methods is eva-l-uated with s¡rnthetic data from an acoustic tube nx¡del

with a lossy ter¡ni¡ation, and the autocornel-ation method which prrr-

vides the best improvement j¡r acoustic tube shape llecovery is eval-u-

ated with real speech data.

An arralysis procedr:re which takes into accor¡nt a lossy ter-

mi¡ation of acoustic tubes via a tra¡sfer fi:nction of the acous'tic

tube nrodel is presented in Chapter 6. This analysis procedure

forces physical vocal- tract slrape constrai¡rts onto the recovered

acoustic tube slnpe, therefore reducing the prr:blem of non-
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r:rriqueness and ensurirrg a nealistic vocal tnact strape is necovened.

To recover a¡ acoustic tube shnpe, the analysis procedune nn:st

solve a set of non-li¡ea:r sjmultaneous equations, and the problems

thnt this cneates a::e discussed.

Clrapter' 7 combines the new adaptive pre-emphasis fjl-ter de-

fined in Chnpter 4, to account for glottal pulse excitation, with

the autocorrelation analysis procedr.u'e defi¡ed ìn Onapter 6 ' to

account for a lossy terrni¡ration of acoustic tubes, into a single

analysis procedtine. Thre penforrance of the analysis procedr:re to

provide ìmproved acoustic tube/voeaJ. tnact shape lîecovel?y is eva-l-u-

ated using s¡rnthetic and r"eal- speech waveforms '

A set of concfusions fon the various topics considered i¡r

this thesis is pr:esented ìn Chapter B.
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CHAPTER 2

ACOUSTIC TUBE IVIODEL AND LINEAR PREDICTION

2.7 INTRODUCTION

The pu:çose of this clnpter is to neview a¡rd defi¡e the pne-

viously ],rrovn acoustic tube rpdel and li¡ear predictive analysis

p¡ocedr.res which form the basis of the vrcr'k presented in this

thesis. ftte acoustic tube nrodel- defi¡red i¡ th-is chapter is de-

signed to be a vaLid nx¡del- of the voca-l- tnact slePe and suitabl-e

for analysis by ljnea¡ p:redictive procedures. Initially, a single

acoustic tube is defj¡red physicall-y and mathe¡natically in terrns of

its acoustic time waveforms. lÏris is foll-owed by a nathennticaL

descniption of the acoustic tjme waveforms at the jr.:nction of tt'¡o

adjacent acoustic tubes, whr-ich Leads to a cornplete description of

a set of acoustic tubes.

A nunber of restrictions are placed on the general-ity of the

acoustic tubes, an imPontant one beilg on the l-ength of each acous-

tic tube. Si¡rce a-l-] the analysis procedures i¡r this thesis assume

sampled time waveforms, then the length of each acoustic tube is

fixed to a multiple of the sampÌìag period. Hence, the sets of

acoustic tubes considered i¡ t}l-is thesis ane coÍmensurate' Bou¡l-

dary conditions for the acoustic tubes are defi¡red by consideration

of the r.equirements of l-i¡ear prediction to recover the acoustic

tube slnpe from the output on radiated acoustic waveform.
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Numerous arnlysis prrccedr::res bave been developed over the

years to recover the charactenisticS: ê.g. the shape, of acoustic

tubes. Si¡ce, in the najority of p:ractical applicationsr e.8'

speech analysis, onlY the nadiated vaveforrn is available, those

analysis prrccedures which recoven the acoustic tube chanacteristics

di:rectly from the radiated waveform a¡e the ncst widely used. One

analysis procedure fitti:rg i¡to this category is IJNEAR PREDICIIQN'

which precisely recovelrs ideal-ized acoustic tube shapes froln the

:radiated vaveform.

The origins of l-inear prediction have been traced by SQRENSQN

[1970] to GAUSS i¡ 1795 and LEGHiIDRE in 1806, w]ro independently

invented the li¡rea:r least squanes estimation' or prediction.

Since tlat time, ÍE1¡y formul-ations of li¡ear prediction lnve

beeri produced, with the term "fi¡ea:: prediction" being i¡rtroduced

by hIEINER [fg4g]. Recent j¡terest in linear prediction can be

attributed to SAITO a¡d ITAKIJRA [1966], with thei-n rnaxjrnum ljkeli-

hood formul-ation, as appl-ied to speech analysis. Si¡rce then, the

development of li¡iear prediction j¡ association with speech analysis

hns l-ed to linear prediction becorning a very powerfuJ- general alaly-

sis tool-.

The stnong association between speech analysis a¡rd li¡lear

prediction Ïras l-ed to l-i¡rear prediction being used as a benchnnrk

for evaluating new speech arraÌysis procedures, ì:r nnny situations.

One of these situations is vocal tract shape recovery, a:rd l-i¡rear

predictive pnocedures are used to eval-uate the effectiveness of

the new vocaf tract slrape recovery procedr.:res that a:re deveJ-oped

jn thl-is thesis. A.fso, some of the new analysis procedures use

linea¡ prediction as a starting point for their devel-opment.
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Hence, the defi¡ritions and discussions of l-i¡rear pnedictive tech-

niques pr.esented i¡l this chapten are important to the nenaj¡rden of

this thesis.

Aften defini¡g Ij¡rea:r prediction, this chapten presents a

genenal forrnul-ation frr¡m basic principles. DLrÍlg the development

of lj¡ear pnediction a¡d its applications to various areas, a num-

ber of sìmplifications of the genenal- formul-ation lead, to numerous

forrns of the li¡ear prediction process. All these different forrns

ca¡r be gnouped j¡to tlree basic formualtions, and the details of

these are a'l so presented in th-is chapten. A general comlxrison

of the tÌ¡ree basic forrnulations is pnesented, to show the advan-

tages a¡d disadvantages of each, and which forrnulati-ons are best

suited to certai¡ situations. Thr-is is fol-lowed by a definition

of the excitation nequi:rements ttnt must be sati-sfied by an all

pole system if ]inear prediction is to identify it from its output

vraveform.

Following the defi¡ition and presentation of the linear pre-

dictionproceduresand acoustic tube nrodels, the relationship be-

tween the two is presented. Thris shows the rËInner j¡ which linear

prediction recovers the acoustic tube parameters f¡om its output'

or radiated. acoustic time waveform. In practice, not all the as-

sunptions and requirements of l-i¡rear prediction and the acoustic

tube modef are satisfied, and so irrcorrect acoustic tube nx¡del

parameter recovery, e.8. its shaPe, often occurs. Thre l-ast sec-

tion of this chapter defj¡es and investigates the perfornnnce of

area distance measures, to provide an indication of the difference

between the recovered a¡d original acoustic tube shapes.



27

2.2 THE ACOUSTIC TUBE MODEL

The theory of acoustics which perrnits a descniption of time

waveforms with-i¡l a single acoustic lrrbe is well-]oov'n, and is

for:nd j¡ the rnany classical acoustics texts t e.E. RAYIEIGI [1926],

STE1¡JART ANd LTMSAY [1930], MORSE [1948], ]C}JSLER ANd FREY [1950],

BERAI{EK [fSs+¡, and MORSE and INGARD [fg0e]. Using the basic

equations of acousties prrcduces the one dimensiornl üIave equation,

or the lrlebster horrr equation (I¡IEBSTER 1919), wh-ich are equivaJ-ent

if the cross-sectional area of the acoustic tube is constant.

IYom the one dime¡rsiornl- hrave equation, a model- of a set of

acoustic trrbes ca¡ be denived.

Ttris section i¡itiaJ-ly defines the properties of the acoustic

tubes tlnt the basic acoustic equations assume, as well as those

that provide tnactable nnthenntics. Usiag these properties, a

ccrnpl-ete acoustic waveform description of a single acoustic tube

is derived fnorn the one dimensional vave equatj-on. A waveform

description at the jr.urction of two acoustic tubes is then produced

by considerilg waveforrn continuity requi:aements. FoJ-lowing this,

the necessa:ry bor-rrdar5z conditions a:re defined for a set of com-

mensurate acoustic tubes. Firral-ly, th-is section combjles the

waveform descriptions of a single acoustic tube and the junction

between acoustic tubes with the bor:rrda:ry conditions, to produce

an acoustic tube model-. In this cotrbination step, a nunber of

simplifications anre nnde to the vaveform description, to provide

a relatively sinple nnthematical description of the set of com-

mensurate acoustic tubes.
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2.2.I DEFTNING THE ACOUSTIC TUBES

The acoustic tubes used i¡ this chnpter have basic nestnic-

tions placed on their physical artd acoustic properties, in orden

to provide a tnactabl-e r¡rathernatical a¡al-ysis, a¡d to fit the

arnlysis conditions unden wh-ich the acoustic tube nrodel is used.

This section preserrts and e>çlains the nequired physical- and

acoustic properties of a set of acoustic tubes.

The acoustic tr:bes used in thris thesis have a physical length'

L, attd a constant cross-sectiorral ar.ea over that length. An impor-

tant quarrtity of the acoustic tube is the rr¡und trip prropagation

delay, i.e. the time required fon an acoustic signal to propa.gate

from one end of the acoustic tube to the other and back again,

which is eqr:aI to the division of 2L by the velocity of the

acoustic vaveforrn in the acoustic tube. Alf the analysis pro-

cedures used i¡ this thesis assume that the acoustic waveforms

are sampled at equal i¡tervals of time, which is equal to the

nound trip propagation deJ-ay of a single acoustic tube.

Ttre necessity for tnactable mathenntical analysis of the

acoustic waveforms witnjn an acoustic tube requires that only

plane \^rave propagation occurs. Hence, the trartsverse dimensions

of any acoustic tube must be consider:ably less tlun the s.nal-lest

wavelength of the acoustic waveforms propagatìng ìn the acoustic

tube. fn practical- situations, the plane wave propagation requi:re-

men'E is satisfied by low pa.ss filtering the acoustic v¡aveform be-

fore analysis.
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Conpletely lossless acoustic tubes ane required so that thene

is no heat corduction tlrough the r^alts of the acoustic tube, no

viscor¡s ñriction between the medium in the acoustic tube and the

acoustic trjbe r"alls, and the acoustic tube waLls are rigid so that

there is no loss due to acoustic tube r,,n11 vibnation. The medium

witl¡-i¡ tlre acoustic ttibe nmst also be lossless. In practicer the

lossless acoustic tube assumptions are viol-ated in vanyilg degrees.

Al-1 the acoustic tube dimensions a¡d prÐpenties a:re asstrned

to be time jnvaniant, or: at l-east So over the ti¡re interval- dr:ring

wh-ich a v¡aveforrn arnJ-ysis is per:formed. Tn terms of the acoustic

waveforrns, th-is tirne j¡va::iance transl-ates to the requi:rements of

taveforrn stationarity, i.e. the waveform properties' such as auto-

cornelation, are ildependent of the time onigin. For the nnjority

of p¡actical applications, waveform stationarity is ensr:red by

choosi¡g a suitable time period in which all analysis is to be

per^formed.

The set of conrnensr:rate tubes does not have any branches

along its length, and so has onJ-y tr^n ends. One end is denoted

as the input, or source, end, and the other the output, or ter-

rnination, end. Þrternal- excitation of the acoustic tubes occurs

at the source end, with the radiated, or output, acoustic waveform

nadiating frorn the termi¡ation end' The necessit¡r ¡e¡ no branches

to the acoustic tubes does nestrict the areas of application i¡r

which the acoustic tube nrodel, developed i¡r this section ca¡r be

applied.
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Bourrdary conditions alle applied to the ccnrne¡tsu:nate acoustic

tr¡bes to neduce the cornpJ-exity of the rathenatical- vaveforrn arlaly-

sis needed to prrcduce a ncdel- of the acoustic tubes. In simple

terrns (a npre exact description is given j¡r Section 2'2'4), the

boundary conditions at the source end Ïnve the source acoustically

natched to the acoustic tube at the sou:rce end. The boundaly con-

dition at the terrnj¡rati¡g end is an acoustic short circuit wh-ich

prevents any loss of acoustic errergr from the terrninatj¡g end of

the set of acoustic tubes. This latter boundary condition does

not a]Iow any radiated waveform, a condition whi-ch is clearly

violated in a¡y practical sitr-ration.

Figure 2.1 presents a perspective a¡rd cross-section of a

typieal set of corrnensurate acoustic tubes satisfying the assump-

tions and requì-r:ements detailed above. Fon neference punposes'

each acoustic tube is nunbered from the source end, so the ¿th

acoustic tube starts at a dista¡ce (Je-I)!- and fi¡ishes at a dis-

tance i,(- fron the source end. There ctne a total- of M acoustic

tubes i¡ each set of colr[îensurate acoustic tubes'

2.2.2 WAVEFORI"I DESCRIPTION OF A SINGLE ACOUSTIC TUBE

This section p¡ovides a waveforrn description of the pressure

a¡d volume vel-ocities i¡ an acoustic tube which satisfies the as-

sr.u-nptions and requirements stated i¡r the previous section. The

pressure waveform a dista¡ce X from the input or source end of

the ¿th acoustic tube j¡ a set of conrnensurate acoustic tubes,

at a time t, is denoted as p¿(x,t). At the same distance X from

the source end of the ¿th acoustic tube, and at the same time l,

the vol-ume velocity is denoted as [l . (x,t) .
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rUBE

SOURCE END (¡) TERMTNATION END

FIGURE 2.1-: A typical set of con¡rensurate acoustic tubes in
(a) perspective view and (b) cross sectionaf viev.



32

Ttre relationships between pr€Ssure a¡d vol-ume velocity withi¡

a single acoustic tube have been J.norr¡n fon some tiner and are de-

::ived frrcm the ncnrentum a¡d conservation of nrass equations. Using

the same assumptions of the properties of an acoustic tr:be as de-

tai-l-ed j¡r the previous section, MORSE a¡d INGARD [1968] ]rave shou¡n

ttrat for the ¿th acoustic tube the nomentr¡n equation ca¡r be vmifren

AS

àytr(x,t) ðt'-r(x,t)p

(2.7)
ðx A.

L
àt

and the contirruity of mass equation can be r,¡ritten as

ð(lrQ,t) A, à¡tr3,t)
Q.2)

âx pc2 àt

where p defines the density of the medium j-n the set of acoustic

tubes, cthevelocity of sou¡rd i¡ thrat medium ald '4t the constant

cross-sectional ¿rs¿:'; of the ¿th acoustic tube.

Equations 2.1 and 2.2 ao-e the one dinensional equations of

motion within the ¿th acoustic tube. Differentiating Equation

2.1 by x and Equation 2.2 by f, and el-imi¡ating the volume velocity,

pnoduces the one djmensional vave equation fon pressure as

ð2 ytr(x,t) 1

(2.3)
ðx2

à2¡tr(x rt)

c2 ðt2

:'cfor simplicity, cross-sectional area is often shortened to area.
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Similar differentiation and eli¡ni¡ation of the presstrne v¡aveform

produces the one dimensional- wave equation for volume velocity as

ð2uíQ,t) 1 ðz(li?,t)
(2.4)

àx2 c2 àt2

If a forward (i.e. tor,erds the terrnination errd of the set of

acoustic tubes) travelli¡rg vaveform is denoted by a superscript +,

and a bacl<\,¡aïd (i.e. tor",nrds the source end of the set of acoustic

tubes) tnavel_lj¡g waveforrn is denoted by a supenscript -, then the

sol-ution of Equation 2.3 is r¿ritten as

Sirnila:rly, the solution of Equation 2.4 is rmitten as

Nr;^,t) = r;lr -â - *rl,.t)

p r(x,t) = ril* - o) - r;(* . o)

are found jn terms "r ø;[z-i] a.d ûr¿[

pc
-- --4J*.

A, L
.L

+ C¡

(2. s)

(2.7 )

(2.6)

The forward a¡rd bac}c,üard travel-l-ìng pressr:re and vo1ume velocity

v¡aveforms withi¡ the ¿th acoustic tube are depicted ìn Figure 2'2'

It has been shov¡n by l"fARlGL a¡d GRAY [1976] that the forr¡ar¡l

and bac]<r¡ard travelli¡g pressur€ waveform j¡r the ¿th acoustic tube

.jt+ AS

t.(pil

P¡

xì
c)

t+äi =?r['-å] + cz

,L

ard

(2.8)
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r,*rere C¡ and C2 ar€ constants. Tn practice, it is the pressure

variation and not the absolute pressure value which is important,

and so the consta¡ts Cr and C2 are neglected. Eqi:ations 2.7 arfr

2. B, along w'ith Equation 2.5, enable the Pnessure wal'eform i¡ the

¿th acoustic tube to be expressed i¡ terrns of ftr*tt-å] and ûr[t-:]

AS

PrQ,t) = iþtk -.J + qfr.rJ ]
.L

(2.e)

Therefone, ill the vraveforrns j¡ the ¿th acoustic tube are found

from just the ]srowl-edge of the forr¡a¡d and bac]<r^¡ard tnavelling

vol-ume veloci-ty I¡EVes.

2.2.3 WAVEFORM DESCRIPNON AT THE JUNCTION OF ACOUSTIC TUBES

The rel-ationsh-ips for: vol-ume velocity and pressure waveforms

at the junction of tr.¡o acoustic tubes are defj¡ed by r:equi:ring

contj¡uity of volume velocity and pressure across the junction.

TTris section pr.oduces these relationships at the junction of the

¿tn and (¿ + 1)th acoustic tubes i¡ a conrnensurate set of acoustic

tubes, as depicted i¡r Figr:re 2.3a.

Conti¡ruity of both pnessure and volume velocity waveforrns at

the junction of the ¿th a¡rd (¿ + 1)th acoustic tubes requires

pi(L,t P¡*r(o,t) (2.10)

w

)

w )

and

.L
(L,t i+t ( 0,¿) (2.11)
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using Equations 2.7 arñ 2.8 (neglecting constants cr and cz) the

conti¡uity equation fon Pnessure, i.e. Eqtntion 2.I0, is ner"¡r"itten

AS

Q.I2)

The continuity of volune velocity equation, i.e. Equation 2.11' ls

nevsritterr as

ïþrl.'-å] 
+wrft-tJ] = 

'þr+1('t) 

+(ri+L,l

rilr - g - *rlr - L) = wï*tz> - w¡a{t)

Aí*r- Ai

(2.13)

G,) (2.ls)

by use o Equati 2.6. Rearran ement of Equat s 2.I2 d 2.13

produces

s*..-(Í)=- w..lt-L) *4"*'-A ur..e> (2.14)-i+!'n' - 
4*r* o;rl.'-õJ i*i+r'

ard

t+ur.L ål
u)*.

Ai*, +4. 'L
L

Equations 2.14 and 2.15 ccrnptetely defi¡e the vofume velocity

vnvefo::ms at the jr:nction of the ¿tn an¿ (¿+l)th acoustic tubes,

a¡d are :referrred to as the JIINCTION EQUATIONS '

The waveform ri-rlr- å] r*.h is i.cident on the j'nction of

the ¿th and (¿+l)th acoustic tubes, fnom the source side of the

junction, is transrnitted i¡to the (¿+l)th acoustic tube as fili*t(f)

and reflected back i¡to the ¿th acoustic tube as ([,[*-4. There-¿l c)

fore, from Equation 2.14, the tra¡rsnission coefficient frr¡m the

¿th to (l+l)th acoustic tubes is 2Ã¡*y/ (A¿+f + At). The refl-ection
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coefficie¡rt for a vaveforrn i¡cidíerrt on the jr:nction frr¡m the

source side is then -(A¿ +L - Aì / (A,.*t+ At) frcrn Equation 2.I5.

Simitar considenation of the wavefo^ Vi*t(,t) j¡rcide¡t on the

junction fr^om the terrni¡ation side prrrduces the fr"ansn-ission

and reflection coefficients from the (i+l)th to the ¿th acoustic

tube as zAr/ Á¡+t+ A.l and (A¿.,1 - Ai ), resp,ectivelY

The synbol .¡r. is used to denote the nefl-ection coefficient

for a volume velocity incident on the junction of the ¿tn a¡r¿

(¿+1)th acoustic tubes, fnom the terrni¡ation side, i'e'

A"*t- Ai

r¡ (2.16)
A +A
í+7 ,L

(2.r7 )

and

)/ (Ar*r+ Aa

An inportant property of U¿ is tl)at its regnitude is a-l-ways less

than or equal to ¡¡ity (i.e. -1<U.<1) si¡ce the cross-sectiona-l-

aneas A, and A¿*1 *" always positive for real- acoustic tubes.

using Ìr¿ the JLINCTION EQUATIONS, i.e. Equations 2.14 and 2.I5'

are r^¡ritten as

wi+{Ð ; (1 + vi)wïl- -t; + v¡tr¡*r(t)

(2.18)

Figure 2.3 (b) presents these JLINC'TION EQUATTONS as a signal- fl-ow

diagram, using the conventions defined by OPPilJF{EIM and SCHAFER

[1e7 s] .

*rl*-t) = -v¡wilr g + (1- t,i)l.1+{t)
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2.2.4 BOUNDARY COI\¡DTTIO{S

A brief description of the boundary conditions required for a

set of conrnensurate acoustic tubes was given i¡ Section 2.2.1. Ttrese

bounda:ry conditions ane necessary to ::educe the complexity of the

acoustic tubes so tlrat the npdel of the acoustic tubes is described

by tractabl-e mathenntics. Th-is section details the necessarS/

boundary conditions at the source and terrnination ends of the

acoustic tubes.

At the source end of the acoustic tubes, the excitation

source is ::equi-:red to be acoustically natched to the first

acoustic tube. Therefore, the tra¡sluission coefficient fn¡m

the sor:rce i¡rto the first acoustic tube, and vice vensa, is

writy. The refl-ection coefficient fon va.veforms j¡rcident on

the jr:nction of the fjrst acoustic tube a¡rd the source is zero'

Ttrus, the source bou¡rdary condition requires the foss of al-Ì the

backr^nrd tnavel-l-ing voJ-ume velocity waveforrn at the source end of

the first acoustic tube.

A pictorial and signa] flow diagram description of the source

boundary condition is presented j¡r Figure 2.4, with the source or

excitation vofume veÌocity denoted ly ttti{f). T'lre volume velocity

v¡aveform absorbed at the junction of the source and the fjrst

acoustic tube is denoted Uy OO(¿), and is not used i¡ analysis

or s5rnthesis pr.ocedures, artd so is only included for completeness.

TÌle sor:rce excitation is assumed to occur at exactfy the source

end of the fjrst acoustic tube, so thnt there is no time delay

between the source v¡aveform û/ð(¿) and {tt]('t).
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The terrnination boundary cordition requíres an acoustic strort

circuit at the terrni¡ation end of the Mth or terrni¡ration acoustic

tube of the set of conrnensllrate acoustic tubes. Thus, zero acous-

tic pressune but fi¡ite acoustic vofume velocity occurs at the ter-

ni¡ration. Defini:rg the acoustic impedance of the terrni¡ation by

,r*r, then the termination botndary condition requires Zg*1 to te

zero. Tl-re effective terrni¡ation crr:ss-sectional area, i.e. 4g11,

is found from the eqr:ation

41

AM*,'
z

u¡,1 = 1' o

pc

ltl+t

( 2 .1s)

(2.20)

(2.2r)

as ilfinity. Equation 2.16 defi¡res the termination nefl-ection co-

efficient as

which on substitution of A^,1*, equal to jnfj¡ity defiles the ter-

rnj¡ation reflection coefficient to have a vaÌue of urity, i.e.

A pictorial_ and signal flow diagram description of the ten-

mination boundary condition is presented in Figr.rre 2. 5. The re-

fl-ection coefficient for the volume velocity j¡r the Mth acoustic

tube i¡cident on the ternrination, i.e. WilG - L/c), is -]r^,1 which,

from Equation 2.21, has a numerical vafue of -1. Therefore, all

of wirT. - x_/ ù is reffected back into the Mth acoustic tube with

a phase reversal and none is lost j¡rto the terrnination. The zero

temr-ination impedance required by the termj¡ration bounda::y condi-
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tion prevents any pressune waveform frcrn bei:rg radiated from the

comlensunate acoustic tubes.

2,2.5 COMPLHIE ACOUSTIC TUBE MODEL

A complete description of the acoustic waveforms j¡ a single

acoustic tube, at the junction of acoustic tubes, and the necessary

bogndary conditions fon a set of comlensr¡:rate acoustic tubes have

been pnesented j¡ the p:revious sections. This section combi¡res

these descniptions to provide a complete defi¡rition and waveforrn

description of the nodet used for the conrnensr:rate acoustic tubes.

Ttr_is nlodel is neferred to as the acoustic tube model-.

Finstly, a simplification of the nathennticaf description of

the acoustic tubes j-s perforrned. The signal flow diagram for tr¡c

conrnens¡rate acoustic tubes satisfying the ideal- assumptions and

requiremerrts set out i¡r Section 2.2.I is presented jn Fig¡re 2.6'

The impulse response of th-is two acoustic tube system is found jn

APPENDIX A AS

(2.22)

where ô(l) is the impul-se function. Equation 2.22 shows th'at the

soonest an ìmpulse can reach the terni¡ration ís 2I-/ c. Then suc-

cussive impulses due to refl-ections at the junction of the acoustic

tubes reach the terrni¡ation at multiples of 2I-/ c )'ater. Tl-re tjrne

interval 2,L/ c corresponds to the ror¡nd tnip pnopagation delay wittr-

in a silgle acoustic tube.

w;Ø = 2(r* ur)AEo<-u, >þo 
[z

_ Z(l¿+I) L
L
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For the general situation where thene ar.e [,{ ccnrnensr:rate

acoustic tubes i¡ a concatenation, the quickest arr impulse can

neach the termj¡,ation fnom the source end ís 2tr'l'L/ e. Due to the

constant cross-sectiornl- area a-l-ong each acoustic tube then suc-

cessive impulses, due to refl-ections at the junction of acoustic

tubes, reach the terrni¡ration at nn:ltip1es of 2L/e later. Ïhese

observations can be genenal-ised to any excitation fi:nction wlr-ich

is bandlj¡nited to fnequencies below ¡r/QL/ù IRABINER and SCHAFER

1975]. This enables the output waveform of the acoustic tubes to

be sampled with a period of T= 2L/c without arry loss of i¡rforrnation.

Defhing al_l_ the time quantities ill terms of the sampling

period T creates some difficuJ-ties with the equivalent discnete

time rnodel- of the arnlog acoustic tubes. Figune 2.7G) shows the

comect discnete t jme ncdel of a¡ acoustic tube. The hn'lf sampÌe

delay, i.e. T/2, implies that an inter:polation haJ-f-way between

sample vafues is necessary. This interpolation is undesirable,

and is overcome by placing al-l the waveforrn propagation delay in

the reverse path (or jl the forward path), as depicted in Figr.re

2.1(t.) .

Using the discrete time model of an acoustic tube depicted in

Figr:re 2.7 b) does not al-ter any of the waveform delays aror.rrid any

cl-osed path withi¡ the acoustic tubes. Howeven, the overal-l hTave-

form del-ay from the input to output is j¡rcomect. FY'om both the

practical and theoretica-l- pojnt of view, this is of mj¡ror signifi-

ca:rce, a¡rd can be easil-y conpensated for by appropriately advancing

or delaylng the input or output vnnveforms nespectiveJ-y. The nrodel

shounr in Figure 2.7 $) not only eli¡n-i¡rates interpolation bewteen

u¡aveform sample val-ues but afso al-fows the set of acoustic tubes
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to be defined by a set of diffenenee equations, hence perrnitting

ite¡:ative calcul-ation of vaveform sarple va]ues'

The discnete time npdel of a sil]gl-e acoustic tube pnesented

in Figu:re 2.7$) pørnits a simpler set of synbols to be used to

defj¡e the vaveform qr:antities. To such a¡r end, the synbol UrØ)

is used to define the fortard tnavel-li¡g volume velocity i¡ the

¿th acoustic tube which is Leavj¡g the junction between the (i-l)th

and ¿th acoustic tubes, at time i¡stant tiT, i'e'

Ur@) = tl*.(nT) (2.23)

The s5zmbol- v rØ) defj¡es the baci<r"nrd tr"avelli¡g volume velocity

i¡ the ¿th acoustic tube which is leavjng the junction of the ¿th

an¿ (l+l)th acoustic tubes, at time i¡stant nT, i'e'

V .Ø) = Ur ØT)
,L

(2.24)

using Equations 2.23 atfi 2.2), the juncti-on equations for the

v¡aveform descniption at the junction of the ¿th .r-to 1,t-+1)th acous-

tic tubes, i.e. Equations 2.I1 ætd 2.I8, are revuritten as

u¡¡7fu) = (1 +vr)urfu) + v¡v (n-1) (2.2s)
+1

and

vrØ) - -u (2.26)

The signal- fl-ow diagram equival-ent for these .ILJNCTION EQUATIONS'

i.e. Equations 2.25 and 2.26, is presented i¡r Figure 2.8(a).

These JUNCTION EQUATIONS are the required difference equations

wÌ¡-ich al-low iterative computation of any discretely sampJ-ed

.L

.u.0t) + (1- v¡)v¡+t(n - 1)
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acoustic volume velocity hravefor'ln l^tithin an acoustic tube on set

of ccnrnensurate acoustic tubes.

In nnny sitr:ations, the z transforrn equival-ent of the JUNCTÏON

EQUATIONS is requi:red. hlith U¿(2) as the z tnansform of U'(n), i...

U.(z) = i u
L n=- æ ,l-

(n)z'n (2.27 )

arrd Vr(z) as the z transfor'¡n of Vrh), i.e.

Y.Q) = i v,(n)z-n (2-28)
L n=-æ .L

then the z tnansforrn equivalentsofthe JUNCTION EQUATIONS, i.".

2.25 and 2.26, are

llr*r{z) = (1+ vìu¿(z) + uiz'Y¡rr(r) (2-29)

and

Yrk) = -v¡UrQ) + (1 -r¡)z-t Y¡1k) (2.30)

The signal fl-ow diagran equivalent of the above z tralsform

JLINCTION EQUATIONS is presented i¡r Figr:re 2.8(b).

The signal f]-ow diagnams presented in Figure 2.8 are often

refeged to as the for:r mul-tiptier config¡r^ation. This is due

to the necessity to perform for¡r nml-tiplications for each iteration

with this configr:nation. fn nrost real- time applications, multipli-

cations are time consuming, and so n¡¡difications to the JLINC"TIQN

EQUAIIONS have been performed (e.g. OPPENF{EIM and SCFIAIER 1975'

ITAKURA and SAITO 1971) to neduce the nt¡rnber of mul-tiplications.

The resul-ts of such modifications l-ead to the tr,,¡c a¡rd one-multiplier

configurations. These corrfigurations, however, do not have the one
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one to one corresponderìce between the rpdel- arrd physical waveforrns

at the jr.nction, and so are not considered here.

Using the signal flow diagrams of a single acoustic tube, i.e.

Figune 2.76), and the junction of tr¿c acoustic tubes, i.e. Figure

2. g (a) , the time donain signal flow diagram fon a set of cornmen-

sr:nate acoustic tubes is presented i¡ Figr:re 2.9. The correspond-

ing z dornaj¡r equivalent of Figr.u'e 2.9 is presented i¡ Figr::re 2'I0'

These signal flow di.agnans defile al-l the vol-ume velocity time and

z donnin vaveforms at any point a¡rd discrete time i¡sta¡rt withi¡ a

set of coÍÍnensurate acoustic tubes. The resttrictions, assumptions

arrd bor:ndary conditions defi¡ed i¡r Section 2.2.I a¡e satisfied by

these signal flow diagrams, and so nepresent the acoustic tube rrodel

of M connrensr¡rate acousbic tubes. Both analysis and synthesis of

vo1ume veÌocity waveforrns are possi-bl-e with the signal flow diagrams

presented i.rr Figures 2.9 a¡rd 2.10.

Signal flow diagrams si¡ril-ar to throse of Figu:res 2.9 and 2.10

were fi-nst used by KELLY and I,OCHBAUM []9621 for speech s¡rnthesis

jn 1962. Si¡rce then, researchers (e.g. ITAKIJRA and SAITO [1971]

arÌd GRAY and MARKEL [1973, rg]51) have developed digital signal-

p¡ocessing techrniques from these types of signal flow diagrams,

which are often referred to as DIGITAI, LATTICES, LADDER FILTERS

or IATTICE FILTERS.
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2.3 LINEAR PREDICTION

Li¡ear predietion Ïras developed j¡to a very useful analysis

teclyrique fon a wide nange of applications. ltre reasons fon the

success of 1j¡ear pnediction lie in its ability to provide accure'te

system identiJication fon cerLai¡ cl-asses of signal with a nela-

tively s.naLl anpt¡nt of nather¡atical ccrnputation. This section

initially defi¡res and presents the basic pninciples of linean

prediction analysis. For each application of li¡ea¡ prediction,

a specifie forrmlation is necessany' and this section contai¡rs a

detaii-ed descniption of ttt'ee basic fornmlations. A discussion

of the advantages arrl disadva¡tages ' and the n¡ost l-ikely a:reas

of appJ-ication for each of the basic formulations, is also pne-

sented

Li¡ear pnedietive a¡alysis techrriques hrave been used for a

long time (e.g. the origins of linean prediction have been attri-

buted to GAUSS ill 1795 and LEGÐtrDRE j¡ 1806 ISORENSON 1970]). fn

the engìneering area, li¡rea:r prediction lns been usecl in the areas

of control and inforrnation theory, urtder the names of itsystem esti-

mationn and ftsystem identification.'t The terrn'rsystem ident-ification"

aptly describes l-i¡ear prediction because, once a linear prediction

hns been perforrned on a data sequence, art alJ- pole system nrodel is

uniquely identified.

Li¡rear prediction is defj¡¡ed as a procedure which esti¡rntes

or pnedicts the next sampled tjme waveform output of a system by a

ljnear combi¡ation of a nunben of the systemis past outputs. fte

goal of any tinear prediction pïacess is to produce a ni¡rimum err-Ðr

between its predicted output val-ues and the actuaL output vafues of

the system. The Ílanner j¡ which l-i¡rear prediction achieves this
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nLinirnxrr eïror in a particul,an situation deterrni¡es the tlpe of

fornmlation of l-i¡rear prediction used i¡ that situation.

The first application of li¡rear predietion to speech pnccess-

ing r,es by SAITO and ITAKLRA [1966] with a nnximr¡'n likelihood for-

mulatiotr, with a condensed English version of their Paper appearing

jn 1968 [fferc-ne and SAITO 1968] a¡rd a detailed paper j¡ 1970

[ff¿rcfng and SAITO 1970]. Diring this period, a m.rnben of papens

by ATAL and SCIIRoEDER [1967, 1968a, 1968b] investigated predictive

coding of speech. In 1970, the term LINEAR PREDICTIONwas i¡rtroduced

i¡i connection with speech processirg by ATAL [f970a1. The j¡verse

fiÌter formul-ati-on of li¡rear pnediction \^ras presented by I'IARKEL

[fSZf¡] and detail-ed later by ]4ARKEL a¡d GRAY [1976]. The covari-

arrce forrnulation of li¡ear prediction r,¡as j¡troduced by AIAL a¡d

HATIAL]ER ITSZT].

Dring Ig72, the PARCOR formul-ation of Linear prediction \^/as

presented in EngÌish by TTAKTJRA a¡rd SAITC liglZ, et al 1'972), and

VùAICTA ltSlZl i¡r the same year showed thEt it could be interpreted

as a detail-ed structure of a¡ j¡verse filter. Afso dr:ring !912,

MAIGIOUL and \.¡/OLF 11972) presented a unified presentation of the

covariance and autocomel-ation methpds' ì'lany other formufations

tlnn those mentioned so far have been produced, and the works of

KAII¡fIH [197+], l.lAiGlOUL [fSzS1 a¡d MARIGL a¡d GRAY [1976] provide

an excefl-ent description and sunrnary of the most useful forrnul-ations.

The differences between nnny formul-ations of l-j¡rear prediction

is generally snatl, and those differences often only occur because

of the different \^ay i¡ which a problem is viewed or approached'

In the application of ]inear prediction to speech processhg,
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three basic formul-ations can be for:¡rd, to which a-11 other formula-

tions a:re equival-ent. These basic fornn:l-ations are cal-led the

cova:ria¡ce IATAL and ]lA]trAUER 1971], autocorrelation IMARKEL and

GRAY 1976, MAKFIOUL 1975, MARKEL a¡rd GRAY 19731, and the lattice

[UeruOUl I977f forrnulations. A fuI1 presentation of each of these

forrnulations is give¡ i¡r the following sections. The diffenerrce

between these thnee basic forrmrl-ations of 1inea:r prediction is the

rrnnner i¡ wh¡-ich various ccrnputations are perforrned.

The following section presents and defjnes the basic principles

of li¡rear pnediction, fnom which the various fornmlations ane de-

:rived.

2.3.I BASIC PRINCIPLES

A linear predictor estj¡rntes or predicts a vafue of a signal

by a lilear ccrnbi¡ration of the systemrs present arrd past output

vai-ues. If the discrete sampled output from a system at a time

nT (n is an i¡teger and T the sampting period) is denoted by ,s(n),

then a pth order U.¡rear prediction estirnates á(¡t) as ÂØ), where

Â(n) =
(2.31)

The consta:rts a,. are referred to as the ti¡rear predictor co-

efficients, ard these are to be deternúned such that the errÐr

between ¿(n) and Á(n) is ninimized j¡r some nElnner. The erron

between ¿(n) a¡rd á(r¿) is denoted as ¿(n), defined by

e(n)=^fu)-Â(n)

p

ulfÞoh - h)

and referred to as the residual- or predictor errrcr.

(2.32)
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Using the defi¡rition of a pth orden 1i¡ear predicton, i.e.

Equation 2.32, the predictor em'on is r¿ritten as

(2.33)

In the z donaj¡, the pnedictor err.ol?, ¿(n) , is denoted as E(z),

a¡rd defj¡red by

E(ù = f ¿(n)z-n (2.34)
n=-6

arrd the sigrnl , t(n), in the z donrai¡ is denoted as S(z) a¡ld de-

fiaed by

p
e(n) = ¿Ø) - ulfêtu-b)

S(z) = i ¿(n)z-n (2.3s)
n=-æ

The z donai¡ equivalent of Eqr-ration 2.33 is then vsritten as

(2.36)

Iþom the l_i¡rear predictor poi¡t of view, its hput signal -is

¿(ù (S(z) in the z donai¡r) and its output is ¿(r¡)(E(z) j¡ the z

donai¡), and so the transfer function of thel-i¡ea¡ pr^edictor, de-

noted as A(z), is for.nd from Equation 2.36 as

(2 .37 )

Hrom Equation 2.37 it is seen that the transfer function of 1i¡ear

prediction, A(z), is al-f zero. In terms of usìng l-i¡ear prediction

as a systern identification procedure, then E(z) is the input signal-

and A(z) is the output signal, a¡d so the system is identified as

t/A(z). Therefore, it is easily seen why A(z) is refeped to as

E(z) = S(z) (1- I o,r-h)
L¿=l P

-l¿
p

Ak)--t-b!roÞ,
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the INVERSE FILTER of the system, and why 1i¡ear prediction is ar¡

ALL POLE identification process.

The li¡ear predicton coefficients: aO' are clpserr such thrat

the pn:edictor er':rrcn, e(n), is rri¡rirnized, in orden tlnt the best

possible estirnate of future signal samples is obtai¡ed. Historic-

a]ly, the nretlpd of determi¡ring the predictor coefficientsr 4¿:

hns been to ni¡rj¡nize the sun of the mean square plredicton errÐrs

over the ptriod of analysis. A justification for minjrnizìng this

s1¡n is thËt tÏìe prediction coefficients obtai¡red from an analysis

of a time i¡rvariant a1I pole system excited by white noise or an

impuÌse a:re the saÍte as tlrose of the system, i.e. a correct iden-

tification is nade. Thds appnoacll al-so resul-ts j¡r a simple set of

li¡rear siln¡l-taneous equations, which ca¡ be efficientJ-y solved to

obtai¡ the predictor coefficients, ah.

Ttre sum of the squane predictor error is defi¡ed as

ßy
f = I

n=no
¿2 (n)

(a (n) - E0ù)2

¡a Crl - ¿!
artØ-lz))2

(2.38a)

(2.38b)

(2.38c)

lL¡
I

n=n0

n¡
T

n=no 1

The swrration range, i.e. from n6 to n1, deternr-ires the t¡rpe of

formul-ation of the l-i¡e¿r prediction process, and is discussed

in detail- l-ater i¡ th-is clrapter. Stlrictly speakìng, a division

of Equation 2.38 by the nunber of samples j¡ the sunrnation, i.e.

fi¡ - ng I I, shou-fd be performed to obtai:r the mean. However, such
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a division does not affect the derivation of the l-i¡rear predictor,

and so is omitted.

Mi¡jmization of the mea¡r sguar€ predicton ernor' E, with ne-

spect to the predictor coefficients requires the solution of the

set of equations obtai¡red fuom

AE
0 (2.3s)

ãa
J

fon i=!r2, . , P'

2.39 produces

which is rearranged to

lLy
,, ^tu-j)tØ) 

--

fL=fL0

Substituting Equation 2.38c into Equation

ff the quantity 0(i 'L¿) 
is defi¡ed as

A(i ,lz) =

I'LI

t 
^@-i)¿tu-l¿)I'L=lLg

then Equation 2.41 simPlifies to

0(i,o) =

1<t<p (2.40)

's0/-j)t,(n-tù 1</(p (2.41)

(2.42)

, "Ì (r(ù - ,l-,o,f{n-le)) (-a(rT-.t-))= s

fl=flo l¿=l

p
I

Í¿=I
a,

l¿

tly
I

fL=frg

I o,Q( j,l¿)
l¿=I ''

1( 1( p (2.+3)

Equation 2.43 represents a l-i¡rear set of p equations i¡r p un-

]crornns which when solved prcrvides a set of predictor coefficients

which ni¡rimize the mea¡ squal.e eTr\f,r between the signal being

analysed a¡ltl tlrat produced b¡z the l-jnear predictor:. Therefore,
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the basic steps nequired fon a 1i¡ear predictive analysis are to

firstly cal-curate û(j,l¿) for l<j<p a¡rd 0<f¿<Pr and secondly

solve Eqr:ation 2.43 fon the predictor coefficients, ab. Cal-cul-a-

tion of û(jrtù can be perforrned in many I^Iays' a¡rd nesu.l-ts in nrany

different formul-ations of linear prediction. Howeven, all these

cliffenent forrnul-ations can be equated to tr,¿o basic formuJ-ations,

namely the autocorrelation and covaria¡rce fornmlations, wtlich ane

pnesented i¡r the following sections.

2. 3 .2 COVARTANCE FORMJIIf|ION

Assurning tlet the signal_, ,s(n), is only avail-abl-e from the

fi¡rite j¡terval of n fncm zero to N-1, i.e. N samples, then the

covar:iance?'ç forrnu-l-ation minirnizes the mea¡r squar€ predictor error

over this finite irrterval-. Equation 2.38c shows tllat the range of

¿(n) to determine E is from n equal- to ng-p to rt1 . Therefore, for'

the covar.ia¡ce methrod nO = p and n1 = ll-1 , i. e.

f=
N-1
L ¿2 (n) ( 2 .44a)

( 2 .44b)

(2.4s)

n=p

N-l rr

= f, (a (n) - ,'l,.ar,sØ-l¿))2n=p' l¿=l

Hence, the quantity Û( j,l¿) is eval-uated as

a(i,h) =

N-r
L 

^(n-j),sfu-l¿)n=p

1<
0<

j
t¿

p
p

for the covaria¡ce metl-pd of linear prediction.

:lThe term covariance used here does not have the normal meaning of
of a signal correlation with its mean removed.
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To reduce confusíon, the cova¡riances cal-cul-ated by Equation

2.45 ane denoted as c(i rk.) where

e( j,lù = 0(¡,1¿) YLo=P

4r =Ñ-1

( 2.46a)1</<p
o<þ<p

ñ-r
L Lfu-¡),sØ-l¿)

n=p

1<
0<

J
l¿

p
p

( 2 .46b)

This al-lows the system of l-inear equations tlnt are used to deten-

ni¡e the predictor coefficients, aÞ, (i.e. Equation 2.43) to be

rmilten as

1<J<p Q.)7)

Thre basic steps of the covaria¡rce formulation of l-inear prediction

ane therefore to, firstly, ealculate the covariances defined by

Equation 2.46b a¡rd, secondly, to solve Equation 2.47 fo1'the pne-

dictor coefficientsr a¿.

The nrajor difficulty with the covariance formul-ation is the

necessary step of solvìng the linear set of equations' i.e. Equation

2A7. Equation 2.47 is presented in Figure 2.11 as a rntrix equa-

tion. Ttre px¡r ratnix f is called the covariance rnatrix, and is

positive defj¡ite and synrnetric. The s5nmetry of the covariance

natrix, i. e.

c(j,l¿) = c(l¿,i) (2.48)

is easily slx¡wn f¡om Equation 2.46b. However, sjnce different

data is used to calcufate diffenent covariances aÌong any diagonal-,

then the covariance matrix is not ToepJ-itz [enntlAJ[DER a¡rd SZEGO

1gs8l.

p
c(i,o) = O\ra¡rc(i,lz)
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a
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A2

a3

x

(r)

FIGURE 2.11: Matrix eguations for covariance formufation
in (a) trre general form and (¡) tne sinptified
form.
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one poptr-1a:r method of sol-vi¡g the li¡ear set of Equations

2.47 is by CTIoLESKr decomposition [Cf¿Sm 1966, ATAL a¡rd HANALIER

1971, RABINER a¡rd SCFIAFER 19781. This decomposition procedure
+

decomlnses the cova¡iance natrix i¡to a lowen, V, and upper tr
(whene I denotes transpose) triangular and diagonal, D, mfuices,

i. e.

C=VD\F (2.4e)

There are numerÐus pl?ocesses by which the decomposi-tion is pen-

fornred IFADDIEV and FADDËEVA 1963, ÆÆ and FIANAUER 1971, ATAL

and SCIIROEDER 1970a, RABINER and SCTIAFER 19781 with the classical-

GRAI4-SCFIMIü| ortlrogonalization procedure IÌ"IARKEL a¡rd GRAY 1976]

being popufal. Orce the cova:riance nratrix decomposition is per-

formed, a simple recursive plrocess deterrnines the predictor co-

efficients, aÞ. The details of the recursive prÐcess are found

i¡ FADDffiV and FADDEEVA [1963] with a sìrnple version b-'eing pne-

sented i¡r RABINER and SCtI,AIER [1978].

The covariance matrix can be sìrrgular, which impiies that

the stabiJ-ity of the covariance forrnul-ation of linear prediction

cannot be guaranteed. To a ce¡tairr degree the stability of the

covaria¡ce formul-ation is dependent on the ntrnber of signal samples,

N, used to calcul-ate the covariances. In practice, the stability of

the covaria¡ce formul-ation increases aS the vafue of N i¡rcreases

IRABINER and SCFIAFER 1978]. fn the fimiting case where N is very

large, then the covariance formulation approximates the auto-

coruelation formul-ation for which stability is guaralteed.

The nrajor advantage of the covariance formulation is its

abil-ity to identify a¡r all poJ-e filter from a fj¡ite portion
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of its impuJ-se lîesPonse. Theoretically' the autocorrel-ation fon-

mulation requires the impulse response out to i¡fj¡ity, which in

pnactice is not avaiJ-able, to perform an exact identification.

However, i:r prectical applications, the advantage of the cova:riance

forrn:lation to provide accurate identification frrcm fi¡rite length

sigrrals nust'be weighed up against the possibility of singulan co-

va¡riance natnices and, hence, unstable sofutions.

2.3.3 AUTOCORREI,A|ION FORMUI,A|ION

In the autocorcelation forrnulation of line-a:r pnediction,

l.rrowledge of the signal á(n) is required for all time. In prac-

tice, this k¡owledge is not possible, a¡d so it is necessary to

assume the sigrnl ¿(r¿) is zero outside the time i¡rterva-ì over

wh¡-ich the sigrnl hras been measr:red. As for the covariarrce forrnu-

J-ation, the m¡nber of signal samples avail-able to the linear pre-

diction process is N, i.e. ¿(n) is ],rrown for 0(n(Ñ-1. An al-ter-

native to assumi¡g the signal- is zero outside a certai¡ range of n

is to wi¡dow the j¡fj¡rite J-ength signal. This wì-ndowing prÐcess

rnuJ-tiplies the sigrnJ- å(n) by a wi¡rdow fr.rnctionr \l(n), which is

zero outside the region 0(n(N-1, to produce the windowed signal

Á'(14), i.e.

^'(tt) 
= ¡(n) il(n) æ(4(o (2.50)

where

non zero val-ue
zero value

0=<n(N-1
r¿(0 and n)ñ-1U)(n) =

( 2. sl)
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The type of wi¡dow function, ul(n), used does affect the ne-

sults obtai¡red by an autocorrelation forrnulation of 1j¡rea¡ predic-

tive a¡nlysis on 
^'(n). 

A discussion of the t5pes of wj¡rdows and

thej¡ effects is presented by BLACKI4AN a¡d TUKEY 1958 ' MARKEL 7977a,

MAKHOUL and lrlOLF 1972, BINGIAM et a]- 1967, EBERHARD 1973' I/'IAIIG 1971'

a¡rd WELCFI 1961. If the signal- ¿(n) is stationa:ry, then as Ñ i¡r-

creases the effects of the wj¡dow function, \l(n), decrease until

in the l-imit, when N is very Iarge, the wi¡dow function is ignor:ed

eompletely. For simplicity, all the sigrnls used i¡ ttr-is thesis,

in connection with an autocorrel-ation formul-ation of lilea:r pne-

diction, are wi¡dowed with a rectanguJ-ar wj¡rdow, i'e'

0)fu) =
I
0

0(yr(N-1
n(0 a¡rd r¿)N-1

1</<p
0<l¿<p

(2 . s2)

(2.s3)

r:nless otherwise stated. This implicit wj¡dowìng al-l-ows the dash

to be dropped from Á'(n) without producing arnbiguities'

For the autocorrel,ation formulation of l-j¡ear prediction, the

sr.¡rrntion l-imits over which the predictor errol?, e(n), is rninimized

a:re fromnequal to zero to N+lr-l, i.e. fL'= 0 a¡rd nt =N+p-l, so that

E is r^¡ritten as

E

N+p-1
T

n=O
8,2 (n)

Thenefore, the quantity 0(i't¿) is evafuated as

N+p-l
T

n=O
0(i ,l¿) = aØ- j)'sØ-tz) (2.s4)

FTom the lirnits of tt.- J and f¿ it is easily seen that signal val-ues

¡(y¡) outside the window (where they are zero) are used to eval-uate
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0( j rlù. Eli¡ni¡ation of these signal values from the evaluation of

A( j,Ð alfows Equation 2.54 to be rnritten as

a(!,1ù =

ñ-1-(i -f¿)
x

n=0

1<
0<ttu)¿çn+ j_lz) J

b
p
p

(2.ss)

ftirther simplification of Equation 2.55 is achieved by noting

tlat the values of 0(irfz) do not depend on the absolute values of

j u¡td lz, but only tlre difference between them, i.e. (i-l¿). This

is easily shov¡n by cln¡ging the absolute values of 3 and h, but

not the difference between thenr, e.g.

0( i+ct,lz+c1) = ^/-1-( 
(j+cù-(l¿+rt))

t
n=O

¿Ø)¿(n+(j+q)-(lz+q)

rtl-t- (l-f¿)
ç

n=O
tØ)¿çn+ j_lz)

= Qç¡ ,lz) (2.s6)

If ¿ is used to denote the difference between j and þ, i.e. í= i-l¿,

thenthesynrbol R(¿) is used to denote A(jrl¿) for the autocorrel-ation

fornml-ation of fineal prediction, i.e.

R(¿) = A(j,l¿) i -- j-l¿

,V-¿-l
z L(n)^@+L)

n=O
(2.s7)

For l\/ snal-l_, R(¿) as defi¡ed by Equation 2.57 repnesents the

short time autocop:eJation function [negtNER a¡rd SCHAFER 1978],

and when ñ is very J-ange the autocorrel-ation fu¡ction of the sig-

nal- á(n). Fon simplicity R(i) is referred to as the autocorrelation

fu¡rction at the ¿th (signal) lag. iryespective of the value of N.
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In terrns of the autocorrel-ation function, R(l>, the set of simul-

taneous equations wh-ich ane used to obtain the prredictor co-

efficierrtt, Qlr, i.e. Equation 2.43, is written as

R(¿-l¿) 1<¿<p (2.58)

This equation is genenally neferred to as the NORMAL EQUATION' and

i¡r natrix notation is v¡ritten as

ß = øR (2. ss)

where R is call-ed the autocomel-ation rnatrix, € is the predicton

coefficient vector, and ß is the autocopelation vector. The

Norrnal- Equations i¡ nntnix forrn are p::esented in Figure 2.72.

Ttre autocorrelation function is s5znrnetric, i-e.

R(¿) = R(-¿) (2.60)

for al_l_ í, and so the p x p qutocopel-ation netrix, R, is Toeplitz

[enfnelV¡ER and SZESO 1958]. This Toeplitz property al-lows the

solution of the Norrnal- Equations to obtain the predicton vector,

L, to be performed jn a more efficient nìclnner than for the co-

variance method. Numerous soluti-on procedures exist, with the

nxcst popuLar and wel-l--lrrov¡n bej¡g those of LEVINSQN [1947], which

vuas adapted by ROBINSON [1967], and DLIRBfN [1960]. All these

sol-ution procedur:es a-re recursive, which al-l-ows quick sol-utions

with the same number of computations each tjme. At present, the

nost computationall-y efficient (i.e. requìring fer^rcst computations)

recursive sol-ution pnocedure for the Nornial Equations is that of

LEROI,.X and GUEGr_Ifl,ü 11977).

p
R<i) = i\ft,
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The sinple forrn of the autocorrelation rnatrix and the ef-

ficient sol-ution atgorithrns of the Norrnl- Equations, i.e. Equation

2.58, implies tlnt the autocorrfeation fornmlation of tinean pre-

diction is genenal-ly faster: thn¡r the covariance fornn:l-ation. A

Toeplitz natrix is guanarrteed to be nonsingular, and it has been

shor,.m IMARKEL and GRAY 1976, ]4ARKIIOUL 1975' and ]4ARKEL a¡rd GRAY

1973] that i¡-¡ the absence of computational i¡raccr::racies, this

ToepJ- it z property en sures the autocorrel-at ion f orrnul-at ion ident i-

fies a stable al1 pole filter. This is a significant advantage

over the covariance forrnufation for which stability canrrot be

guaranteed.

A disadvantage of the autocorrel-ation formul-ation is that it

ca¡rrot per.form a cornect system identjJication ur¡-l-ess all the out-

put signal of this system is available. A truncation or wildowing

of the signal aS proposed above does not al-l-ow the exact auto-

correl-ation of the systemt s output signal to be cafcufated copect-

J_y. Hence, incorrect system identification resufts from j¡rcomect

autocoruel-ation vafues.

2. 3.4 LATTICE FORMUI,If|IONS

Another formulation of Lj¡ea¡ pnediction, called the l-attice

formul-ation, is obtaj¡ed by considering the i¡ternal- structure of

the inverse filter. Section 2.3.1 showed the equival-ence between

l-inear predictive analysis a¡rd j¡verse all- pole filtering analysis'

In neLation to the autocorrel-ation and covarj-ance formufations, the

l-attice formulation combi¡res the steps of calcufatirrg covariances

or autocorrel-ation, arrd then sofving a set of li¡ear simuftaneous

equations, into a singÌe recursive algorithm'
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the lattice forrnul-ation of li¡rear pr"ediction has the advan-

tages of guaranteed filter identificiation stability without the

need for windowing of the sigrra-I sequences. The sensitivity of

fil-ter pa:rameten identification is srral-l-, and stability is also

pneserved when fj¡rite r,.prd length conputations are used IMARIGL

and GRAY 1976]. The nunrben of computations required by the lattice

formul-ation to perform a systen identification is simil-ar to thrat

requined by thre cova¡iance and autocornelation fo¡mgl-ationsr al-

though the earJ-y l-attice fornmlations [tteXUnA and SAIT0 1968, 1970

and 1971] required for:r times as IIEny computations. A sunrary of

various efficient lattice forvrn¡lations has been presented by I4AKIOUL

[1s77].

In the following section, a basic derivation of the lattice

formul-ation of ljnear p:rediction from the inverse al-l- poJ-e filter

is pnesented. The process of cal-cuJ-ating various quantities withj¡¡

the l-attice fornn:l-ation is performed in nely I^lays ' and a descrj-p-

tion of traditiona-l- and recently forrnulated methods is presented

in Section 2.3 .4.2. The computationally efficient l-attice methods,

described by I1AKHOUL llsll), a.re pnesented later in this thesis.

2.3.4.1 Basic hinciPl-es

The l-altice forrnul-ation of tj¡rear prediction is derived from

the i¡rternal structure of the j¡rvense fil-ter defiled by Equation

2.37 , i.e.

p
t

l¿=l
za,

l¿
A(z)=l- -h (2.61)
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At the ¿th necr.r'sive stage of the lattice forrnul-ation' a lattice

or i¡verse fi]ter. is defi¡ed which is the Linear predictor of orden

¿ for^ the analysed sigrnl , a(n). the j¡rverse or I'attice filter at

this ¿th necunsive step is denoted -" A(/) (z) , Ðd its correspond-

ing predictor coefficients a¡e denoted as Of'. Using Equation

2.6r A1¿) Q) is r.¡rit-ten as

(L> oÍ*),In
.L

ul
-l¿

A

(¿-1)
t¿

(z)=I- (2.62)

1<þ<¿-1 (2.64)

An anal-ysis of ¿(n) is penforrned by tnving the input of the i¡rver:se

filter, A(¿) (z), as the signal ¿(n) and the output of the j¡rverse fil--

ten is then the predictor error denoted u." u(/)(r,). rf E(¿)(z) and

S(z) a¡e used to denote the z tra¡rsform of u(í) (n) and ¿(n) ne-

spectively, then

(i) Q) (2.63)E (z)=A (z)S(z)

The iterative procedures used to sol-ve the Nornal- Equations,

i.e. Equation 2.58, use a recursive updatirg procedure to deternrjrre

the next predictor coefficient , al¿. In terms of o[i) this upJating

pnrcedure Ïras tlre form [¡uneIN 1960, MAIGIOUL 1975, I,{A](rTA 1973,

I'IARKEL and GRAY 1976, RABINER and SCHAFER 19781

,L(

t¿

) Þ.alL;r),L ,L-l¿a a

where f¿. is a constant whose re-Lationship witÌr the j¡rverse or l-at-
.L

tice filten is developed l-ater in this section. Substitution of

Equation 2.64 i¡to the defi¡tion of n(")( z), i.e. Equatiort 2.62'

enabfes the ¿th i¡verse filter to be r^¡ritten in terms of the

(¿-l)th i¡tverse fil-ter as
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A
Q) (¿-1) (2.6s)(z A (z

Using Equation 2.65 al-lows Equation 2.63 to be written as

tG) (r¡ = A('t-r) (.)s k) - Þ.Z-|A(í-I) (.-t ) S(z) (2.66)

The first terrn of Equation 2.66 is necognised as the z tnansforrn

of the predietor errÐr for the (¿-l)th j¡vense filten' The second

terrn is simplifed by defining 6('t'-r) (r) t"

Q.67 )

Threrefore, Equation 2.66 reduces to

tG) (r) = E G-r) k) l¿
-l (i-r) (2.68)I Q)

- hrr-íAÉ-r) e-t )

BG-r) e) = ,-í+tO1'-1) (z-t ) S(z)

))

zL

(i-r¡
By defi¡j¡g the z transform B (z) as

B
(¿-1) (z i bQ-L) (ùz-n

@

B
Q)

which on substitution of Equation 2.65 becomes

) (2.6e)

(2.7 0)

(2.7r)

n=-

then the time donej¡r form of Equation 2'68 is

uG) (ù = u(L-t) (^) - ¡r;oG-t) (n-r)

Ercm the definition of 8(/-1)(.), i.e. Equation 2'67

(z) = z-LA(l) (z-1) s(z)

g(")( r) = ,-i¡(¿-l)(z-t)S(z) - þ!(¿-1)(z)S(z) Q.72)
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Using the defi¡ritions of B(¿-1) (z) and EG-l) (ù, i.e. Equations

2.63 a¡rd 2.67 respectively, Equation 2.72 teduees to

SQ) (r) = z-t B(¿-1) Q) - lr.eÉ-L) (.) (2 .7 3)

which i¡ the ti¡re donlai¡r is

(í) (ù=b (L_I) @) - lzre
(¿-r)

b U)

Thre z donrai¡ Eqgation 2 .68 a¡rd 2.7 3, or the equivalent time

donai¡ equation, i.e. Equations 2.70 a¡d 2.7), fo¡rn a set of re-

cursive equations which ernbl-e conti¡ruous updating of the l-alJice

or i¡verse filter, pnovided the constants lat are ]slor^n. The set

of Equations 2.68 and 2.73 or Equations 2.70 e¿ñ 2.74 ís call-ed

the lAiIffCE EQUATIONS. Initial conditions for the laltice equa-

tions a:re obtai¡red frrcm boundary conditions. Si¡lce the l-i¡ear

prediction procedtres developed here are to be applied to the

acoustic tube model developed earLier in this chepter, the jlitial-

conditions of the l-attice equations are generated from the boundary

conditions of the acoustic tube rnodel- '

If the zeroth necursive stage cornesponds to no prediction of

¿(n), then the terrni¡rating condition of the acoustic tube modef re-

quires

(0) (0) (2 .7 5a)E (z) = -ß (z) = S(z)

Q.74)

u(o) (n) = -6(o) 1n, = .t(n)

or

(2.7sb)
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to be the initial- corditions of the lattice equations, in the z

a¡rd tjme donains nespectively. The signal flow diagnam represen-

tation of the l-attice equations and the above i¡itia1 conditions

is presented in Figr:re 2.I3 for both the z a¡rd time donains. Fbom

Figr.r'e 2.13 it is easily seen \^lhy this fornn:Lation of linear pre-

diction is call-ed the l-attice forn"¡.il-ation.

An interpretation of the quantity B(¿) (z) is obtained by

considering the time donai¡ equivalent of Eq.uation 2.71, i.e.

(2 .7 6)

Comparison of Equations 2.76 and 2.33 reveals tlnt bG)<ù is the

pr:edictor error for a l-j¡ear pnediction of the signal- sample ¿fu-i)

from the signal sequence 'S(n+l¿-í) for 1<þ<¿. A cl-ose exarni¡ration

of this sequence shows that it contai¡rs the same signal va-l-ues tlrat

are used to predict ¿(n) via Equation 2.31 (if p--í), but i¡r the

reverse or bacl<¡^rard order. Therefore , b(l) (n) is neferred to as

the bacia¿ard predictor error sequence for the ith stage of the

l-attice forrnul-ation. rn l-i¡e with this definition, z(í) (n) is

referred to as the forryard predictor error sequence for the ¿th

stage of the lattice formul-ation.

To use the l-attice formulation of lj¡ear pnediction described

above, it is necessary to ]siow the val-ue of lz, at the ith stage

before proceeding onto the (¿+l)th stage. There exists a l-arge

n¡r¡l¡er of diffenent ways for determining or obtai¡rj¡g a va-fue of

lz¿, and each leads to a different procedr.re for the Ìattice forrnu-

lation. The fol-l-owing section provides a brief description of the

most popular procedures for the determi¡ation of Þa.



DELAY

T

DELAY

T

DELAY

T

¡ (n)

s(z)

( 0) (")

s(o) (")

_(o), \-B \z)

"( 
t) (r,) ( i -l ) (") (i)

e (") (p-t) (n)e e(n)e

-kI

-kI

u(' ) (r,)
, ( i -l )
b

(i-r)th srAGE
th

1 STAGE

u(t) (r) ,ti-r) qz) u(t) ( 
")

þt " tz) ri -r)
B (")

th
( t-r) STAGE

th
1 STAGE

FIGURE 2.732 Signal fl-ow diagrams for lattice equations in
(a) tne time doma.in and (t) tne z domain'

-k

o
b ( n þ' 

){")
I

I

I

I

V-l\, \(n/

I

-k

-k

(")

oth sr¡,c¡
thp STAGE

(")
{
+

do) (")

-k.I

-kI

9

-kp

s(') (") B(o) (")

oth STAGE
th

p STAGE

(¡)

T

DELAY



75

2.3.4.2 CaLculation of lz,

In 1969, ITAKURA a¡rd SAITO [fg6g] pnesented a technique for

deterrni¡ri¡rgtzrfromthe forvnrd a¡d bacl<¡nrd predicton error Se-

quences of the (¿-l)th stage of the l-attice forrnul-ation of Ii¡rear

prediction. Ihe cniterion used to deterr¡r-i¡e lz, is to simultaneous-

Iy minirnize the total- squared fon^n¡'dald baclq,üard prediction errors,

which resul-ts i¡ a l-east nean square for'¡rmlation of li¡ear pnedic-

tion. It has been slpv¡n IMARKEL and GRAY 1973] t]rat a necessary

and sufficient condition fon simul-taneous ni¡imization of the for-

wæd and bac]<ward predictor errons is for the pnedicton error: se-

quences at the ith stage to be orthogonal to al-l the pnedicto:r en-

rrcr sequences at preceding stages. Thr-is ortlrogonality requirement

ca¡ be stated as

@t e
(t) (j) (2.77 a)(n)¿ (r¿) = Q

n=- @

and

i AQ) h)A(/) 1n¡ = o (2.77b)
n=-Ø

for'1<j<¿-1.

Ttre above orthcgonality requirements, and hence the sjmuf-

taneous rni¡i¡nization of the total squared fon¡ard and backward

predictor errÐrs, are satisfied by choosin1 lzt as a partial cor"-

rel-ation coefficient , i. e.

æt e
(¿-1) Ø)b (¿-r)

( r¿-1)
n='@

þ. =.L

[rå- @(i-r) cnl)'nå- (o 
(i-r) rn-rl)']

,4
(2 .7 B)
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Ttre analysis procedure produced by ITAKURA a¡d SAIT0 [1969] using

Equation 2.78 in the l-attice fornn:lation is terrned the PARCOR fon-

rml-ation of linear pnediction, wher:e the r,'prd PARCOR is denived

from PAK|IAL CORREIAIION. Tkre Parco:: formulation is detailed i¡

the fl-ow chnrt of Figrre 2.14 and the signal flow diagnam of Figure

2.15, which is often referred to as the PARCOR I,ATTICE.

Anothen method for deterrni¡r:ng þ¡ \^las ProPosed by BLTRG [1968 '

1975, RABINER and SCÍIAFER 19781, based upon rLinjrlLizing the sum of

the mea¡r square forward and baclcL;ard pnedictor errÐrs. The nesul-t-

ing e>çression for fz, which rni¡rimizes th-is sum of pnedictor err"ors

is

@2L (¿-t) (í-L)
¿ 0)b (n-1)

n=-@

t¿ Q.ts)
.L

i çu?-r) (n))2 + i þG-t¡ Ø))z
n=--' ' n=-@

A lattice forrnul-ation of l-jnea.:r pnediction based on Equation 2.79

is performed i¡ the same ma.nner as the Parcor formul-ation. Ttrere-

fore, the same ftow clnrt and signal flow diagnams which describe

the Parcor formul-ation al-so describe the Burg formulation if any

reference to Equation 2.78 is replaced by a reference to Equation

2.79.

Mjnimizjng the mean square error of the forv¡ard a¡rd bac](,üard

pnediction errors independently proCuces tup nrore l-attice formul-a-

tions of lj¡rear prediction. Minjrnizi¡rg either prediction errors

ensures the onthcgonality of that prediction errûr as described

by Equation 2.77. Mi¡rimizj¡tg the mean square er'LÐr of the forward

prediction error rest¡.lts irr IMARKEL a¡d GRAY 1973, 1976]
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i uÉ-t) (ùbÉ-r) (n-1)
n=-6

l¿
(2.80)

f þG-t) (n-Ð)2
¡1= -æ '

The procedure based on h., bei¡g determj¡ed by Equation 2.80 is

the FORTJARD l-attice forrnulation of Ii¡ear prediction, and is des-

cribed by Figtres 2.14 a¡rd 2.15 with a.l-l- nefenences to Equation

2.78 neplaced by a reference to Equation 2.80.

Milirnizing the nea¡r squar€ error of the baclq^lard pnediction

error yields IMARKEL and GRAY 1973 ' 1976]

f ¿6-t) (ùbÉ-r) (n_r)

L

@n
l¿.

.L

i þG-r¡ Ø\2
n=-@ -

The procedure based on lza bei¡g deterrni¡ed by Equation 2.81 is

call-ed thre BACIG7ARD l-attice forrcuLation of l-jnear prediction.

Ttre fl_ow ctnrt of Figu:re 2 .14 and the signat ftow diagnam of

Figure 2.15 descnibe the BACIGIARD l-attice fornmlation if the

neferences to Equation 2.78 are neplaeed by a neference to Equa-

tion 2.81.

Numerous other nrethods for cafculating h,. exist which are al'l-

described by the generaL methoddefi¡edby I4AKHOUL [1977]. Howeven,

the lattice formuLations presented above represent the most cormrìon-

ly used and popuJ-ar l-attice fornml-ations. Al-l- the lattice fornnla-

tions presented above guarantee the stabitity of the al-l- pol-e fiJ--

ter they identify IÌ'ÍARKEL a¡rd GRAY 1976, MAKHOUL I97], a¡d MBTNER

a¡rd SCFIAIER 19781, i.e.

(2.81)
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-1<f¿,<1,L

for. all i. For stationary signals, the lzt as deterrnined

above Lattice forrmlations with the bor¡ndany condition of

2.75, a:re the sa]ne, i.e. atl- formul-ations are equivalent'

properfy is easiJ-y shpvsn I]4AKIIOUL 1977) sj¡rce unden these

tions

ni--kÉ-Ð Ø))2 = nå-(o(t-t) 
(n-1))2

Q.82)

by the

Equation

Thr-is

condi-

(2.83)

fo:: all- ¿. It is also lrcssibte to show that ttot on-ly are the

va:rious lattice forr¡¡.¡l-ations equival-ent but the cova¡iance, auto-

cornel-ation a¡rd lattice formulations are the same unden these con-

ditions IMAKHOUL 1977).

2.3 .5 EXCTTATTON REQLTTRBIENTS 0F LTNEAR PREDTCTTON

For Li¡ear prediction to accurately identify a system from

its output waveform, ,S(n), thrat system must satisfy certain condi-

tions. fn this clepter it has been shornn tlnt l-j¡ea-:r pr:ediction

identifies a¡ all- pole fitter; therefore, for a system to be iden-

tified corrrectly it must only be described by poIes. Tl-ris section

defines the necessary excitation requirements of a system so that

it is identified correctly by linear prediction'

The production of a signat ,J(n) by a system arrd its subsequent

arralysis by linear prediction is depicted i¡r Figr:re 2.76. The sys-

tem transfer function, denoted as HQ), has a gain constant G a¡rd

when excited by a fu¡rction U(z) produces an output signal S(z).

Si¡ce fl(z) must be all- pole for a coryect identification, then
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S(z)
,Hk) =-

UQ)

G
(2.84)

q
t - ,\ralzz

where 0þ are the system coefficients which defi¡re the poles of

HQ) . In the ti¡e dor¡ain Equation 2.84 becomes

(2.8s)

A linear predictive analysis of the system output signal A(tr)

defi¡res an i¡rverse fil-ter ),/Ak) which fj-ltens ¿(rt) to produce the

erron sequence efu). In tlre z donnj¡r this filtering process is

r^ritten as

-l¿

q

¿(n) = hlroAo 
0-l¿) + Gu(n)

1 S(z) 1

A(z) EQ) 1- 4", z
l¿

(2.86)

(2.87 )

p
I -lz

Il¿

and i¡r the time domai¡r as

,s?t) =

p
L

lz=I
a¿Ø-lz) + eØ)

An identification of the system Hk) by linear prediction ne-

quì::es Equations 2.85 arrd 2.87 to be equivalent. Hence, the or:der

of the Lj¡ear predictor, p, must be equal to q so that the pre-

dictor coefficients identify the system coefficierrts correctly'

i.e. o,.r= olr. Also, the product of the gail and excitation of the

system must be equal to the predictor errÐr, i'e'
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e(n) = Gu(n) (2.88)

Therefore, the excitation of the system bei¡g identified must have

the same properîies as the predicton error of the linea:r pa:ediction

Process.

It Ìlas been slroçrn (MARKEL and GRAY 1974' pp 139-143) tlnt the

cr-ite¡rion for ¡nini¡nizing the mean square predictoll error of the

li¡ea¡ predicton is equival-ent to chroosing the invense fjl-ten to

maxirnize the spectral fl-atness of the pnedicton ernf,r. Hence, the

Ii¡ear predictor acts as a spectnal whiteni¡rg filten so ttnt fon a

large enough pnedictor orden, p, the predictor error signal ¿(n) is

white. In other \¡¡örds, the l-i¡ear pnedictor renþves all the pr"e-

dictabl-e (or non-ra¡rdom) signal- vafues of ¿(vt), and the non-

pnedictabl-e (or ra¡rdom) signal values appear as the er.ror signal,

¿(n) .

Sj¡rce the error signal has a white or flat Spectrum' therr by

Equation 2.BB the excitation of the system, u(n)., must al-so hrave

Ïeve a white or fl-at spectrum. Ttrerefore, the ideai system excita-

tion for ti¡rear prediction is white noise or an impulse' Any other

system excitation does not allow Equation 2.85 to be equivale¡rt to

Equation 2.87 and so aþ*olr, i.e. the system is j¡correctJ-y iden-

tified.
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2.+ RELATIONSHIP BETWEEN LINEAR PREDICTION AND THE ACOUSTIC TUBE

MODEL

so fan i¡ this ctnpter the acoustic tube nodel and li¡ea:r

predictive arnJ-ysis teclrniques have been defi¡re<l and p::esented

i¡dependently of one anothen. Thris section pnesents the relation-

ship between l-inear prediction and the acoustic tube npdel, and i:r

particular the nnnnen i¡ which the results of a linean predictive

arnlysis may þ used to identify an acoustic tube rrodel.

Ttre volume velocity waveforrns within a set or' cortrnensr:rate

acoustic tubes hnve been slrovn to satisfy Equations 2.25 arñ 2'26'

Rearnangønent of these equations so thrat the volune velocities i¡r

the ¿th acoustic tube are expressed in terms of those j¡ the (¿+1)th

acoustic tube Pncduces

1
urØ) 

r *(u 
¡+7Ø) - v¡v ¡+t(n-l))

(2.8s)

(2. s0)

arrd

1
v.@) = 

-
L 1+u¿

(yt) + V .+t(n-1))( -uluí*t

If a nornnl-ized forrnnrd travel-l-i¡rg voJ-ume velocity is defi¡ed as

i-1
(2.e1)

and a nornelized rever:se tnavel-l-i¡lg volume velocity is defjled as

-U .Ø) = II (1 + p j)[.] j (n)-''L' -' 
j=t ' J L

I

'. 

(r * v ¡)v rtu)
L-

0.h) - IIL
J=

(2.s2)
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then Equations 2.89 and 2.90 can be r'ritte¡r as

ttrtn> = tí*ttu) - v¿?i*t (n-1) (2.s3)

and

V rØ) = -v ¡t ¡+tfu) + -V 

¡*r@-t)
(2.94)

respectively.

Compa¡ison of the equations defìning the la1îice forrnulation

of lj¡rear pnediction, i.e. Equations 2.70 and 2.74, with Equations

2.93 and 2.94 above reveal-s a basiS for a¡ equivalence between the

acoustic tube rpdel a¡d li¡rear prediction. fhe acoustic tube nrociel

r^ns derived as a s5nthesis npdeL, whereas 1i¡ear pnediction is an

arn]-ysis p¡ocess, and so the source end of one is the ternri¡ation

end of the othæ. Hence, the jth acoustic tube of the acoustic

tube rcdel correstrrcnds to the (M-1)th stage of the linear pre-

diction prÐcess. Taking this jlto account al-lows

¿(J) (Ð = ct 1<i<M (2.95a)
M-j Ø)

Ø)
a¡rd

and hence

(j) tu)=Vb 1<i<M (2.esb)

1<i<M (2.esc)

M-j

u h
J M-¡

T?re consequence of Equation 2.75 is tlnt the acoustic tube

model- and linear prediction are equival-ent. Equation 2'75c shows

that tlre reflection coefficients of the acoustic tube mode] are

determi¡red directly from a l-j¡ear pnedictive analysis of the output
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acoustic volume v.el-ocity of the acoustic tube nrrcdel. The equiva-

l-e¡¡ce of tlre acoustic tube model- and l-i¡ea:r prediction luÉIS first

pnesented by ATAL and IIAI\II\UER [19?1] and later by !iJA]{TA ltglz,

1973] through a¡r i¡verse fitter: description. Ttr-is equivalence

is only val-id if al-l the assumptions of the acoustic tribe npdel

satisfy the assumptions of li¡rear prediction and vice vensa.

Equation 2.95c slpws that the l-at-tice formul-ations of li¡ea:r

prediction identify the refl-ection coefficients of a set of acous-

tic tubes. Conve¡rsion of refl-ectíon coefficients to an acoustic

tube shape is for-u-rd to be simpler (i.e. via Equation 2.16) th6n

conventi¡rg ahts (which are recovered by the covariance and auto-

correlation formul-ations of l-i¡ear prediction) into an acoustic

tube shape [I4ARKEL and GRAY 19761. Therefore, iI applications

whene acoustic tube slnpe recovery is the 8æf , lattice fornmla-

tions of 1i¡ear prediction are favoured.

2.5 THE CONCEPT OF AREA DISTANCE

Thrroughout this thesis a number of new and existing analysis

procedures are used to recover the shnpe of acoustic tubes. To

eva1uate the accr.racy of a recovered acoustic tube shape, s5nrthetic

data is used, which is generated from a }rrourn (neferrred to as ori-

ginal) acoustic tube shnpe via the acoustic tube model- equations,

detailed i¡r Section 2.2. This lcrowledge of original- a¡d recovered

acoustic tube slnpes then aflows a comparison to be nnde arrd,

hence, a].ì ev¡luation of the parbicuì-ar arnlysis pr,ocess to recover

acoustic tube slrapes. The nanner. in which a comparison of acoustic

tube slnpes is made j¡r th-is thesis is presented il this section.
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Djring the development of speech recognition systems, a large

nunben of distance measures hnve been defj¡ed IITAKIIRA 1975, GRAY

a¡rd MARKEL 1976, RABINER and SCIIAIER 19781. However, these dis-

tance measures are not suitable here, as they are designed to fi¡rd

a distance between a sirrgle data set ancl a large group of reference

data sets. Al-so, ttose distance measures are designed fon dis-

tances betr¡een predictor coefficients, 4¡.: and not crÐss-sectional-

areas of acoustic tubes, Aí, i.e. the requirements of the dista¡rce

nìeasures for the A.tsaredifferent from those for the anrs.

The set of oniginal cross-sectiornl- areas, A. (I<¿(M)' is

denoted by the vector a u¡rd the recovered cross-sectiorn-l- ¿Llleas '

A'. (1<¿<f\,{). are denoted by the vector {. The¡refore, the distance
L

measune reqr-r-ired must deterrni¡e the simil-arity between the vectors

A -rd d. l4any distance meastres betr^¡een vectors have been defined

[zu fgAO, DUDA and HART 1973] v{ith the nrost r¡ell-}3^lotnn and used

being a Euclidea¡ distance, dE, defined as

(2.e6)

of the nnny other dista¡rce neasures, the most apprr:pniate fon

the comparison of A a¡d { are

1

tln

MINKO!,ISKf DISTANCE Q.s7)

dE = [,,^, 
-or1'

A

M

^- i!

L.L

l^i- Níl
(2.e8)

CA]"ÍBERRA DISTA}¡CE dc r l|i+ [il

A -Ë
HCTIEBYCHEV DISTA}TCE dc Yl L 'L

(2.ee)
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ABSOLL}TE VAL¡JE DTSTATICE (2.100)

CITY BLOCK DISTA}¡CE t.
'L

(2.101)

where ar, is a roeighting function. The Absolute value and Eucl-idea¡r
.L

distances a::e special cases of the Mirkowsþ distance, i.e. for

P = 1 a¡rd p = 2 resPectivelY.

Of the above distance measures, the Chebychev distance ca¡r be

el-imj¡rated irwnedi,ately as ilappnopriate because it provides the

same distarrce for a recovered acoustic tlibe slEpe which is correct

for al-l- but one, where A¡- N¡= 5 say, a¡d an acoustic tube slnpe

where A¡- Ni= 5 for al-l- ¿. In determi¡ring the sjmil-alrity of ne-

covered and oniginaf- cross-sectional areas, it is impontant ttnt

the absolute value of Aror' il, be considered. This is shor^nr by

consideri¡rg the case where Al =1, A; = 7.3, A2= 5 and NZ=5'4, where

A,, is obviously necovered better tharl A1 despite the fact that

lA, -Aìl . IAZ -lrl . Ttrerefore, the llirkowsþ, Euclidean and

Absolute va-lue distarrce measunes, which appfy equal weighting

to lli- N¡l regardless of the absofute val-ues of A. or {r' a.l'e

not satisfactory i¡r their present form.

Ãi- Ri
M

dt = ¡1,

A. -
'L

f'l

- = E u)'6 í=l 'L
dc

The Carrbema distance measure takes i¡rto accor¡rrt the absolute

val_ues of A, and Al , with a division ¡V lA¿+n!|. However, the

camberra distance measune does not produce the sanre distance for

equidistant values of N, each side of Ar. If Ní=Ai* x then the

Cambe¡ra dista¡ce i" fn , whereas for Nr- Ai x the Camberna

.x'Ldistance ls 2f.ã . If x is companable with A ' then a significant
.L

bias of the distance occurs, which is undesirable. The City Bl-ock

dista¡rce has the provision to apply a weight to the difference
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lA. -A.l and so nnke an unbiased dista¡ce measure which takes into
ILL'

accou¡rt the absol-ute values of A, ana A't. However, it is not clear

how the weighting function could be chosen to satisfy such requine-

ments

Tgrning back to the Ì,fi¡kowsþ, Euclidea¡r and Absolute value

distances, a norrnalization of lA¿-A¿l before sunnation r¡ou-l-d re-

nove the abve stated deficiency of ttrose distance measures. Th-is

nornnl-ization can be performed in nn¡y I^/ayS' arrd experiments show

tlnt a norrnal-ization by A, is rþst appropriate. Experiments have

also shown tt¡¿t val-ues of p greater tlnrr 2 for the l'linÌ<owsþ distance

a¡ne not cost effective in terms of exbra computational complexity.

T'herefore, the distance measure chosen is

(2.r02)
AL

A.-N.LL

t'
2

A

which is a nornn-l-ized Euclidean dista¡rce. It is easily verified

that the same distance is achieved for equidistant A'' around A¿,

a¡d tlnt fon A, =1, {l =1'3 ' A2= 5 and N2=5'4 (the example used

earlien) the distances obtained show A, is recovened better^ tlurt

Ttre dista¡rce measure defined by Equation 2.102 is referred to

as the AREA DISTAI'¡CE, even though it is not a true distance measune.

A tnue dista¡ce measune must satisfy the tlree axioms of reflexivity

(aCi,t> = 0) , synrnetry (¿<i,i> = d(i,.c)) and tniangle inequality

(alirc¡)<d(í,p) + d@,ù), and ttre area distance does not satisfy

syrunetry. Ttús is due to nor'¡rnlization by A, only, which is neces-

sary for two or npne different tube shapes being necovered from the

sarne sSrnthetic data to have consistent area distances.

1
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2.6 SUMMARY

Thr-is clrapter has neviewed and defi¡ed the acoustic tube rpdel

a¡ç] l-j¡rear pnediction procedl¡r€s whieh are used thrroughout tlr-is

thesis. Definition of the acoustic tubes withi¡ the acoustic tube

npdet v€S Pnesented frrorn basic physical nestrictions, the require-

ments of t:ractable nnthenratics and rnaveforrn sampling. A complete

defi¡ition of an acoustic tube model of a set of conrnensurate

acoustic tubes was described frcrn a r,,¡aveform descniption of a

si¡1gle acoustic tube and the junction of adjacent acoustic tubes'

Ttre acoustic tube model- Ì,,EIS Presented i¡r both a rnathenntical equa-

tion a¡d signal flow diagram forrnulation'

After defini¡g the process of l-inear prediction, a general-

nnthernaticaf description of the l-j¡ear pnedictive arnlysis pro-

cedl¡re r,\É.s presented. Following this, the details of the three

basic formul-ations of ljnea:r prediction, namely Cova¡ia¡ce, Auto-

coruelation arrd l-a.ttice, \¡Jelre presented. A comparison between

each forrrml-ation was made and the applications i¡r which each

prÐves to be nxcre effective tlnn the others. The l¡.ttice forrnu-

Iation of l-j¡ear pnediction call be implemented i¡r flÈmy \^Iays, and

the nrost poputar implementations wene defjned i¡ this chapter.

Li¡rear prediction Ïns been used successfufiy as an a¡a1ysì-s

process fon acoustic waveforms denived from sets of conrnensurate

acoustic tubes, and the relationship between l-irtear prediction a¡d

the acoustic tube model- was presented jl.l this chapter. This re-

lationshr-i-p rnes derived by the equivafence of the Lattice formulation

of l-i¡ear prediction with the equations of the signal- flow diag¡am

of the acoustic tube nodel. Hence, the rËrmen i¡r which a li¡ear
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çz.edictive ana-lysis of an acoustic raveforrn identifies a unique

set of comnensunate acoustic tr:bes hlas Presented'

Finally, a discussion of the various distance measures that

ca¡r be erployed to determine the sirnilarity or dissirnilarity of

tvo acoustic tul¡e shapes was presented. Thís discussion j¡cl-uded

the suitability of the various distarne measures to the applica-

tions i¡r this thesis, a]]d resu-fted i¡ the deterrni¡ation of a single

distance measune tttat is used in tlre ::erainder of this thesis'
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CHAPTER 3

NON.t^lHITE EXCITATION OF ACOUSTIC TUBES

3.1 INTRODUCTION

In both Ctnpters 1 and 2, linea:r pnediction has been slrovnr to

be a powerful aralysis tool-, nainly due to the ease ald simplicity

with which li¡rea:: prediction performs system identification' fn

Clrapten 2 it r,,¡as sÏ¡cu¡n that ' for l-j¡rear prediction to r'ecover a¡l

acoustic tgbe n¡qdel from its output vraveform, certai¡r assumptions

of the acoustic tube npdel- a¡d nequirements of l-i¡ear prediction

nmst be satisfied. In r¡pst situations, nn:ry of these asstmptions

and requirements are not satisfied, especially in the speech ap-

plication considered i¡r th-is thesis and, as a resuft, iraccurate

acoustic tr¡be npdel recoveny occuns.

A goal of the roork presented in tnis thesis is to produce a:-t

analysis procedure wld-ch has .lrcre real-istic assumptions arrd requìr"e-

ments thn¡ those of linear pnediction a:rd the acoustj-c tube nodel.

To produce such a new analysis procedu:r'e, the effects of neiæ<irrg

some of the assumþtions of l-j¡rear prediction ane considered in turn.

TSis chnpter considens the effects of relaxing the white excitation

requirement of ]inear prediction on the acoustic tube shape re-

covered by linear predictive procedures.

The neseareh neported j¡ th¡-is clnpten was perforvned so thr'at

the effects of non-white excitation on acoustic tube shrape recovery

coul-d be trtderstood and be applied to improving vocal tract shape

r€covery from the speech waveforrn. The i¡rvestigations resulted irr
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a better understandilg of the autocomelation forrnulation of l-inea¡r

prediction a¡rd Ïrow non-white excitation nodifies the necovered

acoustic tube slnpe. A mathenatically exact description of the

effects of non-white excitation on acoustic tube shape lrecovery

is very ccrnplex and, since thene is no djrect application to vocal

tnact shape recoverS/, this mathematical- descniption is not presented'

Instead, a number of tSpical examples are presented which ilLustrate

each of the important i¡rvestigation results. Excitation of the

vocal tract is by positive only waveforms, and so the non-white

excitations considered in this chaptel? are positive only, althougþ

in n¡cst cases the nesul-ts and effects presented are afso vaLid for

general non-wh-ite excitations.

A white analog v¡aveform has its frequency spectfum flat, i.e.

has the same vafue, at all frequencies. This is slightly modified

j¡ the case of sampled waveforrns whr-ich are used tlroughout this

thesis. For samples at a frequency of do to accr:ratel-y represent

the anal-og vaveform, that waveform must be bandlimited to excluCe

aJ-I positive frequencies above 6O/2 and negative frequencies h¡efow

-ÁOtZ (Nyquist Theorem). Therefore' a sampled waveform is wh-ite if

its frequency spectrr¡n is fl-at between the frequencies of -(so/z arra

6o/2. If T is the sanpì-ing period, i.e. T=I/Á¿, o restriction of

the frequency range to within t[O/2 implies the longest duration for

a wh-ite excitation waveform is T/2. Hence, the non-white excitations

consider.ed in this chapter have dr:r.ations rvhich are longer tha¡r T/2.

Section 3. 2 investigates the t5rpe and magnitude of eITIìors

tlnt occur for acoustic tube shapes recovered by J-inear prediction

of the output waveform frcrn acoustic tubes satisfying the assump-

tions of the acoustic tube model- and excited by non-white excita-

tions. A wide range of acoustic tube shapes and positive excita-
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tion waveforms is used so tlr,at a general concfusion about the ef-

fects of positive non-wh-ite excitations can be nrade' Section 3'2'1

provides a complete descniption of the autocorrelation forrmrl-ation

of l-i¡rear prediction via a detaj-l-ed description of the nnnnen i¡

which an acoustic tube nrodel- is identified. As a resul-t of the

under.staldiag of thre Ii¡ea:r prediction pr'ocess, an explanation

of the acoustic tube slnpe necovened by linear prediction for

cerLajn non-white excitations is presented in section 3.2'2'

The j¡rvestigations reported j¡ Sections 3.2.1 and 3.2,2 perrnit

a prediction of the effects on acoustic tube slnpes r€covered by

l-i¡ear prediction fon ce¡tai¡ t¡rpes of acoustic tube slnpes and

pcsitive non-vùrite excitations. Once the effects of a positive

non-white excitati-on on acoustic tube shape recovery are }rroun

or predictable, then they can be rencved to al-low acci:rate acous-

tic tube shape recovery. The defi¡rition of acoustic tube shapes

which perrnit the re¡rxrva-l- of positive non-white excitation effects '

termed special acoustic tube shapes, is pnesented j¡ Section 3'3'

TV:o procedures by which special acoustic tube slrapes can be re-

covered are presented in Section 3'4'

Rel-axation of the white excitation assumpt-iorl is possible if

a constrai¡t is pJ-aced on the acoustic tube shape, i.e. if it Ìns

to be one of the specia-l- acoustic tubes described in Section 3'4'

Ttre application ar€as for special acoustic tubes are considered i¡r

Section 3. 5, with an important appì-ication bej¡tg to non-conrnensurate

sets of acoustic tubes which fnequently occur i¡r nature.
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3.2 EFFECT OF NON.I,IHITE EXCITATION

For acoustic tr:be StraPe recovered by linea:n prediction to be

the same as the oniginal acoustic tube shraper certain constrai¡ts

and assuttptions, as detail-ed i¡r Clrapter 2, mustb'esatisfied. Tb-is

section irrvestigates the effects of violating the white excitation

nequirement on the ac\custic tube shape recovened by linear predic-

tive procedunes.

To study the effects of non-white excitation, it is necessary

tlnt no othen effects such as nadi,ation, losses, etc., cloud the

resul-ts. Ttrerefore, a[ the data used i¡r th-is section is s¡rnthetic'

vrith all- the assumptions of l-i¡ear prediction a¡d the acoustic tube

ncdel- satisfied, except fon the white excitation assumption. Usilg

syrrthetic data al-so Ïras the advantage of being abie to control the

exact form of the non-white excitation and the origi:ral- acoustic

tube stnpe, hence permitting accurate comparisons of original- and

¡ecovered acoustic tube slrapes a¡d, therefone' the deternri:ration

of the effects of non-white excitation.

A detail-ed procedure for genenating the sSrnthetic data from

the acoustic tube nrodel is presented j¡r Appendix B. Si¡ce no

radiation effects are consideled' the terrniration refl-ection

coefficient is r':nity, ' 'e' uM = 1' 0' using s5nrthetic data en-

sur€s tlnt the waveforrns bej¡g arnlysed are stationary and a¡e

avail-abl-e for" J-ong time jlter:val-s. In Clnpter 2 it was concluded

that r¿aveforrns with the above properties are efficiently anaÌysed

by the autocorrelation formul-ation of li¡ear prediction' Hence,

al-l- l-inear predictive arnl-yses performed i¡ this section are via

the autocornel-ation formulation, and in particul-ar via the Parcor

pr"ocedure (see Sections 2.3.3 a¡d 2.3.4.2),
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The fj-:rst non-white excitation used is of rectangular slnpe'

i.e. the excitation r¡aveforrn U6(rr) is defj¡red as

U6(n) =
1
0

0(n(L
n10, n1L

(3.1)

whe:re L is the dt¡ration of the excitation. This rectangular straped

excitation is a crude approxirnation of the typical- excitations

which often occur in reality. To use neal-istic acoustic tube

slnpes and. ones which satisfy the speech applications considered

later, the acoustic tube shnpes used to generate s5rnthetic data

a:re derived fr.om real vocal tract shrapes. Five vocaL tract shlapes

as measured by FAIJT [fgZO] fon the Russian vowefs lol , lul, l¿1,

lol a¡rd lul are used. A detail-ed description of acoustic tube

slapes used to approxirnate these five vocal tract slnpes is pre-

sented in APPerrdix C.

synthetic data is generated, as shovar in Appendjx B' for a

ten conrnensi-trate acoustic tube approxirnation of the vowels lol ,

lul, li l, lol and lul (see Appendix C) with non-white excitation

as defined by Equation 3.1 and L varying fnom one to fo-r:r. The

area distances betv¡een the originaf acoustic tube shapes a¡d those

recovered by a Parcor arnJ-ysis of the s¡rnthetic data (see above)

are pr€sented j¡r Tabl-e 3 .1. A generaÌ trend of i¡rcneasing area

distance as L i¡rcreases is observed i¡r Tabl-e 3.1, which impties

tliat larger errors i¡ acoustic tube shape recovery occur as the

excitation dr-u.ation i¡rcreases. A wide variation of area distances

from one vowel to a¡other is observed in Table 3.1, which suggests

thnt the magnitude of the errors j¡t acoustic tubre shape recovery

hlas a strongdependence on the oniginal acoustic tube shape.
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TABLE 3.1: Values of area distances for five vovel shapes
and four excitation vaveforms'

VALUE OF L

VOWE, 1 ¿ 3 ¡+

/al 1.85 2.h\ 2.33 5.00

/e/ r.r3 2,38 3.50 6.98

1 \.56 10 .81 28.\9 l'6.32

o 2.r2 2.77 3.T1 6.5'

/"/ 3.r, t.80 l+.90 11.1+\
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To show the actrra-l err€rs that occu¡r in acoustic tube shape

recoveny fon the situations i¡r Table 3.1 a plot of the oniginaÌ
a¡rd recovened acoustic tube str,apes fon the vowels lol and líl ar€

presented in Figr-re 3.1. The vcr,¡els lal and lil are chosen fnon

the five i¡ Table 3.1, as they nepr:esent the exhnemes, i.e. lar.gest

and s¡¡al1est of area distances j¡ Tabl_e 3.1. Figr:re 3.1 shows tlnt
lange errÐns in aqcustic tube shape necovery occur for the type of
non-wh-ite excitation considered. As the dunation of the excitation,
i.e. L, jrrcreases, the::ecover:ed acoustic tube shape has lit-tle re-
ser¡¡bl-ance to the oniginar acoustic tube shape. Figlrne 3.1 and rable

3.1 show that an a:rea distance of greater. than 2.0 implies grÐss en_

r.ors in acoustic tube shape recovery.

To i¡vestigate the effects of non-white excitation funthe_r, a

non-white excitation descnibed by

Us(n) =

n:0
n:I
n*0 c;r I

1
lL

0
(-ì"2)

is used instead of thnt describe<l by Equation .3.1, The area dis-
tanlces between the original- and necovered (by parcor) acoust-ic

tube shapes, when the non-white excitation descr-ibed by EquaLiorr

3.1 is used with /r va:nying frc¡¡l 0.02 to 0.8, are pnesentecl i¡r T,abie

3,'2. The resufts i¡r Tabl-e 3.2 show an alnrost li¡rear nelationship

between area distance and the varue of h, i.e. when h cloul-.,1-es, the

a:rea distance apprÐxirnatelfz doubles.

A plot of the original and necoverecl ac.oustic tube shapes fon

the vowel" l¿.1 and fzl, uslng the s¡rnthetic data generated for. Tabl_e

3. 2 is presented in Figr:r:e" 3. ? and 3. 3. orLl_y the acoustic tube

slrapes for tl'" vowel-s lul and líl ane presented, as they represent

the exLremes, i.e. snall-est and J-argest a:rea distances, of the ne-
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sul-ts presented j¡r Table 3. 2. Figu:res 3.2 and 3.3 shcw ttnt signi-

ficiant depa¡Eures i¡r the necoverd acoustic tube shape from the

origina-l acoustic tube slnpe on-ly occr:n as h apprrraches unity.

Hence, deperrding on the application, acceptable acoustic tube

slnpes are recoverd if only a nelatively ffra1l departr::re from

a white excitation occuns.

A comparison of a¡ea distances in Table 3.2 and the acoustic

tube shapes i¡ Figrrres 3.2 a¡rd 3.3 shows thnt reasonable acoustic

tube slepe recoverS¡ only occurs when f¿ is snal-l-. Combining this

resul-t witn the earfier one, where accepta-ble acoustic tube shËPe

recovery occurr€d jf the dr:ration of the excj-tation was snnl},

l-eads to the conclusion tlnt srnal-l- departures frrcm the white

excitation assumption can cause gross errÐrs j¡ acoustic tube

shape recovery. Hence, in genenal, non-white excj-tation causes

errons in acoustic tube shape recovelry sufficiently J-arge that

l-il-tleresenrblancercty occur between the onigirral a¡d recovered

acoustic tube sLraPes.

To obtain an irndenstarrding of how non-white excitation causes

errors i¡r acoustic tr:be stnpe recovery, a much sìmpler set of

acoustic tubes (i.e. having fewer cÌ'oss-sectional area clrariges)

is considered. The original- and recove::ed acoustic tube shapes

of a simpl-e set of acoustic tubes is pnesented i¡ Figr:re 3 .4.

The non-white excitation used for this example is defined by

Equation 3.1 hTith L = 1. The r:ecovered acoustic tube slnpe i¡r

Figr:re 3 .4 nesernbLes the oniginal acoustic tube shape if the

decayìng oscillations are renpved. Ttrenefore, in this example

the effect of the non-white excitation is to superimpose a decay-
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ing oscill-ation onto an acoustic tube slnpe which neserbles the

origilal.

If the mechanisls producing the observed decaying oscillations

j¡ tlre recovered acoustic tube shape of Figure 3.4 were under:stoodt

then tlle oscillations might be nemoved to provide a comect acous-

tic tube stape recovery. An u¡rderstanding of the mectranisns PrÐ-

ducing tlre decaying oscillations descnibed above requìres a com-

plete r.¡¡densta¡rdilg of the manner j¡r wh-ich the linea:: prediction

prÐcess is perforrned. Th-is unde::starding is developed in the fol--

lowìng section. Section 3.2.2 thren explai¡s some of the effects

of non-white excitation on acoustic tube shape llecovery.

3.2.I TIIE LTNEAR PREDICTTON PROCESS

Many nesearchers IMARKEL and GRAY 1973 and 1976' ATAL and

I]A]r]ffUER 1971, ard MAKF]OUL 1973 and 19751 have shov¡n that the auto-

cornel-ation for,¡nul-ation of l-i¡ear pnediction penforrns autocorrelation

natching. A 1j¡ea:r prediction of order fr'{ produces an all pole filter

such the.t the first M + 1 autocomel-ation vafues of its impulse re-

sponse ane a scal-ed natch to the fjrst M + 1 autocorrel-ation values

of tlre signal, ¿(n) bei¡rg arnJ-ysed. If the excitation of the system

producing ¿(n) has the same enelrgy as the predictor error of the

li¡rear prediction process, then the autocornelation nntching is

exact, i.e. the sca-l-e factor is urrity.

In the followi¡g discussion the enengies of the linear pne-

dictol: error a¡d the excitation of the system producing ¿(n) are

assumed to be the same so tb.t an exact matching of autocorrel-ation

functions occurs. This assumption is not restrictive in any way,
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si¡ce it Ïns been slpwn IMAKIiOUL 1975] ttnt a¡r arbitnary scaling

of tlre autocomelation function of ¿Ø) does not affect the re-

sults of a li¡ear predictive arnlysis. This is verified l-ater

i¡r this section, where it is shoun th,at refl-ection coefficients

are ctpserr from a natio of autocorlrel-ation values and not the ab-

solute values of any autocorrelations.

Thre signa-l ¿(n) bei¡g arnlysed is lcrov¡rr over the i¡rfj¡rite j¡r-

terval 0(n(- a¡¡d its autocorrelation fi:nction is denoted as R(i)

a¡d defi¡red bY

R(i) = i¿(n)¿Ø-j)- n=O
(3.3)

The impulse response, â(n), of the all pole filter identified by

an ¿tfr orden l-j¡ear predietion of ¿(n) is }c-rov¡rr oven the same i¡r-

tenval as ¿(n), i.e. 0(n(-, and its autocorrelation fwrction is

denoted ." n(/) (i) and defined bY

A (1) =

An Mth order U¡rear prediction therefore produces

(i)

(M)

(3.4)

(3.s)A (j) = R(j)

for 0<i<M.

A basic understanding of the 1i¡ear prediction prÐcess is ob-

tajned by considering the autocorrel-ation rnatchj¡g for an ¿th a¡d

(¿+1)th order l-i¡ean prediction. An ¿th order li¡rea:r prediction

produces
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A Q) (j) = R(i) (3.6)

for 0< j(/, and an (¿+1)th onden linea:r pnediction pnroduces

A
(¿+1) (j) = R(j) (3.7)

fon 0< jca+t. Therefone, in terrns of a¡r acoustic tube npdel- (see

Figure 3.5) 1i¡¡ear prediction identifies the (¿+1)th acoustic tube

such that

Á
(¿+1) G+I) = R(¿+1) (3.8)

The identjfication of the ¿th acoustic tube does not chrange the

rntching o¡ A(¿)(j) to R(i ) for 0<i<.c performed by previous

acoustic tube identifications.

The r:easons why l-i¡e¡r prediction identifies the ith acoustic

il.ì the rnanner descnj-bed above is explained by considenation of the

acoustic tube nrodel shov¡n in Figure 3 .5. If the acoustic tube rxrdel

contai¡ri¡g ,c acoustic tubes has been identified, then atl- the signal

paths from which â(n) is produced have afso been identified. I¡/hren

the (¿+l)th acoustic tube is being identified by linean prediction,

only one exhra signal- path is j¡troduced and the paramenter Þ¿a1

associated witn this exLna signal path is being identi-fied by the

l-j¡ear predietion procedure. Ttre exbna signal pa'th is from the

(¿+I)th acoustic tube to the terrnination and back to the (¿+l)th

acoustic tube. Si¡ce the tjme ctetay i¡r ttris signal path is (¿+1)T

then thre contribution to Á('t+i)(J) "-, 
only be for i = (¿+1) r z(i+I),

3(¿+1), etc. Hence, if linear prediction natches auto-

comelations of the signals ¿(r¿) and !(vt) then, in identifying

the (/+l)th acoustic tube, linear prediction must ensure
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A(¿+1) (¿+1) = R(¿+1) because the (¿+1)th acoustic tube ca¡not

clnnge o(fz)1¿+r) fon o<f¿<¿.

Ttre next step in r:ndenstanding the li¡rean prediction PrÐcess

frcrn an autocor,:relation Point of view is to estabtish the rnanner

j¡ which the ¿th acoustic tube is iderrtified, i.e. the identiJica-

tion of lzr. clrapter 2 detailed some of the rnny methods for ca-l--

culating lz, anò, slrowed for a terrnination reflection coefficient of

r:nity a¡d ¿(n) being stationary that al-l the methods are equivalent'

fn terms of the acoustic tube variables defj¡ed i¡r Figtre 3 '5, l¿i

is found as

l¿
(3.e)

n=O
þ(í-r) rnl) ,

(see clnpter 2). Eqriation 3.9 does not perrnit a general under-

starrding of the rËrnner j¡ which ]inear prediction natches I'Q) t¡>

to R(¿) when identjfyi¡tg the ¿th acoustic tube'

For the acoustic tube model defjned Ìn Figure 3'5, the signals

u(0) (n) arlc b(0) (^) are deterrnined di¡rectÌy from Â(n) as

y u?-t) (n)o G-r) (n-1)
tt= 0

.L
æ
x

0( ) ( 3 .10a)

( 3 .10b)

Y- tu) = ßØ)

(0) (n) = -îfu)

and

b

Hence, by using Equations 3'10 and 3'9, þ1 is deterr'ri¡ed as

i ¡(,rlA(n-1)
n=O

h1 =
(3.11)
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Using the defjnition of l(i)(i), i.e. Equation 3.4, Eqr:ation 3'11

is ner,øritten as

l¿L (3.12)

r(1) (o)

Si¡ce ljnear prediction rnatches l,Ø) <!> to R(i) fon g<i<^-, then

the identification of fz1 rnatches E(1)fi> to R(1) for 0<i<1 and,

Ìence, Equation 3.12 ntay be rernri-rten as

r(1) tr)

R(1)
tzy =

(3.13)
R( 0)

Therefore, the fi-nst acoustic tube is identi-fied frrrm the negative

rratio of R(1) to R(0).

IYom Equation 3 .9 lzz is defined by linea:r pnedietion as

(n-1)
n=0 (3.14)l¿z =

The acoustic tube nrodel- signal flow diagnam of Figr:re 3 ' 5 enabLes

u(t) (n) and b(1) (n) to be expnessed i¡r terms of â(n) as

(a Cn> + lz1Â (n-r)) ( 3 .15a)

¿(1) (n)b ( 1)@t

u(1) (n)

o(1) (n

a¡d

(Atrfn>+â(n-1)) (3.1sb)



snbstitution of Eqi:ation 3.L5 into the oçnession fon lz2, i.e'

Equation 3.14' using tlre definition of l'G)<i>, i'e' Equation

3.4, and Equation 3.6 with í=2, pennits lz2 to be r,urilten as

1t_1

_R(2)
R( 0)

+ l¿t'

l¿

n< 0

n=0
n>0

(3.16)

(3.17)

(3.18)

(3.1s)

2 (t-l¿r2)

The impulse r€sponse for a single acoustic tribe is obtai¡ed'

by sefring the excitation, i.e. u(l) Ø), to an impulse. Hence,

usi¡g the slgrnl flow dìagram of Figure 3.5, the impulse response

of a single acoustic tube is

ß(n) =

0

1+l¿i

-la1a (n-1)

(i)
substitution of Equation 3.17 i¡rto the def i¡ition of A (j) 

' i.e.

Equation 3.4, with í=I, defi¡es the autocorelation functio't A(1){1)

of a slrgfe acoustic tube as

A(1)(i) = 
(t*þt) 

ç¿ìi- (l-l¿i )

Hence,

n(t) rzl
-L2

n(l) (o)

and Equation 3. 16 is then rer^¡rj-tten as

R( 0)
l¿z =

(1-þ1 2 
)

(3.20)
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Ttre r¡crmalized autocort'elation of ¿fu) is denoted by R(i) arrd

defined as

R( j)
R{;) =

R( 0)
j>o

j>o

(3.21)

(3.22)

(3.23)

(3.24)

a¡rd the norrnalized autocorrelation function of Â(n), generated

fnom ¿ corrnenstrate acoustic tr¡bes, is denoted by ¡(i)11> a'd

defi¡ed as

(í)
Ã
(t) (j)

A (j)

(L)
A (0)

Therefore, Equation 3.13 is reun:itten as

f¿i = - R(l)

and Equation 3.20 as

-R(z) + Ã
(1) Q)

l¿2
(t-f¿r 2 

)

by uslng Equation 3.21 and 3.22'

Equation 3.24 shcws ttat l-i¡ea:n prediction calculates lz2 by

adding -R(2) and Ã(1)(2) a¡rd scaling the resul-t by (1-f212)' There-

fore, the autocorrel-atio¡ nntclr-iag of A(2)(2) to R(2) takes irrto

accor:nt the nornnl-ized autocort'elation va'lue R(Z) of the signal

¿ (n) .being arnlysed arld the contribution of a single acoustic tube

to the autocorcel-ation function of ßØ) of tr¡c conrnensurate acous-

tic tubes, i.e. A(I) <Ð. The scal-e factor l/ 6-l¿t2) accor-rnts for

the scal-j¡g a signal- frrcm the second acoustic tube obtajls j¡ tnavel-

ling to the ternr-ination (i.e. scafed by 1+fz1) and then fnom the ten-
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ni¡ation back to the second acoustic tr:be (i.e. scated by 1-h1)

(see Figr:ne 3.5).

In general, the identification of h, of an acoustic tube by

lj¡ear prediction is performed vja Equation 3.9, wlr-ich is rer,sritten

i¡ terms of R(¿) and Ã(¿-1)(¿) as

-Rr¿> + Ã(¿-1) (¿)
(3. 2s )Í¿L ¿-r

t\_r<t-tzl>

Hence, in genenal, the natc¡ing or l(i)(¿) to R(.c) by linea:r pne-

diction (l(r-l(i) already netched pr.eviously to R(¿) fon 0<i<¿-1)

is perforrned by identifyi¡tg lzt as the stun of the negative val-ue of

R(¿) a¡rd the nornal-ized autocorlrel-ation contuibution ÃQ-I) (¿) frr¡m

the previous acoustic tubes ttnt hnve been identified' A scalirg

Uv Ufrl e-l¿z) is necessary to account for the scaling of a signal- J=I J

tnaveltj¡rg from the ¿th acoustic tube to the terrnination (a scaling

of 1fr](f+h,)l and the scal1,.'g fon tle.t signal tnavelli¡g back to
J= t

the ¿th acoustic tube (a scaling "f F-lr}-h.ù 
(see Figure 3.5).

The genenal expression for lzi, i.e. Equation 3'25' slrows tlnt

orr-ly norrnal-ized autocornelations a¡e used to cal-cul-ate l¿' and, hence,

a scaling of the autocorrel-ation functions does not affect the val-ue

of [¿,. Therefone, nelative nathen t]nn absol-ute autocorcelation
.L

fi¡nction vafues are importa¡rt for a li¡ear pnedictive analysis of

a sigrral ¿(n).

Equation 3.2S shows thet li¡rear prediction takes i¡rto account

the pr.evious acoustic tubes thnt hr,ave been identified' Ttris can

be consider:ed as a built-in melnory which affows l-i¡rear prediction
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to correct fcnr inconrect acoustic tube identifications that nny

have occr¡med pneviously. Anycorrectionsare subject to the con-

stnaint of nratchi¡rg l,G) <¡> to R(¿) at the ith acoustic tube iden-

tification which rrìdy cause faten acoustic tube identifications to

progressively correct fon one jncorrect acoustic tribe identification.

Fon non-vùtite excitations, the observed acoustic tube shape

recovered by linea:r pnediction differs from the origi:ral acoustic

tube shape firstly because of i¡rcorrect acoustic tube identifica-

tions by linear pnediction and secondly due to the i¡built corr€c-

tion process of li¡ear prediction. Thre followilg section investi-

gates, i1r detail, both the jnitiaL epons caused by non-wlr'ite ex-

citation and the corrnection ProceSS and their effects on acoustic

tr:be shape recover5/.

3.2.2 UNDffiSTA}ID]NG SOME EFFECTS OF NON-UJHITE Ð'(CITATION

The previous section prrrvided an understanding of the linea¡

prediction pr.ocess in terms of the acoustic tube model-. It was

shou¡n that during the identiJication of the ¿th acoustic tube an

autocornel-ation fncm the (¿-l)th order acoustic tube model, identi-

fied pneviously by linear prediction, is included i¡ the identifi-

cation pnfcess. This pnovides a menìory path ttrrough which errors

occurrilg at previous acoustic tube identifications may be corr€ct-

ed. Fqrther investigations of th-is memory p:roperty of linear- pr€-

diction are presented in this section for non-white excitation'

Identification of the ¿th acoustic tube is performed by the

sr¡¡rnation of -R(¿) and Ã(¿-r)(¿) and a division by the scafe factor

'fr!<1-n',) (see Equation 3.25). rn general, R(¿) and Ä(¿-I)(¿) are
J=L J
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of si¡nilar ragnítude, and so the emolî conrection that occuns

ttr:rcnrgh Ã(¿-1)(¿) is nnsked by R(i). Thenefore, to observe the

er1or correction prrccess it is necessar5/ to choose an example

where Rt¿) is zero fon a r?ange of L. Such a situation occurs

in Figr-r,e 3.4 of section 3.2. Figure 3.6 presents the auto-

correlation fi.u-rctions fo:r the impulse response of the origilal

acoustic tubes of Figr-u'e 3.4, the non-white excitation fi¡¡rction

a¡rd the nesponse of the onigirnl acoustic tubes when excited by

tlre non-white excitation.

FYorn Figune 3.6(c) and Equation 3.13 the fj-nst acoustic tube

is iderrtified by l¿r = -0.5, which is a¡ j¡corrrect iderrtification of

the onigìnal acoustic tube slnpe. Ttte non-zero value of R(1) is due

to tte non-white occitation and not the impulse response of the oni-

gi:ral acoustic tubes. The j¡co:rect identification of the first

acoustic tube causes non-zerÐ autocorrel-ations ¡(1) <i) for i'1_,

as slpv¡n in Figure 3.7(a), a:rd hence causes l-jnear prediction to

correct for the j¡rcorrect identification at subsequent acoustic

tube identifications.

Identification of the second acoustic tube by lz2 is obtaj¡ed

by a scaling of Ã(1)(zl (R<z> is zerr¡ from Figr:re 3.6(c)) which

from Figure 3.7(a) hns lz2=+I/3. The autocopelation function

of ßfu) for the impul-se lîesponse of the two acoustic tubes iden-

tified, i. ". Ã,(2) < i>, is presented j¡r Figr.:re 3 . 7 (b) . A comparison

of Ã(2)(l) in Figure 3.7(b) I^rith R(i) in Figu'e 3.6(c) shows auto-

correlation natch-ing has only occumed for' 0 < i < 2'

The identification of the thjï'd acoustic tube is obtained by

scaling Ã(2)<s) (Rfal is zerrr from Figr:re 3.6(c)) which from Figi:re
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3.7(b) defj¡es 14 = -\. Figr.:re 3.7(c) pneserrts n(3) f i>, the auto-

correlation function for â(n) denived frrcm tlre tlrree acoustic tubes

identified. Compa:rison of Figr.:res 3.7(c) with the nornnl-ized auto-

correl-ation fi:nction R(i ) i" Figr:re 3.6(c) shrows autocorrel-ation

nntching for only 0<i<3. Hence, in genenal, the identification

of the jth acoustic tube only conrectsthevalue of 4(f)1r'¡ so tlrat

it natches R(1). Ttrenefore, it is necessarS/ to identify an in-

finite mmrber of acoustic tubes to compJ-etely correct fon the

origìlaI eltrrn i¡ þr (due to the non-white excitation) which

caused a rnisratch of A(1)ir) to R(i) for j>2'

As nore acoustic tubes ane identified' it is for:nd tlat the

sign of tz, alternates a¡rd the rrodu-lus of fz, decneases for i¡tcneas-

ing j. FTom the propenties of autocort'el-ation functions (e.g.

R(0)>R(1) for: j>Ð it can be shor,a-r thEt, in general, the sign

of lz, is opposite to that of h_l*t -d lþ;lt lÞ¡*tl , fo" acoustic

tubes such as those p::esented il Figr:re 3.4 and the positive ex-

citation used. A translation of h-ts i¡to a crÐss-sectionaf a:rea

of an acoustic tube, i.e. an At, is performed by

118

-A (3.26)
o ¡*, j

which is derivecl fuom Equation 2.16. The prope:rties of lzt given

above transl-ate via Equation 3.26 to a decaying oscillation of

acoustíc tube crr:ss-sectional_ areas with a period of oscillation

equal to the J-ength of two acoustic tubes, i.e. as seen in Figr:re

3.4. The effect of the li¡rear prediction correction pnccess on

the recovered acoustic tube slrape is described above for a non-

white excitation defìned bY
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U6 (n) :

u6(n) : { t

n:o
n=I
n*0 or I

0(yr(ltJ
n( 0, n)N

ß.2t)

(3.28)

l-
a
0

(note that this is a generalization of the non-white excitation

considered above). Ihe rate of decay of the oscillating acoustic

tube shape is foirnd to be only dependent on the val-ue of a, and

when a is snnl,l- then the decay rate is quick with tne slowest de-

cay for an a of r:nitY.

Figr:re 3.B presents the recovered and original acoustic tube

slrapes for a¡t excitation defÍned by

r^rith ñ havi.ng val-ues from 1 to 4. Ttre peniod of the decaying os-

cill-ations i¡ the r:ecovered acoustic tube slrape is found from Figr:re

3.8 to be dependent on the drration of the excitation. The rate of

decay of the recover:ed acoustic tube shnpe oscil-l-ations decreases as

the duration of the excitation i¡creases. In general, it is diJfi-

cul_t to predict the period of oscil-lation and its decay rate, as

both are very sensitive to clranges in the sl¡ape of the non-white

excitation.

The discussion so far Ïras only considered the situation where

there is no contribution to the autocorr:elation function RCi) from

a charrge i¡ cross-sectiona-l- area in the acoustic tubes. In the

example of Figr:re 3.4 the contribution of R(1) aue to a change

i¡r acoustic tube shr,ape occurs at R(9), as seen i¡r Figgre 3.6.

The non-white excitation causes non-zero autocor:reLations around

R(9), namely at R(B) and R(10).
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Identification of the eigþth acoustic tr¡be (via ke) uses R(8)

which is non-zerrc due to the non-white excitation and So causes an

i¡correct acoustic tube identification. This erron causes li¡rea::

pn:ediction to perforrn the sanre tlpe of correction procedure as de-

tai-l-ed above at l-ater acrcustic tube identifications' Ttte correc-

tion procedure for the er11ol3 i¡ identifyj¡g the fi¡st acoustic

tube stiJ-l occuns when tlre eighth acoustic tube is bej¡g identi-

fied; hence the ocact error jo þe due to the non-zero val-ue of R(g)

is nasked by thre co:¡nection pnocedr-ure for the erron j¡t f¿r.

Fyom Equation 3.25 the identífication of tlre ni¡rth acoustic

tube (via fe9) is Penforrned bY

-R(e) * Ã(8)(g)
(3.2s)tzs

ilro - øi>

The vafue of he is correctly identi-fied if Ã(8) (9) is zero (wldch

is the case for a wh-lte excitation), and so the correct identifi-

cation of lzg is nasked by the correction of errors t]¡at occurned

at previous acoustic tube identifications, via a non-zero Ã(8)tgl'

The error j¡r þg is cornected at sr:bsequent acoustic tube identifi-

cations, and the corlection process resufts i¡r an osciltating ne-

covered acoustic tube shepe' as seen i¡r Figr::re 3.4. If the decay-

ing oscill-ation is permiLted to contj¡ue on the recovened acoustic

tube shape rintil- it is zeTÐ ) then all err.ors woul-d have been cor-

nected. Ttrerefore, any chnngeJ i¡r aeoustic tube slnpe can only be

due to lz9 and, hencee fzg can be identified if the error corr¡ection

pnocess is pernr-itted to conti¡ue r:rrtil all er¡rors have been cor-

nected
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Each tjme an i¡rco::rect identjfication is nade by linean pre-

diction, a correction process continues at the fol-lowj¡g acoustic

tube iderrtifications. Therefone, if rn i¡rcorrect iderrtifications

arre rmde up r:rrtiJ- the identj-fication of lz, the correction terrn -

used to calculate lz;, via. ¡U-t)(1), contai¡rs n components of
J'

decaying acoustic tube shape oscillations. T[is, in genenal,

Ìns ttre effect of decreasing the rate of decay of the acoustic

tube oscillations aS ¡ncre and nrore i¡correct acoustic tube iden-

tifications ¿tre rnade, as observed j¡ Figwe 3.4.

fYom the above discussion it is concluded tlrat the origina]-

acoustic tube slnpe IrBy be necovered if the recovened acoustic

tube oscil-lations are allov¡ed to decay avlay completeJ-y. Howevert

in general, the oscillatilg acoustic tube shape does not decay

completely to a constant a¡rea value. Iherefore, to recover the

o:rigilal acoustic tube slnpe, a procedr:re is necessany to deterrnì¡e

the constant value thet the osciltatjng acoustic tube shape decays

to. A conplete discussion of some metlpds for deterrai¡j¡g the

consta¡t val-ue and the difficulties encoirntered is presented j:r

Section 3.4.

As discussed ea:rl-ien, the shape of the non-white excitation

determines the nate of decay and period of the oscil-l-ati¡g lre-

cover:ed acoustic tube slrape. Figure 3.9 presents recovered

acoustic tube stape for two djfferent original acoustic tube

shnpes excited by more cornplex non-wh-ite v¡aveforrns tha¡r thcse

used in Figr-Û'e 3.4. Different decay nates of the oscillating

recovered acoustic tube shape are il-l-ustlrated i:r Figq:re 3.9.
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In the examples preserrted so fa.n, i.e. Figwe 3.4 and 3.9t

the nelatively few ctranges i¡ onigilal. acoustic tube cross-sectional-

ar€a are separated by a nr:rnber of consecutive acoustic tubes with

the same cross-sectional- area. The effect on the necovered acous-

tic tube slnpe of reducing the mlriber of consecutive acoustic tribes

with the same cross-sectional anea is presented j¡ Figure 3.10. ft

is observed i¡ Figr.:re 3.10 tlnt for decaying osci-1-l-ations to be ob-

served in tÏ¡e ::ecovened acoustic tube stape a rel-atively large ntun-

ber of consecutive acoustic tubes with the sallp cross-sectiona-l- area

must separate acoustic tube slnpe chnnges on the original acoustic

tubes.

TLrerefone, the recovery of the origìnal acoustic tube slnpe

by nerncving decaying oscill-ations fncrn the necovered acoustic tube

sÌËpe caused by positive non-white excitations requi:res the origi:r-

af- acoustic tube shape to satisfy special conditions. Ttrus, the

rel-axation of the constnajnt on the t¡rpe of excitation is neplaced

by a constrai¡t on the oniginal- acoustic tube shape. A full- dis-

cussion and defi¡ition of the necessary constraj¡tts on the origilal

acoustic tube slnpe is presented in the following section.

3.3 SPECIAL ACOUSTIC TUBE SHAPES

In the pnevious sections it lras been shovor tlnt for positive

non-white excitations and special- conditions on the original acous-

tic tube slnpe decaying oscill-ations are obsorved on the recovered
\

acoustic tube shnpe. It was suggested thnt the original acoustic

tube slnpe carr be recovered from such a situation. This section

defj¡res and discusses the necessary conditions that must occr:r on

the original acoustic tube shrape, hence atlowing a r€covelry of the

original acoustic tube shr,aPe.
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considen a set of acoustic trjbes as illustrated in Figr:ne

3.11. A typical nornnlized autocorrelation firnction fon a signal

genarated frcm the acoustic tr¡bes of Figu:re 3.11 with a positive

non-white occitation of NT is pnesented jn Figune 3.I2 - Thre

period of oscjLlations on the recovered acoustic tube sþape

was st¡cr,vn, in Section 3.2.2, to depend on the shaPe of the

non-white excitation, and fon a positive non-white excitation

of duration NT the raxi¡rnrm period of the oscillations on the

recove¡red acoustic tube slnpe is N. If the nwnben of acoustic

tr¡bes with the sane cross-sectiona-l area betr¡een the (¿-1)th and

ith ctnnge i¡r acoustic tube slrape f¡on the terrnination is denoted

¡y Mí then it is found empi-r'icalty tlnt M, rmst be greater tlnn

on equal to 2N for at l-east one oscillation to be observed on the

recover:ed acoustic tube slnPe.

Acoustic tube shapes which satisfy the above cordition, i.e.

M.>2N (3.30a)
L

oven al-l ¿ are referred to as SPECIAL ACOUSTfC TfßE SHAPES. The

condition described by Equation 3.30a restricts the value of [Å,

for a particular positive non-white excitation of dr.ration NT. An
I

ilversion of Equation 3.30a, i.e.

M

¡ ç-4
I

(3.30b)

Mo

where

YMi (3. 30c)
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no!ü places a nesfriction on the dr:ration of the positive non-wÏ¡-ite

excitation for a panticula:r acoustic tube strape. Equation 3.30 is

referred to as the SPECIAL ACOUSTIC TUBE CRITERION. Figure 3'11 de-

fines a tlpical special acoustic tube slnpe if the special acoustic

tr:be criterion is satisfied. Figwe 3.13 shows soÍ€ examples of

:recovered acoustic tube shapes where the original- acoustic tube

Shapes r^rere sPecia-l and excited by non-white r,'avefonns. Ttre con-

St.ai¡t of Eqr:ation 3.30a orùy represents a lowe¡ liJILit on M, and,

in general, Mi is different fon diffenent .t, which is important

when the applications of specja-l- acoustic tubes are considered

in Section 3.5.

The fjrst decaying oscil-lation on the r:ecovered acoustic tube

slnpe occurs because of the non-zero autocorrelations R{1) for

0<j</V-1 (see Fig're 3.12) arrd, while R(f) is ze'o for i>Ñ-1,

then the decaying oscil-l-ation conti¡rues on the recovered acoustic

tube stnpe. Hor+ever, the non-zero R{i) for Mt-(N-l)<i<Mr-l dis-

rupt the decaying oscil-l-ation so tlnt the oscill-ation occu:rs for

^lt-(/V-l) 
acoustic tubes. In gener'al, the observed decaying oscil-

l-ations on the recovered acoustic tube slnpe occur for M;-(N-l)

acoustic tubes (Â! is the nunber of acoustic tubes with the same

clloss-sectional area between the (¿-l)th and ¿th clnnge in original-

acoustic tube shape) and start at the (jt-'rU¡th acoustic tube f¡om

the terrni¡ation.

From the dj-scussions in Section 3 ' 2, an

M acoustic tubes from the termi¡ration ca¡not

to R(1) until- j = M. Therefore, if the first

satisfy the special- acoustic tube criterion,

acoustic tube slrape for the first M acoustic

acoustic tube vùrich is

provide a contribution

M acoustic tubes

then the necovered

tubes is not affected
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by any of the oniginal acoustic tubes gneater thEn M acoustic

tubes from the terrni¡ation. Hence, it is not necessarS/r in nnny

cases, fon the special acoustic tube slnpe q:iterion to be satis-

fied over the ful-l oniginal acoustic tr:be concatenation for oscil-

lating recove::ed acoustic tube shapes to occun. In the example

shown in Figr:re 3.14, recovened and oniginal acoustic tribe slnpes

are presented when orr-ly the origilal acousLic tubes ne¿r the te:r-

rni¡ration satisfy the specìal- acoustic tube criterion.

Investigations have shoun that eve¡¡ if the special acoustic

tube criterion is satisfied afte¡r M acoustic tubes frrcm the ten-

rni¡ation decaying oscil-l-ations stil-I occun i¡l most situations

where the speci¡l acoustic tube criterion is satisfied. Figr:re

3.15 presents the original and recovened acoustic tube shapes for

the non-wtÉte excitation of a set of acoustic tubes which satisfy

the special acoustic tube cniterion except for five acoustic tubes

at the terrni¡ation. The portion of the original acoustic tube

shape in Fig¡r-e 3.15 which satisfies the special acoustic tube

criterion is the same as the acoustic tube shape which satisfies

the special acoustic tube cniterion ìn Figure 3'14. The non-white

excitations are a-l-so the same. A comparison of Figrlne 3.14 and

3.15 shows that the effect of acoustic tubes at the termi¡ation

which do not satisfy the special- acoustic tube criterion is to

significarrtly neduce the decay rate of the oscillating recovered

acoustic tube shePe.

Ttre above result is found to occur in most situations' and so,

whenever the special acoustic tube critenion is satisfied, decayìng

oscil-lations aïe, irr general, observed on the recovered acoustic

tube shape. Figr.nes 3.16 and 3.17 present recovered a¡d original
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acoustic tr:be shapes for sitr:ations where the special acoustic

tube crriteclion is satisfied at various places along the onigirnl

acoustic tr:bes.

3.4 RECOVERY OF SPECIAL ACOUSTIC TUBE SHAPES

In the previous section, special acoustic tubes wene defined

which p:roduce a decaying oscillating:recovered acoustic tube shape

when excited by a positive non-white excitation a¡rd analysed by a

converrtior¡al- ljnear pnediction. This section examines the necoveny

of the special acoustic tube slrapes frqn the deeaying oscillating

necove¡red acousEic tr:be shape a¡rd develops the necessany additional

processing and lxrrcedr:res. Ttrroughout this section, the excitation

of the oniginal acoustic tubes is assumed to be by a positive non-

white waveforrn.

If the oniginal acoustic tube shape has all its chnnges i¡r

crÐss-Sectiornl- area sepa:rated by a number of acoustic tubes, then

the recovered acoustic tube shrape consists of a series of decaying

oscíl-l-ations, as shor^¡n by the example in Figr-ure 3.a. In Figi:re

3.4, the necovered acoustic tube shnpe apPeans to have decaying

oscillations about a shape which closely nesembl-es the onigiral

acoustic tube shape. The¡refore, renÞval of the deeaying oscilla-

tions fnun the ::ecover:ed acoustic tube slrape IIEy perrnit a good ne-

covery of the original acoustic tube slnpe. Hence, a p¡ocess is

developed j¡ thr-is section which r€moves the decaying oscitl-ations

firom the ::ecovened acoustic tube shape when the original- acoustic

tube satisfies the specia-I acoustic tube criterion.
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A close exa¡ni¡ation of Figure 3.4 shows that what is implied

by rermving tlre decaying oscj-l-l-ations fn¡m the necovered acoustic

tube shape is to deterrnine the constant value to which each of the

decaying oscillations decays. This constant acoustic tube shape

is nefemed to as the decayed acoustic tube cross-sectiona-l- alfeat

on sjnply the decayed area vafue. Ttre decaying oscillation on the

necoverd acoustic tube shape lr,as been shown to be caused by incon-

rect acoustic tube slnpe identifications by linea:r prediction due

to the non-white excitation. It has also been shov¡n that the de-

caying oscil-l-ation due to a singl-e incorrect acoustic tube identi-

fication only decays to zerr¡ after a¡r irlfi¡rite nrrnber of acoustic

tubes have been identified.

onJ_y a finite nurnben of oscil_l_ations can be observed i¡ a re-

covered decaying oscillating acoustic tube slnpe and, therefore,

an exfrapol-ation of the available r:ecovered oscil-latj¡g acoustic

tube slnpe to infi¡rity may be necessary to deterrni¡e the required

decayed a:rea val-ue. Investigations of exFrapolation techniques

a¡rd thej:: application to the observed decaying oscillating acous-

tic tube slnpes discover tr,'rc majon difficul-ties. Firstly' the ac-

curacy of any extra¡nlation process is highly dependent on the amount

and accunacy of data availabl-e. If only a sìlgle osciltation is ob-

served, as j¡r the case where the special acoustic tube cniterion (i.e.

Equation 3.30) is just satisfied, the exFrapolation resul-ts in poor"

estilation of the decayed a¡lea va'l ue.

Another difficutty with extrapolation techniques for deter-

rLining decayed area vafues is the rate of decay of the recovered

acoustic tube shape oscill-ations which is, in general, slow, e.g.

see Figure 3.15. Tn these situations, the slow rate of decay causes



138

large errÐrsi¡the estj¡nation of the decayed area values. Hence,

i¡ genen'aI, extrapolation metlpds are for¡nd to be unsuitabl-e for

deterrnining decayed a:rea vahres a¡d, hencer perrnil-ting special' acous-

tic tube sÌ¡ape necover5/.

Sì-ow decay of r:ecover:ed acoustic tube slape oscil-l-ations

causes difficr:lties with exfnapolation techniques to deterrn-i¡e

the decayed area value, but is a¡r advantage for othen techniques.

Fo¡- insta¡ce, a sinple averaging (or firding of the mea¡) of the

envelope of the decaying oscillating recovened acoustic tube slnpe

1x'oduces, j¡ npst cases, accurate decayed a:rea val-ues when the ex-

citation is positive and non-white and the decay rate of the oscil-

lation is slow. Investigations have shoun that avenaging of the

envelope of the rel-ativel-y fast decaying recovened acoustic tube

oscil-l-ations at the terrni¡ration also provides, i¡r nrost cases: âc-

cu:rate decayed area values. Hence' an averagìng of the envelope

of the decayìlg oscillating r:ecovened acoustic tube shnpe appears

to be a simple and reliable process for rnost situations.

The first decaying oscil-l-ation fnorn the terrni¡ration of the

recovened acoustic tube slnpe decays quickly, and so the decayed

area vafue may be determi¡ed accurately if the oscill-ation is per-

rLitted to conti¡ue foranu¡nber of acoustic tube identifications.

A typical- autocorrelation function for a set of special- acoustic

trrbes with a postivie non-white excitation is shov¡ri in Figtlre 3.72,

arrd the discussions of Section 3.2.2 showed thnt the non-zero R{j)

for 1(1<N-1 cause the necovered acoustic tube shape to exh-ibit a

decayìng oscil-lation. This decayiag oscillation contj¡rues wnite R(1)

is zero, i.e. until the (Mr-ñ+l)th acoustic tube identification when
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R(MI-N+1) is non-zero. Therefore, the decaying oscillation will

conti¡rue if all- the R(i) are set to zero fon i>N.

The above discussion shows that the fi:rst deeayed area val-ue

from the terrnj¡ation is obtained by selting the autocorrel-ation

fi¡nction of ttre si ,s(n) bej¡g anaÌysed, i-e. R(i), to zero

for j)Ñ and tlren perforrning a l-inean prediction r:ntil- the ne-

covered acoustic tube oscil-l-ations decay ar,ray sufficiently to

deterrnine the requi decayed area va1ue. ff the linean pne-

dictive analysis is perforrned via the autocorrelation formulation'

tnen R(j) is easily set to zero for i>N a]]d then the nonnal eqqa-

tions a:re sol-ved via the Levi¡son II,EVTNSON 1947, ROBINSgN 1967],

turbin [OLRgfN 1960], Leroux and Gueguen [f¡ROtX and GLIEGUEN 7977f

or the nnny other algorithms (see Chapter 2). Figr.pe 3'18 shows

recovered and orig acoustic tube slnpes where Rfj> is set to

zer,o for j > Z, where the excitation has a duration of 2T . For^ the

case pnesented in Figtu'e 3.18' the recove:red acoustic tube oscil--

lations decay quickly so that the decayed area vafue is deterrni¡ed

accr:¡ately after relatively few acoustic tube identifications,

whl-ich is not necessa¡iIy the case j¡ gerreral.

Atthr,cugh the special acoustic tube criterion nny be satisfied

at least u¡rti-l- the second cross-sectional- area cha¡ge from the ter-

mination, a procedure sjmilar to the one described above, which con-

tinues the second decaying recovered acoustic tube shnpe fnom the

ternril,ation, is very difficul-t to implement. The difficulty arises

because a crÐss-sectional- area change Mr acoustic tube from the ter-

mination causes non-zero autocorrel-ations R{1) for j equal to ìnteger

multiples of M1 j¡rstead of zero R(i ) -" seen above. These non-zero

R{1) are difficult to predict and include j¡r an analysis procedr.rre.
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If the speciel acÐustic tube cniterion is satisfied at least

r:¡rtil the second cross-sectional area change M2 acoustic tubes from

the terrni¡ation, then the only non-zero vafues of R(i) for i<l,lz

a¡e at i = 0 a¡d ¡I,lr. For the acoustic tubes up to M2 acoustic tubes

frun the termi¡ation to be special, then the non-wh-ite excitation

has a dr:ration of less tlran M1 /2 and M2/2. In this situation, the

ratio of R{M1) to R(0) is the same fon an impulse excitation as for

the above non-white excitation. Th-is result is easily shprnn by con-

sideration of the autocorrelation furrctions of the irnpulse response

of the special acoustic tubes, of the non-wh-ite excitation ard the

output of the specia-ì- acoustic tubes excited by the non-white ex-

citation in a nenner sjnr-ila:r to tlnt shov¡n in Figure 3 ' 6 ' Sj¡rce

the va_l-ue of þMr is equat to -R(M1)/R(0), then LM, i" recovered

di_nectly fircrn the autocorrelatíon function, prrovided the acoustic

tube shape up to M2 acoustic tubes from the terrnination and the

non-wh-ite excitation satisfy the special- acoustic tube criter^ion.

contjnuation of the above process to recoven the special

acoustic tube slnpe is possible provided the special- acoustic

tube criterion is satisfied over alt the origi.nal acoustic tube

slnpe. In general, the clnnges i¡ cross-sectional- area ar€ separ-

ated by a different nurber of consecutive acoustic tubes ard'

hence, a specia] arial-ysis process is required. The special

analysis process must be able to identify acoustic tube cross-

sectiornl- a:rea chnnges which have an unequal propagation delay

between throse area chnnges. The work on a d-step ahead predictor

by GEVERS a¡rd VtrERTZ [1980] is a starting point for the development

of such an analYsis Process.
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Deteñrli¡i¡g, fum the necovered acoustic tube Sllaper the

position at wÏlich a cl?oss-Sectional- a¡rea clnnge occurred on the

onigilal acoustic tube shrape c¿ìn be difficult. Investigations

hnve shor,r¡ that, in general, the position at which the origirnl

Speciat acoustic tube slnpe clnnges correspondstothe position

at which the decaying oscitl-ation starts on the recovered acous-

tic tube Shape. llnfortunateJ-y, in scrne situations, the exact

position at which a decayirg acoustic trrbe oscil-lation sta¡ts

is diJficu]-t to deternr-i¡e.

Any arnlysis process which is devel-oped to cope with unequal

propa.gation delays betr^¡een acoustic tube cross-sectiona-l- area

changes is hr-ighly dependent on the lcrowledge of the position

at which the area clnnges occun on the original acoustic tube

shape. It has been found that identification of the position

at wÏ¡-ichr cross-sectional- area cha¡rges occur on the origlnal acous-

tic tube slnpe is very djfficult to obtain from the recovered

acoustic tube slrape. Thæeforer even if an analysis process

that perrnits unequaÌ propagation delays between chranges i¡t acous-

ti-c tube cross-sectional- a-reas were developed, the uncertaj¡ty of

the position at whj-ch the clnnge i¡r crr¡ss-sectionaL anea occurs i¡ould

not, il] general-, allow special- acoustic tube shape recovery.

It was suggested earl-ier tlet a sirnple avenaging of the en-

velope of the decaying osciLl-atj¡g recover€d Acoustic tube shape

nay provicle accr:rate decayed area values. To deterrni¡e the ac-

cunacy of the averagilg pï'ocess, an acoustic tube slnpe is con-

sidered which satisfies the special acoustic tube cniterion over

its fuU- tength. Figure 3.19 presents the special acoustic tube

shape, the recovered acoustic tube shape by J-inear prediction, and
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tle acoustic tr:be shaped ::ecove::ed by using an avenaging of the

envelope of the decaying oscill-ations of the acoustic tube shaPe

necovered by linea:r prediction. The excitation used ÏES Uo(O) = 0.4r

U0(1) = 1.0 and t/e(2) = 0.4 with U¡(n) = 0 for al-l- v¿ othen tl6n n = 0'

Ior2.

The special- acoustic tube c::iterion is satisfied at the ter-

rnination, and so the first cnfss-sectiornl- area cha¡ge thlat occurs

on the origirnl acoustic tube shepe can be correctly identified by

the pnoeess described above, i.e. the fi¡rst oniginal acoustic tube

cross-sectional- a::ea clnnge occurs seven sections from the termin-

ation, arìd so h7 =-R(Z)/R(0). Using the averaging of the envelope

of the decaying recovered acoustic tube shape, l¿7 is identified as

-.305, instead of the correct vafue, -.29, which only produces a

srTnll errÐl: in acoustic tube shape recovery. In general, Figr:re

3.16 shrows tlnt good special- acoustic tube shape recovery is

ach_ieved by averaging the envel-ope of the decaying oscillatlng

acoustic tube shape recovelled by a l-j¡ear predictive anal-ysis'

A npr.e realistic acoustic tube shrape is considened where on-ly

a portion of the original acoustic tube shape satisfies the special

acoustic tube criterion. Figr:re 3.20 presents the acoustic tube

slnpe, a¡d tlre excitation used in this case is the same as thet

used for Figure 3.19. The recovered acoustic tube shnpes by usìlg

a l-j¡rear prediction and an averagilg of the envelope of the decay-

ing osciJ-l-ations of the acoustic tube shape necovered by linear

prediction are presented in Figure 3.20.

A comparison of the acoustic tube slnpes presented ìn Figr:re

3.20 shows a thnt the averaging process recovers the original-
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acoustic tube shape with good accuracy whenever the special acous-

tic tuÞe cniterion is satisfied. The largest diffe:rences between

original and recovened (by the averaging process) acoustic tube

stËpes occurs near the terrni¡ration where the oscil-J-ating acoustie

tube shape recovened by a l-inear pnedictive analysis decays the

quickest. Ttris observation supports the discussions presented

earlier, where it rnas concfuded that the necovered acoustic tube

oscil-Iations decay sl-owen the further they are from the termjra-

tion, and thnt the averaging prr:cess estjrnates the decayed area

vafue nrclre accurately fo:: sfow decays of the oscil-ì-ating acoustic

tube slnpe.

The examples consider-ed show that arr averaging of the envelope

of the decayiag recovered acoustic tube oscillations defi¡res decay-

ed area val-ues which provide a good recovery of the onigi-nal special

acoustic tube shape. The accuracy of the recovered special acoustic

tube shape nny be i¡rcreased by using a lrlcre compJ-ex process tha¡ the

simple aver.agirrg considered above. However, in nost situations, the

extra computatì-ons nequired by a lrÐre complex process r¡oul-d rrot jus-

tify the srnall j¡crease i¡ the accuracy of the recovered special

acoustic tulrc slnPes.

The major djfficulty with deterrrining the decayeci area values

by tþe averaging prlocess described above, or for that matter any

other process, is the high dependence of the resuLts on the avail-

able decayed recoverecl acoustic tube oscillations. In situations

where the special acoustic tube criterion is just satisfj-ed, then

only a single oscitiation of the recovered acoustic tub¡e shape is

observed and, hence, a poor recovery of the original special acous-

tic shape occurs.
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Another arralysis procedr.rre for necovening special acoustic

tube shapes is developed by exanination of the autocomelation

ft¡nction R(l) of an original- acoustic tube shape which satisfies

the speciai- acoustic tube criterion oven its full length, e.g. the

autocorrel-ation fi:nction pnesented in Figu:re 3.I2. Thre auto-

correlation function of Figr:re 3.72 is the convolution of the

autoconnelation function of the non-white excitation, which lras

a duration of NT, with the autocomel-ation fi:nction of the impulse

response of the special acoustic tube shape. The requirements

of the special acoustic tube criterion ensure that the auto-

comelation function R(/) for 0<i<N-1 is the autocorrel-ation

fi¡rction of the non-white excitation. Therefore, deconvolving

R(i ) fon 0<y<ñ-1 f¡om the autocorrelation function R(f ), for

all j, results j¡ the autocoryel-ation fir¡ction of the impulse

response of the originat special- acoustic tubes, which can be

anal-ysed by a conventional- l-jnear prediction to recover the ori-'

ginal- special acoustic tube shape.

The above discussion only requires R{1) for 0(J<N-1 to be

the autocoruefation furrction of the non-white excitation for the

deconvolution process to appÌy, a]]d this is true provided the

special acoustic tube criterion js satisfied at the terrni¡ration

of the original acoustic tubes. Hence, provided the fjrst cross-

sectional area cha¡rge occurs at feast 2Ñ acoustic tubes from the

terndlation for a non-white excitation of duration NT, then the

above deconvolution process foll-owed by a l-irrear predictive analy-

sis recovers the original acoustic tube shape'

In sunnary, troc procedr:res hlave been defi¡ed for recovering

part or- all (depending on where the special- acoustic tube criterion
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is satisfied) of the original acoustic tube slnPe when excited by

non-wTlite veveforms of certai¡ dtration. If the first change in

cross-sectional a:rea fncrn the termi¡ation of the origirnl acoustic

tube stnpe satisfies the special acoustic tube cniterion, then a

deconvol-ution of autocort'elation functions perrnits the recovery

of the onigirnJ- acoustic tube shape. In situations whrene the

special acoustic tube o:iterion is not satisfied at the terrrLi¡-

ation, the¡ a pïacess was defj¡red which pnovides good acoustic

tube slnpe lrecovery when the special acoustic tube critenion is

satisfied. Ttre r€coveny pïocess ¡nÊ.S a simple aver"aging of the

observed decaying oscillations of the acoustic tube slnpe recover-

ed by U¡ea¡r prediction, and the accuracy of this process ltas

shov¡rr to be dependent on the avail-abl-e recover:ed acoustj-c tuþ

oscil-l-ation, its rate of decay and nelative position from the

ternr-ination.

3.5 AREAS OF APPLICATION

Application of the ana]ysis procedures deveJ-oped il] the pre-

vious section are limited because the special acoustic tube crj--

terion is not satisfied i¡ most practical situations' The prac-

tical- situations where the a¡alysis pnocedt¡res ca¡ be applied are

grouped i¡to two distj¡ct aneas. The fjrst apptication area is

the non-white excitation of acoustic tube shapes where the acous-

tic tubes have lengths which are integer multipl-es of some corÍnon

factor". Si¡ce, in practical- situations, the excitation is nrost

J-füely to be non-wh-ite and clrarrges i¡r cross-sectional- area nrost

Ifüely to occur at nandom, then the above situation is more re-

alistic then the assumptions of the ti¡rear pnediction/acoustic

tube npdel perrnit.
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Th¡e second apptication aLeil is to sitt¡ations v'ùtene both the

forward a¡d bacl<t,,Erd travelli¡g waveforrns at the termi¡iation of

the acoustic tr¡bes a¡re avail-abl-e or can be nrade avail-abl-e. In

Such a situation, th origìrnl acoustic tube strape can be, h

theory, necovecîed regardless of the t5pe of fj¡rite dr-ration ex-

citation used. Itle occurrence of the necessany conditions for

this application area ane l?aIe' a¡d so only a bnief descniption

is given in this section.

For acoustic tubes of diffe.:r'ent lengths, the propa.gation

delay of the waveforrns traveJ-ling withi¡ each acoustic tube is

di-ffenent and, therefor:e, violates a fi:ndamental assumption of

linean prediction. If a li¡rear pnediction is performed i¡r such

a situation, ttren a cross-sectionaf area clenge is identified at

positions where none occurred on the oniginal acoustic tube slnpe'

Hence, the fjrst application ar€a of the analysis PrÐceSS developed

for special- acoustic tube shape recovery is one where conventionaL

li¡ea¡ pnediction fajl-s to recover the origina] acoustic tube shnpe.

A simple example of the situation desc::ibed above is a¡r

acoustic tube shape which has orùy one cross-sectionai- area

change a distance q frorn the term-i¡ation. Ttre impuLse response

of such a¡ acoustic tube shape has an autocopel-ation function

defined by

{ 0
R(o) (-u)J 1 integer

1 not integen
(3.31)

where U is the reflection coefficient for the clnnge j¡ cross-

sectiona-l- area and c is the velocity of waveform propagation in

the acoustic tubes.
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If a sampling peniod of n/c isused, thren li¡ear prediction

onJ.y recovers a change j¡ cross-sectional- a:rea if ¿ and g hlave

a comrþn factor. vühren ¿ is a nmltiple of Q, i.e. tL=ica wit}jl i>0

and integen, then linear pnediction l?ecovers a neflection coef-

ficient eqr:al to (-U)/. Hence, for i not equal to one, i.e. a

correct recovery, a significa¡t erro:r i¡r acoustic ttibe slrape ne-

cover5¡ is made by a li:rear predictive analysis. Not only is the

size of the cross-sectiornl- area j¡correct, but the position of

the clnnge is identi-fied as a distance iq rathen thnn q from the

terrni¡ation.

Thre above exanple shcws that large errors ney occur fon

acoustic tube shape recovery by linean prediction when the sam-

pfi¡rg period is not equal to the propa.gation delay of vaveforrns

withj¡r the original acoustic tubes. Figr-u'e 3.21 shows some ori-

gìrral- and recovered acoustic tube shapes when l-i¡ear prediction

analyses the SmpuJ-se lîesponse of the original acoustic tubes when

the sampling period fon the ljnear pnedictive analysis is, ìn

general, not equal to the p::opa.gation delays w"ithj¡ the oniginal

acoustic tubes. The necovered acoustic tube Shapes shovn j¡r

Figr.re 3.21 Ï¡ave little resernbÌance to the origìnal acoustic

tube shape and, hence, it is concluded that the acoustic tube

slEpe :recovered by linear prediction is highly dependent on the

sanpling period if the originat acoustic tube shape contai¡rs

non-corûnensurate discrete acoustic tubes.

For situations where the oniginal acoustic tubes have djf-

ferent lengths but with a cornìon factor, then a l-ilear prediction

with a sampl-i¡g period equal to that common factor pernr-its the re-

covered acoustic tube shnpe to have clnnges i¡l cross-sectionaf a-reas
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at the Same position as the changes i¡ crÐss-Sectional area which

occumed on the cnligirnl acoustic tube slape. In general' the

comnon factor implies a veï'y snall- sanpling period and, since

real excitation rnaveforrns have a finite dr.rration, then tlre neces-

sity for a snal-l sampli:rg period nìay cause the excitation to appean

non-white. Therefore, ì¡r neny practical situations, a contna-

diction of requirernerrts can arise when the sanpling pæiod needs

to be large so tlnt finite duration excitations appear vùrite, but

a snal-l sanpling period is necessany to ensur:e a correct identifi-

cation of cross-sectional- anea clnnges and thejr rel-ative positions.

In situations where the above contradiction occurs, the pro-

cedr.:res described i¡r the pnevious section can be used to recover

the original acoustic tube shape whenever thrat shape and the ex-

citation satisfy the special- acoustic tube criterion. Ttre recovery

precedure r¡cul-d chrose the sampling period snal-l- enough fon l-inea¡r

prediction to identify a change i¡r crr¡ss-sectional- area at every

position where a cllange of acoustic tube crÐss-sectiorr'1" allea oc-

curued on the origilal acoustic tubes. Once the samplìng period

has been chosen, then a recovered acoustic tube shnpe is deterrnjned

by first perforndrg a linear predictive anal-ysis and then usi¡rg the

special acoustic tube shape recovelly procedr:res detail-ed in the pre-

vious section.

An example of the above procedure, and the result of an j¡r-

correct choice of sampl-ìng frequency when only linear prediction

is used, is shovrn in Figure 3.22. The excitation of the original-

acoustic tube shape is positive with a duration of 3Ut/c) where /r

is the corrûlon factor fon all the original acoustic tube lengths'

For samplìng periods of greaten tlnn 3uL/c), i.e. as used j¡r
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Fig1¡¡e 3.22G) to (e), the excitation appears white, but large er'-

rÐrs in the recover:ed acoustic trrbe slËPe ale obsen/ed. Usi¡g a

sanpl-i¡g paniod of QL/c), the r:ecovened acoustic tube slnpe is strornn

in Figrre 3.22(h) and, by avenaging the envelope of the decaying re-

covered acoustic tube oscil-lations, the oniginal reflection co-

efficients, descri-biag the onigi:ral acoustic tube shrape, are re-

covered with an errol: of less tlÊrt Zeo. For this example, the posi-

tions of the original acoustic tube crr¡ss-sectional area chnrrges

are identi-fied comectly.

The exanple presented j:r Figtu-e 3.22 ',h¿Lð, the special- acoustic

tube criteri-on satisfied over the full- tength of the originaJ

acoustic tube slnpe, but the example p:resented i:r Figr:re 3.23

onJ-y hns the original- acoustic tube shape satisfyìng the special-

acoustic tube crj-terion over pontions of its length. The excita-

tion of the original acoustic tube shnpe presented in Figr-u'e 3.23

is positive arid hns a duration of 4(tt/e), where ¿ is the cornÐn

factor of the origiral acoustic tube lengths. I-arge errÐrs are

observed in the acoustic tube shapes recovered by l-i¡rear predic-

tion for al-l the samplilg frequencies considered i¡r Figure 3.23.

Averaging thre envel-ope of the decayilg recovered acoustic tube

shape to deterrni¡re decayed area val-ues fon the sampling period

of (n/ù (i.e. Figu:re 2.32G)) recovers the refl-ection coefficients

describing the original- acoustic tube shape, where the special

acoustic tube criterion is satisfied' with an errÐr of l-ess than

6eo. The rel-ative positions of the origina-l acoustic tube cross-

sectiorel a:rea chnnges, where the special- acoustic tube criterion

i-s satisfied, are al-so recovered correctÌy.
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An application has been shror^¡n for the special acoustic tube

shape recovery procedures developed i¡r the previous seetion, i.e.

to situations where the requirements of sampling period to nnke

the excitation appeal wldte conflict wj-th the requirement of

sampling period to perrrr-it an acoustic tube shape chrange to be

identified at positions where acoustic tube shape chranges occur

on the original- acoustic tube shape. Tlo examples which have the

above conflict wene considered, and it was shou¡n that whenever the

specia1- acoustic tr:be criterion is satj-sfied on the onigiIral acous-

tic tube shape then the recovery procedures developed i¡ the pne-

vious section can recover, with reasona-bl-e accuracy, the original

special acoustic tube shaPe.

A practical- situation which may have the conflict of sampling

period requirernents descnibed above is the identification of multi-

layered structures whene each layer tns a different rrimpedartcer"

i.e. layens of the earthrs crust. In such sitrrations, where shont

dunation excitations ar€ difficult to prrrduce, Iarge sanpJ-ing peri-

ods are necessary for the excitation to appear white. Howeven, Írt

the genenal practical situation, the propagation tirnes between lay-

ers ane unequal, ald so a snn-l-f sampling perì-od is necessary to iden-

tify the layen botpdaries. Thus, a conflict of sampling period re-

quirenents a¡rd a practical application for the arnlysis processes

defined j¡ tfre previous section occuns.

The second app]-ication area for the special- acoustic tube

shape necovery procedr.:res developed i¡ the pnevious section is to

sitrrations where both the fonnrd and bac]'¡¿ar"d Úavelli¡g waveforrns

at the terrni¡ation of the acoustic tubes are available. In such

situations, the speciaL acoustic tube cniter:ion ca¡r be fonced to
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to be satisfied by the addition of an extension'bube (physically

or via simul-ations) r¡h-ich has a constant crÐss-sectional- alrea over

its full length. For the ortension acoustic tube to satisfy the

special acoustic tube. orite::ion, its length rmst be at least 2Nlc

v¡Trene tlre dwation of the excitation is NT (see Equation 3.30 and

BOOüER and DAVIS [1983]).

In tl¡e sitr:ations where an exte¡sion tube is used, the auto-

comelation fi:r¡ction of the output r,nveforrn from the extension

tube, R(j), fon 1 frcm zero to (N-1) is the autocorrel-ation fünc-

tion of thre excitation (see Section 3.4). Hence, a deconvol-ution

of tlre autocorrelation fi¡nction of the excitation, R(i), for i fr'om

zero to (ñ-1) from the autocorrelation ftnction R(j) fon al-l i prrc-

duces the autocorrelation function of the ìmpulse nesponse of the

origìna1 acoustic tubes plus the ex[ension tubes. A li¡rea]r Pre-

diction following the deconvolution then recovers the oniginal

acousti-c tube shaPe

The deconvol-ution process described a-bove requires the exten-

si.on tube to be lossfess if the autocort'elation function of the

impulse response of the oniginal acoustic tubes plus the extension

tube is to be recovered. If the excitation of the original acous-

tic tubes hns a long du:ration, then a long exbension tube is ne-

quined. In practice, a long acoustic tube has a significant loss

over its lerrgth, ard so significant errors rËty occur j¡r the re-

covetîy of the onigil,aì- acoustic tube shape due to the losses i¡

the extension tube. However, in nost practical situations, the

prrrpenties of a¡ extension acoustic tube can be measr:¡ed and,

hence, losses and othe¡r non-ideal- pnoperties corrected for.
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The sna-Il decay constant of a long extension acoustic tr:be

causes prcrblerns with acct¡rate calculation of the autocomelation

ñ.urction, R(j), of the output vaveform, i.e. the addition of an

ertension tube i¡cneases the effective length of the output t¡Eve-

form. Ttris irnplies that the oniginal acoustic tubes must not be

re-o(cited until zufficient output vaveform fuom the extension

acoustic tr:be tras been obsæved to accurately cal-cul-ate the ne-

quired autocomelation firr¡ction. Tt¡-is is not the case fon voiced

Speech and, therefore, the above procedr:re cannot be used to ne-

coveùr vocal tract shapes.

Accr¡rate acoustic tube shape recovery has been sholm, in

Section 3.4, to be possi-ble if the special acoustic tube critenion

is satisfied at the terrnination of the oniginal acoustic tubes.

If both the forn.ard and baclq^ranl tnavell-j¡g waveforrns at the ter-

rni¡ation of the origìna1 acoustic tubes are ]oov¡rr, then a¡ exten-

sion acoustic tube can be added to ensr:re tlnt the special acoustic

tube criterion is satisfied at the terrnination of the extension

acoustic tube. The acctracy of the recover:ed acoustic tr:be Shnpe

with the addition of an extension tr¡be a¡rd a deconvolution depends

on the pnoperties of the extension acoustic fub, which ideally is

l-ossless, and the dr-r'ation of the ouþut acoustic waveforrn before

the oniginaf acoustic tubes alle re-excited.
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3.6 CONCLUDING COMMENTS

Ttre research presented in this chapter i¡vestigated the ef-

fects of non-white excitation on tÏ¡e acoustic tube shape recoverred

by linean pnediction. As a nesult of these Ínvestigations a des-

cription, i¡ terms of the autocorz'el-ation function, r¿as obtai¡red

fon the l-j¡rear prediction process. Using the ]anowl-edge of the

rrEtnner i¡r which a lj¡ear prediction is penforrned permits an u¡der-

standing of scx.ne of the effects of non-white excitatj-on on the

acoustic tube shnpe necovened by a l-i¡ear prediction.

Ttre understanding of the effects of non-white excitation on a

recovered acoustic tube shape perrnit-ted the nelaxation of the white

excitation :requirement of l-i¡ea:r pnediction provided a restriction

is pJ-aced on the origìrnl acoustic tube shape. This nestniction

is defined by the special- acoustic tube cnitenion (Equation 3'30),

and the acoustic tr:bes satisfying this criterion are caffed special-

acoustic tubes. TVÐ analysis processes l^/ere presented which re-

covetî special acoustic tr:be shapes, with the clroice of which pro-

cedur.e slrould be used in a particul-ar situation depending on the

extent and where the special- acoustic tube criterion is satisfied.

In general, the special acoustic tube cniterion is very re-

súictive and, the:refore, special aocustic tube shapes are the ex-

ceptions rather thnn the rul-e in practical situations' Therefore,

the pr:actical applications of the special aocustic tube shape re-

covery procedr:res developed i¡r this clnpter alre lirnited. ihfortun-

ately, the speciaf acoustic tubes do not occur in the acoustic tube

ncdel of the vocal tract and, hence, the research presented j¡r this

cLnpter is not directly applicable to speech analysis. Howevet',

the understanding of the l-inear prediction process, a najor speech
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arnlysis tool, fr.crn an atuoconrelation firnction Point of view is a

significant conþibution.

One application a::ea for the specie'l acoustic tr:be slnpe ne-

covery procedr.rres is to the prrcblern of incornect sampling of the

ouþut ¡,,aveforrn of non-cor¡rnensr¡nate acoustic tubes or, in pnactice,

gerrerat multilayened media wheu:e disti¡ct bor:nda:ries occur between

each layer. Tt v,as sho¡nn that large elar-'rc:ns i¡r acoustic tube shape

(or mrltilayer trimpedancestt) occtn: when the sampling period is not

a cq[flrþn facton of the propa.gation times withi¡r the non-conrnensurate

acoustic tubes (on multji-ayered media). The analysis procedures de-

veloped j¡ this chnpter permit the necovery of the non-conmensurate

acoustic tubes (o:: rn:l-titayened media) when the special acoustic

tube criterion is satisfied.

Ttre majon contrj-bution of thr-is chrapte¡r to speeeh analysis is

the r.rndenstaading of the rrurnner i¡r which linea¡ predictive analysis

uses an autocoryelation function to iderrtify conmensurate acoustic

tubes. Anothen contnibution is the unde¡rstanding of the rnanner i¡r

which a¡ acoustic tube slnpe recovqred by linear prediction is af-

fected by cerrbain non-wh-ite excitations.
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CIjAPTER 4

GLOTTAL PULSE EXCITATION OF ACOUSTIC TUBES

4.1 INTRODUCTION

Itre i¡lvestigations perforrned in Chapter 3 were for genenal

positive non-white excitations of the acoustic tube npdeI, i.e.

the excitation Ìras a¡l arbitrary positive stnpe and no j¡forrnation

is }rrov¡n about the excitation at the time of analysis. Tn con-

fuast, tlrere does exist some lcrowledge of the excitation waveforrn

when anal-ysi¡g voiced speech sounds. This clnpter j¡rvestigates

the possibility of using this a pniori Ìcrowledge of the voiced

sor:nds t excitation to reduce the effects of the non-wht-ite excita-

tion on the recovered acoustic tube shape.

For voiced sounds, the gJ-ottal excitation waveform Ìas a

pulse shape and fnequency spectrun sj-rnilar to those shovn-l in

Figr:re 4.1. Si¡ce tlre fuequency spectrum of the glottaJ- pulse

is non-white, conventional ljnear pnedictive analysis procedtres

ca¡not r€covell the vocal tract Shape accunately. However, nost

glottal pulse shapes do not differ greatly f:rom that sh¡wn in

Figr:re 4.1, and so ther€ exists some a priori lnowledge of the

excitation at the tjme of analysis. Some presently avail-a.bLe

speech arnlysis techniques use tlds a priori lrrowledge of the

glottal- pulse excitation to ì.mprove the accunacy of the recovered

vocaf tract shaPe.
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The first method used by speech researchsrs to renpve the ef-

fects of glotLal pulse excitation from the necove::ed acoustic tube

Slgpe hras a constant dB per octave pre-emphasis of the, speech wave-

forrn. This tSrpe of pne-emplnsis has been discussed i¡r Section 1.4,

with a +12 dBpen octave pre-enphasis being added to the speech spec-

tr".m i¡ an attempt to nenpve glottal pulse excitation effects from

the recovered acoustic tube shrape. Recently, a ntmber of research-

ers have disputed the effectiveness of this pre-emphasis and SONDFII

[fgZS] tns shrov¡n that the recovered anea function is highly depen-

dent on the anrourrt of pne-emphasis applied. This is contnadictory

to the conr¡ents of MARKEL ar¡d GRAY ([1976]' p. 81) but is supported

by the e>çerimental r^¡onk of HTIGEBRETSON and VfrlUlA [f SZ+¡.

A study of g1ofral pulse excitation spectra by MONSilJ and

ENGEBRETSON [1977] s]rowed t]nt a conceptual-ization of the slope

of the glottaJ- pulse spectrum i¡ terms of a single dB per octave

is i¡¡¡eal-istic. Threir expenimentaÌ r¿ork showed a variation between

-I2 dB and -18 dB per octave i¡ the glotta] pulse spectral slope.

This variation is suppoyted by the i¡onk of CARR and TRILL [f0O+1

and Ìr{IIJFR [1959] who fou¡rd a variation of between -B dB and -17

dB per octave. MONSEN and HrIffiBRETSON concl-uded tÌìat, ín al-l cases

observed, the spectral slope differs in steepness from octave to

octavp, and the spectrurn changes over time j¡ diffenent ways, de-

pending upon the linguistic content. A ntnrber of gl-oltal puJ-ses

and thejr spectra are shor^rn in Figr:re 4. 2 to il-l-ustrate these

poìnts.

rn an attempt to overcome the variability of the gJ-ottal

pusle spectral s1ope, GRAY a¡rd I4ARKEL [1974] and ]',ÍAKFIOUL a¡rd

VISI/\ÌAIIATHAII [fgZ+] developed a¡ adaptive pre-emphasis fil-ter'
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Ihe adaptive pre-emplrasis filter was not only intended to account

for glol;!a] pulse spectnal slope, but othen non-idea vocal tract

properlies such as lip nadiation arçj losses' a]so. Hence, the ef-

fectiveness of their adaptive Pr€-emPhasis fil-ter to account fon

glottal pulse spectral slope variation ca¡not be deterrni¡ed fnrm

their i,prk. A study of the usefufness of the adaptive pre-emph'asis

to accourrt for glotral pulse spectnal SloPes is presented l-ater i¡r

th-is chepter.

Anothen adaptive pne-ernphrasis filter has been developed by

IIAI(AIII4A et al [1974] to account for gloltaL excitation and radi-

ation effects. The pre-emphasis fil-ter is based on a second a¡rd

third orden critical damping fil-ter (a constraj¡ed auto-regressive

npdel). Ttre exact values of the fjl-ter eoefficients are deterrniled

at the time of analysis by solving t\df, polynomials of order tÏ¡ree

a¡d five. Th-is causes problems with real- tinre applications wldeh

are discussed l-ater i¡ this clnpter. A complete discussion of the

form and procedu:res required to use this adaptive pre-emphrasis fil--

ter is pnesented j¡r Section 4.3.

Another technique which has been used to overcome the problems

of glo1ta1 pulse excitation is to analyse the voiced sou:-rd when the

glottis is closed. Drìng the closed gloltis interval, excitation

of the vocal tract mey cease, at which time the vocaf tnact spec-

tnrn is not bei:rg nx¡dified by the glottal excitation spectn-im.

Hence, accurate vocal- tract shape r€covery is possible, in prin-

ciple, by analysis in the cl-osed glottis i¡rterval. The concept

of arnlysis j¡ the cl-osed gì-oltis i¡terval- r,.as fjrst presented

by yAf"fEI^lS, MILLER a¡rd DAVID ltgGtl a¡r¿, si¡rce then, has been

a popular analysis techrnique
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There ane a nr¡riber of disadvantages with closed glotris in-

te¡vaL analysis; with tlre obvious one bei¡tg the difficulty of ne'k-

ing an accurate detennilation of tlnt i¡terval. Difficul-ties a-l-so

arise for h-igþ pitch sounds, wher:e the closed gJ-ottis i¡rterval- is

9.16l-] , and So accr¡nate Cova:r'iances or autocorrelations cannot be

found. For weaJc1-y voiced sotnds, the vocal fol-ds do not close com-

pletely, due to a l-ack of pr^essr:re reduction i¡r the glottis to cause

voca-l- fol-d closr:re. ROSENBERG [1971] concluded ttrat vocal- fol-d cl-o-

sr:re d.oes not occr:r as a generaL n-rl-e, and so significa¡t nurnbers of

voiced sor-rnds cannot be arralysed by cl-osed glottis inter-val- analysis.

TTre above discussion of the techrniques presently used to oven-

conre the presence of glottal pulse excitation jl the speech \^/ave-

form suggests that signifieant errÐrs are i¡tnoduced by the gl-ottal

pul-se excitation. Section 4.2 j¡rvestigates the effects of glottal

pulse excitation on acoustic tube shapes recovered by conventional-

]inear pnedictive procedures, and establishes the impo:rtance of

correcti¡tg for. glottal pulse excitation effects on acoustic tube

shape r€covery.

Once the effects of gJ-ottal pulse excitation have been deter-

r,ri¡ed, the effectiveness of the available pre-emphnsis techniques

is determined in Section 4.3. The potential- of the cl-osed gtottis

i¡terval- arnlysis is al-so presented i¡ Section 4.3, with an i¡dica-

tion of the errors produced when the i¡rterval is ilcorrrectly iden-

tified. Therefore, Section 4.3 provides a comparison of avail-abl-e

tech¡riques for renoving gJ-ottal pulse effects from the speech \^/ave-

form and deternrines if improvements are necessary for accurate acous-

tic tube slnpe r€covery.
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A new adaptive pare-ernphasis filten is developed in section

4.4, and its design includes the strengths of the available pre-

emphasis filters, as discovened i¡ section 4.3. Ttrus, the new

pre-emplnsis filter rretaj¡rs the effective featr:res of available

p,e-emphasis fil,tens ard alternpts to over:come thej-n deficiencies.

In the design of the new adaptive pne-ernphasis filten, only glot-

tal pulse o<citation effects are considered, trnlike others which

also afrempt to nemove 1ip radiation effects'

4.2 EFFECTS OF GLOTTAL PULSE EXCITATION

Accr¡rate recovery of acoustic tube shapes from a time vaveform

by a conve¡tional li¡ea:: predictive arnlysis procedr:re requires an

excitation which is white, i.e. hras a flat spectn'Ûn. For voiced

speech, the excitation of the vocal tract is by puÌses of air at

the glottis which have a non-wh-ite spectnnn' as shou¡n in the pre-

vious section. Therefore' errolfs are expected i¡ the necovered

vocal- tnact slrape for a conventional linear predictive analysis

of voiced speeeh. This section i¡vestigates the errors that oc-

cur jrr acoustic tube shrape recovery when a conventionaf l-inear

predictive arnlysis is used to recover ideal- acoustic tubes ex-

cited by glottal pulse rnnveforrns.

The analysis procedr:re used in this section is nestnicted to

the autocorrleation formu-l-ation of linean prediction. If the en-

rons jl acoustic tube slnpe recovery due to glottal- Pul-Se excita-

tion a:re to be deter^rni¡red, then no othe:: non-ideal- effects, such

as l-osses and 1ip radiation, shouJ-d be pnesent to cloud the r"e-

sults. Hence, real speech ¡n¡aveforms ca¡not be used, and so al-l
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the data arnlysed i¡ th,is section is synthetic. The nain advartage

of synthetic data is tlnt the onigirnl acoustic tr:be strape and glot-

ta1 pulse structr:re is }rrown; therefone, accurate comlx:risons of

ana-lysis results ca¡r be made. Itre genenation of s¡fnthetic data

f-:rcm ideal fossless acoustic tubes is presented j¡r Appendix B,

and no 1ip nadiation effects are present' so the terrnilation lre-

fl-ection coefficierrt: ltg: is unity.

Fo:r the resul-ts of this section to be applicable to voiced

speech, the glo1ta1 pulse and acoustic tube slnpes used to gener-

ate s5rnthetic data rrust be as close as possibl-e to ttrose occr.rrrring

in neal-ity. Therefone, the fi-rst glottal pulse considered is de-

rived fi:om a gloüal pulsemeasr:redby SONDII [1975] that occurred

dr:ring norrnal- pþorntion of a vowef . The neal- gloltat putse is

plotted in Figr.::re 4.3, along with its fnequency spectrum. Ttre

procedure for deterrni¡ring this glottal pulse shape is by j¡rverse

filtering of the speech waveform I]trLLER 1959, LINDQVIST 1965'

ROSn{BERG 1973, SLINDBERGand GAL.TTFIN 1978, FANT 1979' 19801. Five

acoustic tube shapes ar€ used for generatilg the s¡rnthetic I^/ave-

forms, and these slnpes approxìnate tl're vocal- tnact shapes for five

Russia¡ vowefs, l-1, l"l, lil, l"l and lul, as measured with X-ray

photography by FAIJT [1960] (see þpendix C) '

The results, i¡ the forrn of area distances, for a Parcor ana-

lysis of the synthetic data produced by the excitation of five acous-

tic tube shapes approxirnating the Russian vowefs l-1, ltl, lil, l"l

and l"l wjth the real glottal puÌse shape are for:nd in Tabl-e 4.1.

The recovered a¡rd ori-ginal acoustic tube shapes for the vowels with

the largest and snal-lest area distances j¡r Tabl-e 4.1 are plo1-ted in

Fig.rre 4 .4. Exardnation of Figure 4 .4 reveaf s l ittle similarity be-
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TABLE \.1:

l_7 0

Area distances for a parcor linear predictive analysis
of synthetic speech for five vovels generated. with
the real gJ-ottal Pulse waveform.

VOI,IEL AREA DISTANCES

/al 27.87

/e/ 3. l{8

/i/ 13.33

/o/ 25.38

/u/ 162.9'
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tr,æen the oniginal and necove¡red acoustic tube shapes. Tlerefone,

i¡ this case, the glottal pulse excitation causes gross errons i¡t

acoustic tube shape necover5/ by an autocorrelation l-i¡ear pnedic-

tive analysis procedune.

A complete study of the effects of gloltal- excitation on re-

covered acoustic tr:be shapes requi:res an i¡vestigation for the

large nange of glottal slnpes and spectral sJ-opes that occur j¡

reality. Thris study is achieved more effectivefy by usìng the

glottal pulse ncdels developed by a mlnben of resea¡chens InQSflr]-

BERG 1971, FAIII 19791, due to the ease with wh.ich the glottal

prlse shape ard spectral slope can be control-l-ed-

The studies of glottal pulse npdels nrade by ROSH.IBERG [1971]

were performed blith six gJ-otta1 pulse models based on eithen tri-

angula:r, trapezoidal, poJ-5rnomial or trigonometnic functions. To

determine which nrodel was the best nodel of real glottal- pulses,

subjective testing was perforrned on s¡rnthetic speech excited by

the six different gloLtal- pulse models. Resul-ts of the subjective

eva-l-uations, earried out by means of A-B comparison tests, showed

that the polynornial- derived gloltat pulse was a good perceptuaJ-

replacement for real glottal pulses. I¡Ihen used i¡rsentences' the

preference scone was greater tln¡r real- speech, while in CVC sy]-

labl-es, its pneference scor€ was ne:rginally less than real speech.

Therefore, usìlg the polynomial- glottal pulse nrodel- of ROSEItrBERG

provides glottal pulse vnveforrns which produce perceptually sirn-ilar

resu.l-ts to neal glottal pulse waveforms.

The ROSENBERG polynonial glo1-tal- pulse model- defi¡res the

gJ-ottal pulse by a nisíng branch
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Us(f) = À o<¿<ïp

ard a falling bnanch

uo(¿) = ^F 
- [*, J',]

T <¿<T +Tpp ().2)
N

whe¡r'e T.^ is the period drnri:rg which the pulse has a positive slope,
p

ard TN is the period dr.oring which the pu-l-se has a negative slope.

Ttre pitch period is denoted as T by RoSENBERG, and the pa:rameters

of tte polynønial pu]-se a:re then T p/T , TNlf and À. The pa:rameten

À is a sca-l-e facton and, since a sca]i¡g does not affect a l-i¡ear

pnedictive ana-lysis, À is set equaÌ to unity'

Thre subjective testing performed by ROSHrIBERG on the glottal

pulse ncdels deterrni¡red the best range of the pa.rametersT 
O/T 

arñ

T f/T to nnximise the pereeptual sjmil-arities betr^æen synthetic and

real glottal pulses. It was found that the¡re exists a fainly large

tol-erance for diffe:rent ccrnbi¡rations of the glottal pulse para-

meters. However:, very snel-l- opening ard closi¡g times, or opening

tjmes less tln¡ or approxfuatety equal to c]osi¡g times were not

preferrred. The subjective testing found ijnat Tp/T = 0.40 and frlT=

0.16 provided the best pæceptual resul-ts with (TolT, TN/T) equal-

to (.33, .09) and (.33, .19) al-so providing good results.

In order to present nesufts which can be compared with those

for the real glottal pulse already considened (i.e. Table 4'1 a¡d

Figure 4.3) the pitch period, T, of the ROSStrBERG pol-ynonial pulse

ncdel- is chosen to be the same as that for the neal glottal pulse,

i.e. T= B msec. Using this vaLue of T and the above thrree sets of

(4 .1)
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values for the parameters Tr/T and TrlT' tlnree gIofral pulse ûave-

forrns ane generated a¡rd displayed in Figr-ure 4.5. The frequency

Spectra fon tlrese ttree glottal Pulses are plresented i¡ Figr:re

4.6

E<citing the five acoustic tube shapes v'thich approxirnate the

five Rr:ssia¡r vor^¡els of FAhII [fS6O] (see Apperrdix C) by the glottal

pulse shapes presented in figfrre 4.5 and then penforrning a Parcon

anal-ysis on the resu.l-ta¡rt s¡rnthetic speech data pncduces the area

dista¡rces for:nd i¡r Tabl-e 4. 2. Compa:rison of Tables 4.1 and 4.2

shows sj¡niIar area distances fon each vowel, and so the gJ-ofral

pulses denived by ROSENBERG's polynornial pulse model- a:re good sub-

stitutes for real- glottal pulses. The slmilarity of anea distances

i¡ Tabl-es 4.1 arrl 4.2 also shows that poon acoustic tube shnpe ne-

covelîy Still occuns when s5rnthetic gJ-ot taÌ pulse excitation is pne-

sent

Ttre necovered and oniginal acoustic tube shnpes for the la:r-

gest and snall-est a:rea distance in Tabl-e 4.2 ane plotted in Figu:re

4.7. The recovered acoustic tube shapes in Figr:re 4.7 have very

little si-rn-il-arity to the original ' as \^7aS the case for the nea-l-

glottal pulse excitation in Figru'e 4.4. Hence, the nesul-ts pre-

sented so far i¡dicate that gross err'<¡ns i¡ acoustic tube slnpe

l?ecovery, by an autocornelation l-jnear predictive a¡alysis' occtln

when glo1fal pulse excitation is present.

Another gtottal pulse nrodel- v¡hich provides diffe:rent valria-

tions of glottal- pulse shape and spectral slope from the ROSH{BERG

polynonial glottal pulse model- is one derived by FAlrl'I [1979]. The

FAIÍI glottal pulse model_ has a rising branch defined by
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0<Í<r (4.3)
p

a¡rd a falling trench defined bY

where

U6(t) = À to*t*tr*r, (4.4)-K+
T Ip

(4. s)

oll

1
(= (4.6)

rT
N1-cos

T

Ttre parameten À is a sca-l-e factor and is chosen as unity, si¡rce a

scali¡1g does not affect the resul-ts of an autocorrelation Ii¡rear

predictive arnlysis. The FAlrlT glottal pulse nrodel- has three para-

meters, i.e. Tp, TNa¡dK, but any one can be deterrnined from the

other two; therefore, only the parametens To and K are used to

completely define the glottal pulse shape tlrrouglrout this thesis '

The range of pa:rameters To and K of the FAITIT glottal pulse

model is clpsen to be consistent \^lith the preferences found by

the subjective testing of ROSENBERG [1971]. l''lhile this does not

guanantee acceptable sSrnthetic speech when usi¡rg the FAIIT glottal

pulse model, it keeps the shape of the pulses si¡nil-ar to neal glot-

ta1 pulses. ROSENBERG dete¡rrnined that acceptable pul-se dr.¡rations

a:re between 30eo arid 100% of the pitch period, and opening to clos-

p
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fu€ tjme ratios should be at Least 1.5 and not greater thran 6.0.

Equation 4. 6 transl-ates these requi¡enelts into a rrestriction on

the range of K to lie within 0.67 to 9.0. ltre nesbniction on the

range of Tor,es deterrnj¡red by ROSH{BERG to be at l-east 18eo, but

not mor:e than 60eo of tlre pitch peniod, i.e. Tr/T restricted to

range between .18 and .60.

To deterrnj¡e the effects of gloital pulse excítation with the

glottal pu.l-se defi¡red by the FAlrlT nrodel, two values of Tr/T, rnmely

0.40 and 0.60, are used with the pitch period the same as befone,

i.e. T= B msec, The parameten K tal<es on the values 0.67' 1.0,

3.0 and 9.0 to provide a spnead over the preferred nange of K.

Fi4u.e 4.8 pnesents plots of the glottal pulses derived from the

FANT npdel fo:: the above values of TO/T and K, and the fnequency

spectra for each glottal pulse is presented in Figure 4.9.

observation of the pulse shnpes produced by ROSiltBERGrs poJ-y-

nonrial- glottal pulse model- in Figr:re 4.5 and those by FAItrTrs gJ'ot-

tal pulse npdeÌ in Figlu'e 4. B shows a significarrt dj-fference i¡t

pulse shapes. For the ROSHTIBERG glottal pulses in Figr.rre 4. 5,

the ove:rall slnpe does not clnnge dranntically, while the pulse

dr¡ration does. This contrasts with the marked clenge in pulse

shrape a¡rd rel-atively snal-l- pulse dr:¡ation clenges for the FAI'XI

gÌottaÌ pulses of Figr-rre 4. B. Hence, the two gl-ottal pulse nrodels

present differe¡rt aspects of gloi:|at pulse variations, and are not

duplicating the r"esu-lts of ,each other'

The FANI glottal pulses shror^rn in Figire 4. B are used to gen-

erate sSrnthetic speech by exciting the same acoustic tube stnpes

approxinnting five Russian ïocal- tract shapes, as detaiì-ed in Ap-



Ë
taJ
Ì
c

I .O¡

o.To

{o

o .to

o.ro

o.ao

¡.to

l_81

(")

(¡)

0

K=0.67

t

3flftrs

t<=0.67

sâlptEr

Gl-ottal- pulse waveforms generated. from the fant glottal-
pulse model- for various values of parameter K ancl
(") ro/T = o.\ and (¡) rr/t = o.6.

K=1K=3K=9

I{=?

FIGURE I+ . B:



ri-9

^ 0.18
l
o

b¡
o
e
H
z
u
g -2.48

J +0t

-s.4J

0.00

J

-5.43

0.0{

IB2

(a)

(¡)

K=3

K=1

.67

1 .50

0 .16

3.00

0 .'t2

4.50

^ ll.{8
ü
o

ut
of
F
H.
z
U

E -2.48

f (hllz)

K=9

K=3

K=1

l<=.67

3.08

106 { (htlz)

(a) l,inear ancl (¡) togarithnic spectra for glotta-l pulse
waveforms generated. from the fant glottal pulse model-

for various values of parameter K and To/T = O'\'
FIGURE I+. P:



¡
o

l¡l
of
F
t{
z
u
$

r.16

-t.50

6

D.5

3 E+0t

-{.16

0.00

J

-{ .16

0.02

t .50

0.r0

l_83

(")

(a)

J.00

0.5{

tr=9

(=
K=1

4 .50

f (hllz)

K=0.67

K=9

K=3

K=1

x=0. 6T

E
o

l¡l
o
a
l-
l{
t
u
c
E t

2.Ð'l

L0t { (hHz)

(c) linear and (¿) toearitt¡mic spectra for glottal- pulse
waveforms generated. from the fant gtottal puÌse mod'eI

for various vafues of parameter K at to/t = O'6'

FIGURE )+.9:



l_84

perdices B and C. Arnl-ysis of ttÉs synthetic speech by a Parcon

arnlysis produces the a:rea dista¡rces pnesented il Tabl-e 4.3. The

:¡ecovened and oniginal acoustic tube stapes fon the largest and

smallest area disLances j¡ TabLe 4.3 are ptotted i:r Figure 4.10.

cornparison of Tabl-e 4. 3 v,,ith Tables 4 .1 arld 4. 2 slpws thrat

similar area distance values occun fon each particular vowef.

Ttris j¡dicates ttnt poon acoustic tribe slrape necovery still- oc-

cr:rs for- excitation by glottal- pulses generated fn¡m the FAltlT

glottal pulse nodel-. E:<ami¡ation of the acoustic tube slrapes

in Figr-re 4.10 venifies that thene exists veny liltIe sirnilarity

between the recove¡red and onigÌna1 acoustic tube slnpes. These

::ezufts are consistent with the gross errors j¡l acoustic tube

slape recovery observed for excitations by the ROSH{BERG glol;tal

polynornial pulse nrodel arrd neal glottal puJ-se'

Tabl_e 4.3 shpws a trend of decreasing area dista¡ces (i.e.

ìmproved acoustic tube shape recovery) for increasilg vafues of

K for a parLicular vowel, wh-ich is also observed j:r Table 4.2 for

decreasj¡g values of Tr/T ônd TNIT. Study of the frequency spectra

for the FA}JT and ROSENBERG glottal pulses ìn Figure 4.9 and 4 ' 6,

respectively, shows tÌ¡at the spectraÌ slope of the glottal pulses

decreases for j¡roreasing K ano decreasi¡re TO/T and TNIT. Ttere-

fone, tlre rnagnitude of the errors for acoustic tube shape recovery

depend on the spectral- slope of the glottal- pulse used as an exci-

tation, i.e. better acoustic tube slnpe recovery occurs for 5.naller

gJ-ottal pulse spectraÌ slope. This suggests that improved acoustic

tube shrape recovery is realised by renoving from the speech vlave-

form the spectral slope tlet is added by the glottal puJ-se excita-

tion
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TABLE l¡.3: Area distances for a parcor linear pred.ictive analysis of synthetic
speech for five vol¡els generated. vith glottal pulses from the fant
gJ-ottal Pul se mod eI .
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lhe nesults presented in this section lead to the concfusion

that gross errot?S j¡r acoustic tube Stepe llecovery a:re rnade by auto-

ccnæelation li¡ea:r predictive procedu:res whe¡r analysing acoustic

vaveforms fuom acoustic tubes excited by gloftal pulse t¡pe vave-

forms. Thre rqgnitude of the er=orsi¡racoustic tube strape l?ecoveny

ane so Ia:rge tlnt little similarity occws between the recovened

and onigirnl acoustic tube shapes. The nagnitude of the errors

is dependent on the spectnal slope of the glotral pu1se, a¡d the

:results ppesented j¡r this section indicate tlnt imprr:ved acoustic

tube slape r€coverS¡ is achieved by nenpval of the g]o1ta] pulse

spectt?af slope from the acoustic vaveforrn. TTris section Ïas shov¡n

tlnt tlrere exists a need fon a procedrre on method which can ac-

count for glottal pulse excitation if accurate acoustic tube shrape

r?ecoverîy is to be achieved.

3 EFFECTIVENESS OF CONVENTIONAL MEANS TO OVERCOME GLOTTAL PULSE

EXCITATION

The g1o1ta1 puÌse excitation of voiced speech Ïns been studied

by nnny researchens, and resufted j¡r the shape and spectral varia-

tions of the glottal pul-se excitation being wefl documented. There-

fore, at tlre tjme of alalysis, there does exist some a priori l'rrow-

ledge of the glottal puJ-se excitation. ft has been shovrn in the

previous section that the glot-tal pulse excitation causes gross

errors i¡ acoustic tube shape necovelly and, in the past, research-

ens have exploited the a pniori Ìcrrowledge of the glottal pulse ex-

citation to improve acoustic tube shape recovery. Qne of the pno-

cedr:¡es tlnt hns been used is pre-emphnsis, and this section eval-u-

ates the effectiveness of pne-emphasis teclrriques to produce ac-

4
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eurete acoustic tube shape llecovery when glot:tal pulse excitation

is present.

Another method thrat tns bee¡r used to overcome glottal pulse

excitation effects is to pæforrn the ana-1ysis dr-u'ing the closed

gtottis interval. Duning the pnocess of vocal cord vibration,

a period nay exist when air flow j¡to the vocal tract is stopped

by closr:re of tlre vocal folds. This peniod is nefer¡red to as the

closed glottis i¡rterval, ard arnlysis of speech during the closed

glottis i¡terva-l- has been sho\,fn to pnovide accr:::ate acoustic tube

shape recoverS/ of the vocal tract IPINSoN 1963' STEIGIJTZ and

DICICNSON 7977, ROGERS 1974, MARKEL and GRAY 19761. Historical--

Iy, the closed glottis i¡tervaL anlaysis concept was i¡troduced

by MILLER et a-l- [1961].

Despite tlre obvious adva¡tages of closed glottis interval-

analysis, there does not exist a satisfactory method for^ deternü¡r-

j¡i¡rg that i¡terval from the speech vaveform. Direct exlraction

of glottal vavefor'¡ns a¡d, hence, the deterrn-ination of the cl-osed

glottis i¡rterval-, Ïns been considered by HOLMES [1976], but shoutn

to be computationally tedious and to p¡oduce many anrbiguities'

The difficulty with deterrnini¡g the cl-osed glottis j¡terva-l- l-ed

to the forrrul-ation of enpirical- nul-es [negrNER et a1, 1976], ht

did not ppovide a rel-iab1e process fon fj¡di¡g the j¡rtenval.

Reasonabl-e success has been had by usirrg the largest val-ue of

the l-j¡ear pr"ediction nesidual (or errolr signal-) to i¡rdicate the

start of the closed gloftis j¡terval-. Improvements on this basic

concept have been rnade by STRUBE [1974], who modified a measure

for U¡rea¡ predictabilit\y proposed by SOBATCIN [1972]. STRllBErs
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prÐcedure Ïras been found to deterrni¡e the closed glottis interval-

reliably, but is computationalJ-y complex, and so is only suitable

fo:r special j¡vestigations. A less ccrnputationally dennndiog pr"¡-

cedune, ht with similan reliability, has been produced by AI'IANITFIA-

PAD{ANABHA et aL [fgZS, Ig77, 1979]. The procedure applies epoch

fil-ten theory to the l-i¡ear prediction residual-' and Ïns sufficient

resolution to ide¡rtify multiple pulse excitations within a single

pitch peniod.

Apa:rt from the probtem of correctly identifying the cl-osed

gloltis i¡rterval, others exist which nestrict the genenal appliea-

tion of closed glottis jrterval- analysis to aIÌ types of voiced

sounds. The cl-osed glottis j¡terval- is genenally sho¡t, and so

covariance rathrer than autocoruefation analyses must be used'

As discussed i¡ Chapten 2, thene exist scrne disti¡ct disadvan-

tages with cova-ni¿nce analyses. Even when a covanriance analysis

is used, sufficient data must be avail-able to provide accr:rate co-

variances, artd so closed glottis jnterval analysis is restricted

to rel-atively 1ow pitcn voiced sounds.

Another probl-em is that vocal- fold cl-osure Í]ay not occur if

insufficient vocal effort is used and, hence, the vocal- tract is

always excited during the production of thnt sound' Ttre research

of ROSENBERG [1971] fed him to concfude that voca-l fo]d cl-osure

does not everi occur as a general- rule. MARIGL and GRAY [fSZ6]

state thnt the success of cl-osed glottis i¡terval anal-ysis is

strongly dependent upon the speaker, utterartce and speaki¡g con-

ditions. Speakers or sounds with a low pitch tend to ensure gJ-ot-

tis cl-osure for a sufficiently J-ong period of time and, therefore,
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produce the best resul-ts. Conditions of high pitch (e.9. eromen

ard chil-d speaJ<ers) or low vocal effort l-ead to r:¡neliabl-e results.

An j¡dication of the effectiveness of a closed glottis i¡rter'-

val a¡alysis on acoustic tube shape r€coverS/ is obtai¡ed by con-

sidering sSznthetic data fon the vowel- l" I . A single real glottal

pulse slnpe is used to excite a set of el-even cormensunate acoustic

tubes approxírnating the vocal- ùract shape for the Russia¡r vowel- ltl
(see Appendices B and C). Figu:re 4.11 pnesents the :recovered and

original acoustic tube shapes for a covarj¿¡ce analysis (using COVAR

ten¿v arrd MARKEL, 1979]) of the s¡rnthetic data dtg.jng the c].osed

gl-ottis j¡tæval- and with various portions of the gJ-ottis pulse

i¡cluded in the cova¡j¿nce arnlysis.

I,rjhen no portion of the gtofraJ- pulse is i¡rcl-uded j¡r the ana-

Iysis, therr accurate acoustic tube shape recovelly is obsenved

(Figure a.[(a)). However, Figwe 4.11 shows t]rat large errÐrs

occur when 5'rall pontions of the glottis r¿aveform are present dur-

ing the analysis ceriod. If a significant portion of the gJ-ottis

puÌse is i¡rcl-uded in the analysis, then the recovered acoustic

tube shape ney have no rese¡rbfance to the original-. Hence, it

carr be concl-uded tlnt the effectiveness of closed gJ-ottis jnter-

val analysis is hrghly dependent on the accuracy with vd:iich the

interval is determj¡red, and the existence of a sufficiently long

closed gloüis j¡rterval-.

In contrast to cl-osed glottis j¡rterval- analysis, which fjnds

a region where the glottal pulse ca¡ be ignored, pre-emphrasis

techrriques attempt to filter out the glottal pul-se frr¡m the speech

waveform. The availabte pre-emphrasis techniques generally attempt
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to rre¡pve glottal pulse ard Iip nadiation effects simu-l-ta¡reous1y,

h:t this section only considers the effectiveness of the pne-

emphasis techrniques to ::e.rpve glot;taÌ pul-se effects. I,rlhere pos-

sible, only tlnt pa:r't of the pne-emphasis technique which deals

with glottal pulse effects is considered.

lfhen deterrni¡ring the effectiveness of pr.e-emplrasis tech¡niques

to r:snove gloüal pu-l-se excitation, it is necessalry that lip radi-

ation, Losses and other non-ideal- Ii¡ear prediction speech nrodel-

properties do not cl-oud the resul-ts. Hence, d1 the speech data

used here is s5rnthetic, with al-l- but the excitation assumption of

the acoustic tube/l-inear pnediction nx:del- of speech being satisfied.

The anaì-ysis procedure used to obtaj¡r the:recovered acoustic tube

shr.pes is the autocorrel-ation fornmlation of 1i¡ear pnediction, in

pa.r'ticula:: tlre Parcor fornml-ation (see Chapter 2). Since s5rnthetic

data is used, the whole s¡nethetic speech vaveform is avail-able, and

so no window is used.

The fir-st a¡d most elementary form of pne-emphasís is to add

j:r +12 dB per octave pre-emphasis to the speech v¡aveform before

anal-ysis. fn the z donain, the +12 dB per oetave pre-emphasis

is applied by a fil-ter of the form (1-z-')' , i.e. two coi¡cident

reaf zerrcs at z equal- to ¡nity. Figr-u'e 4.12 prese¡ts the l-i¡ear

ard logarithnic frequency sPectnnn for this pre-emplnsis filter,

which shows a +I2 dB per octave spectral- slope except near the

half sampling frequency.

Eval-uation of the +12 dB per octave pre-elnphasis is perforrned

with s5rnthetic speech data generated with acoustic tube shapes ap-

proxirnating five Russian vowels (see Appendjx C) and a glottal pulse
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occitation, as defiaed i¡ Figure 4.3. The resul-ts of pne-

emplnsizing the s¡rnthetic speech data with the filte:r (I-z-r)2

and then penforrning a Parcor arnlysis a¡e Pr€sented in Tabl-e

4.4 in the forrn of a:rea distances. For comlxrison Punposes,

the nesutts of Table 4.1, i.e. for no pr:e-emphasis, a¡e repro-

duced i¡ Table 4.4. Figure 4.13 presents a compa.rison of recover-

ed and original acoustic tube shapes fon two vowels from Tabl-e 4'4'

ccrnparison of the nesul-ts jn Tabl-e 4.4 for no pre-emplnsis

and a +12 dB per octave pre-empln.sis shpws a significa¡t r-eduction

i¡ the area dist¿tnces for a consta¡rt pre-emphrasis of +12 dB per

octave. fh¡m the recover:ed and oniginal acoustic tube shapes p:re-

sented in Figr-u.e 4.13, it is concfuded that reasonable and al-so

poor acoustic tube shape l?ecovery can occur. In genenaÌ!, a +I2

dB pæ octave pre-emplnsis provides sr¡nffer area distance artd,

hence, better acoustic tube shape recovery tlnn no pre-emphasis,

but does not guarantee accurate acoustic tube shìape recovery.

To permit a general- conclusion to be made on the effectiveness

of a constant +12 dB per octave pre-emphnsis, to provide improved

acoustic tube sLnpe r€covery, additionaÌ syrthetic data using the

glottal pulse model-s of FANIT and ROSENBERG are considered. These

gtottal- pulse models produce a wide range of excitation spectral

slopes and pulse slrapes, similar to those occumìng for reaf speech

waveforms. The same vafues of T p/T , TrlT and K of the glottal

pulse nrodel-s as used i¡ Section 4.2 are used here, so that a com-

parison of nesults can be made. The area distarìces for a +12 dB

per octave pre-emphasis of s¡nthetic speech data foll-owed by a Par-

cor analysis is presented i¡r Tables 4.5 a¡d 4.6, for ROSENBERG and

FANI glotral- puJ-se ncdels, respectively.
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No Pre-fuphasis

27.87
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TABLII l+ .l+: Area d.istances for a parcor analysis of synthetic
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AREA DISTANCES
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rasl,n l+ . 5: Area distances for a parcor analysis of synthetic speech for five vove-Ls

generated with glottal- pulses from the Rosenberg lnlynomiaf gJ-ottal
p.r_,r". moclel and. pre-emphasized. by a +12d.B per octave pre-mphasis.
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The a::ea distances pr"'esented i¡ Tables 4.5 and 4.6 show a

wide rrarge of area distance val-ues \^rithi¡ each colunu-1. This can

be e>çlained by considening the large variations, i:r local- negions,

of both the excitation and acoustic tube shape impulse l?esPonse

Spec.|ara. !ùhen a constarrt dB per octave spectral slope is applied,

va:rious degnees of spectz'al correction occr:r over the fuequency

range considered. The positions at which good on poor nratching

occurs depend on th¡e acoustic tube slnpe and the excitation hlave-

form, a¡rd so variations irr area distances ca¡r be expected when the

e(citation and/on acoustic tube shape clnnges. Hence, it is neces-

sary to use a wide variety of occitation vnveforrns a¡rd acoustic

tube shapes, Such as used here, if a genere-l- concl-usion is to be

dnav,rr on the effectiverress of a +12 dB per octave i¡ providi¡g

accr¡:rate acoustic tube shape recovery.

comparing area disbances for no pne-emphasis and a +I2 dB per

octave pre-enphesis of s¡rnthetic speech where ROSH{BERGIs pol-¡rnonr-ial

pulse is used for the excitation, i.e. ccrnparing Tables 4.2 and 4'5

r:espectively, reveals snal-l-er ar€a distances occurrilg when the pre-

emphnsis is used. The syr-rthetic speech uaveforrns used to generate

Figr:re 4.7 were pre-emphnsized by +12 dB per octave' ard then ala-

lysed by a Parcor Ìinear pnedictive arnlysis to produce the recover-

ed and original- acoustic tubes pnesented ìn Figr-:r'e 4'14' On compa-r-

ing Figures 4.7 a¡rd 4.14, an obvious improvement j¡ acoustic tube

shape recovery is found, but accurate acoustic tube slnpe recovery

is not necessa:rilY achieved.

Ttre snnllest area distances i¡r Tabl-e 4. 5 occr.ur for each acous-

tic tube shape when the excitationpulseparameters Jr/T, TflT) are
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eqì81 to (0.6, 0.19). The spectr:a] slopes* for the tirnee excita-

tion pu]ses used ane -10.6 dB, -9.2 dB and -9.7 dB per octave for

$p/T, TN/D equal' to (0.6, 0.19), (0.4, 0'16) and (0'33, 0'09)'

r"espectiveLy. Hence, the application of a +12 dB per octave pr€-

enplasis provides more effective gJ-ottal pulse removal- when the

glottal putse spectrat slope is closest to -12 dB per octave.

A conparison of Figr.res 4.3 a¡d 4.6, where the FAItrI glot-taI

pulse nodel was used, shows a +I2 dB pen octave pre-elnphnsis prrr-

duces snal-l-er area distances tlnn no pre-enphasis. The synthetic

speech waveforrns used to genenate Figure 4.10 were pre-emphnsized

by +12 dB per octave and then analysed by a Parcon l-i¡rear pnedic-

tive analysis to produce the recovened and original acoustic tube

shapes presented in Figure 4.15. A ccnrpa::ison of Figr:res 4'10 and

4.15 shcws an ìmprovement j¡r acoustic tube shaPe recovery when a

+12 dB pen octave pre-emphasis is used'

Of the glottal pulses used as excitation waveforms to generate

the data of Tabl-e 4.6, the one with up/T, K) equaÌ to (0.6, 3.0)

has a spectral slope which is closest to -12 dB per octave, i.e.

-11.9 dB per octave. From the discussions above' the effects of

this glottal pulse on the recovered acoustic tube shape shoul-d be

al-gnot ccnrpletel-y removed by a +12 dB pen octave pre-emphasis, arrd

observation of Tabl-e 4.6 shows this to be the case. Hence, it is

concfuded that a +12 dB per octave pre-emphasis is most effective

when the excitatj-on v¡aveform has a spectral slope cfose to -12 dB

pen octave.

:'sAverage over Èhe range 0.1 to 4.5 kilohertz'
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To observe the effects of chnnging the spectnal slope of the

excitation on the accuracy of acoustic tube shape recovery after a

+12 dB per octave pre-emphesis and a Parcor analysis, Figu:re 4'16

plots the recovered a¡d oniginal acoustic tube slnpes fon the vowel-

l"l excited by the glottal pulses used in Table 4.6. The spectral

slopes of the glo1ta] pulse waveforms used to genenate Fig¡re

4.16(a) to (h) are -14.6 dB, -13.1 ðBr -12.6 dB, -I2.4 dB' -12.4

dB, -11.9 dB, -I1,.2 dB a]lc -10.4 dB per octave, respectively.

Figure 4.16 shows ttnt, wheneven the glottal puÌse spectral sl-ope

is near -I2 ðB per octave, then good acoustic tube shrape r€covery

occurs. However, only one or ù,rc dB variation fnom -12 dB per oc-

tave causes large errors i¡r acoustic tube Shape llecovery.

The above nesul-ts lead to the concl-usion tlrat a +12 dB Per

octave pre-emptrasis [suppl-ied by the fi]-ter {f-z-t)2) produces

gnaller area distances arrd, hence, ìmproved acoustic tube shnpe

recovery in comparison with no pre-emphasis. In nrost cases, how-

ever, accurate acoustic tube shape recovery is not achieved by

usirrg a +I2 dB per octave pre-emplrasis. The best resufts for

a +12 dB per octave pre-emphasis were found when the excitation

glottal pulse spectra]- slope is close to -I2 dB per octave. Hence,

a +L2 dB per octave pne-emphasis does not, in general-, effectively

rem)ve glottal pulse excitation effects from speech waveforms a¡d

permit accurate acoustic tube shape recoveny'

Despite the inadequacies of the fixed +12 dB per octave pre-

emplnsis, it was shown that, when the pre-emphasis has a spectnal

sJ-op opposite to that of the glotta] putse, then good acoustic

tube shape r€-covery resulted. To deten¡-ine if this is a general

result for all spectral slopes, a pre-emphasis is applied, the
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spect¡al slope of which is the exact opposite to tlnt of the glot-

tal pulses used i¡ Tables 4.4, 4.5 a¡rd 4.6, and the nesul-ts a::e

pnesented as area distances in Table 4.7.

comparison of the arìea distances i¡ Table 4.7 l^7ith those of

Tables 4.2 a¡rd 4.3, i.e. for no pre-emphnsis, shows a la:r'ge neduc-

tion i¡ area distances, aIrd a ccrnparison of Table 4.7 I^Iith Tables

4.5 and 4.6, i.e. for ¿ +I2 dB pen octave pre-emprnsis, shows a

significant reduction i¡ area distances for most cases. Sj¡rce

sna}Ier ar€a distances genæally imply ìmproved acoustic tu-be

shape r€covery, applying an opposite sign spectr.al slope pre-

enphasis to thnt of the gIo1.tal puJ-se Ïras an exceflent potential

fon accurate acoustic tube shape llecovery.

Figu:re 4.17 presents the recovered and oniginal acoustic tube

slapes for tlre pne-emptrasis conditions used to generate Tabl-e 4 .7

a¡rd the glottal pul-se npdel-s and parameters used in Figr:re 4.14 and

4.15. A corpa.rison of Figure 4.17 with Figrres 4-14 a¡d 4.15 shows

tlrat ìmproved acoustic tube shlape recovery is achieved by using the

opposite sign spectral slope pne-emplnsis to th,at of the glottal

pulse excitation.

An adaptive filter which altempts to supply a variable spec-

tnal slope cornection, to adapt to the clnnging spectral- slope of

the speech r,eveform, is thnt of GRAY and MARKEL [1974] a¡d MAIGIQUL

and VISVTIAITIArHAN [1974]. Tl-r-is adaptive filten r^a.s designed to re-

nove glottal pulse excitation and lip radiation effects, and hns

the form (l-yz-l). The parameter '¡ is chosen as
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Y = R(1)/R(0)

to perrnit adaption to unvoiced and voiced sounds. Fon voiced

sou¡rds, y isnear.unitY: and so an approxirnate +6 dB Per octave

spectral pr€-emphEsis is applied to the speech waveform. The

excitation for unvoiced sounds is noise-like arrd, hence, a nea¡ly

flat spectrurn whrich does not nequire any spectrel correction. For

unvoiced sounds, R(1)/R(0) is generally near zero) and so no pre-

ønplnsis is applied by the adaptive fjl-ten'

This clnpten onJ-y considers glottal pulse excitation effects

on uecovered acoustic tube shrapes, artd. so the pa¡t of the adaptive

filter^ of GRAY et al [1974] which corr.ects for 1ip nadiation is re-

ncved. A -6 dB per octave spectral correction is generally applied

to remove J-ip radiation effects arrd, in general, a +12 dB per oc-

tave pre-emphasis is applied to nenpve glottal pulse excitation

effects. Therefore, an appropriate adaptive fil-ter which hn's the

adaptive properties of the GRAY et al [197q] adaptì-ve filter a¡rd

can be used to pne-emplesize for gJ-o1-tal pulse excitation onJ-y has

the form (I-yz-\2, where the parameter y is defi¡red by Equation 4.7.

This fil-ter is referred to as the unvoiced/voiced adaptive pre-

emphasis fi]ter, and appÌies apprrrxìnately zero dB per octave pre-

emphasis to u¡rvojced sounds and apprncxirnatel-y +12 dB per octave pre-

emphasis to voiced sou¡ds.

Eval-uation of the unvoiced/voiced adaptive pre-emphasis filter

is penformed with the same syrthetic waveforms as used to generate

Tables 4.4 to 4.7. The area dista¡rces for the unvoi-ced/voiced

adaptive pre-emphrasis followed by a Parcor anaì-ysis of the s¡rn-

thetic waveforms are presented i:r Table 4.8. The values of y cho-

sen by the unvoiced/voiced adaptive pre-ernplrasis filter for each

(4.7)
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of the syrrttretic raveforrns analysed a:re presented i:r Table 4'9'

Only a Sne-l-l- variation of y, i.e. frorn 0.999 to 0.98' is observed

in Table 4. 9, which transl-ates to a variation in pre-emplrasis

spectral_ stope of l-ess thlan 0.1 dB per octave. Hence' onfy a

g.rgl-I clnnge j¡ area distances st¡ould be observed for the unvoiced/

voiced adaptive pre-emplasis filter in comparison with the consta¡t

+12 dB per. octave pre-eJnplnsis. Compa¡ison of Tabl-es 4'B with

Tables 4.4, 4.5 ard 4.6 venifies this concfusion'

To ccrnpletely evaluate thre unvoiced/voiced adaptive pre-

emplnsis fjl-ter requi:res the ra¡ge of y from zero to r:nity to

be considered. Figr-u'e 4.18 pnesents the area distances for no

pre-emplasis a¡d an unvoiced/voiced adaptive pr"e-emplnsis fo]l-ow-

ed by a Parcor arnlysis of s¡znthetic speech fon the vowel l.l ver-

sus y, which varies fnom zero to unity. The excitation used to

genenate the synthetic speech is der"ived from ROSH{BERGIs poly-

nornial- gtottal pulse npdel (other" glottal puJ-se nodel-s and real

glottal pulses produce sjrnilar results to tLrose presented in Figure

4.18 ) .

A significant d.ecrease j¡r area dista¡rce is achieved by the

unvoiced/voiced adaptive pre-emphasis in comparison with no pre-

emphasis, from the resuLts presented jn Figure 4.18, when Y is

cl-ose to r:nity and less than 0.7. \r'lhen y is between 0.7 and 0'92'

i.e. values which occur il real-ity for voiced speech sj¡rce glottaì-

pulse spectral slopes as fow as -B dB per: octave have been reported

IMONSEN and iltrGEBRETSON Ig7], CARR and TRILL 1964, I.,atIFR 19591,

the area distarrces for the urrvoiced/voiced adaptive pre-emplnsis

are greater tha¡ for no pre-emphrasis. Therefore, the urrvoj-ced/

voiced adaptive pre-emphasis fil-ter only provicies a reduction jn
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area distances and, hence, irnpnoved acoustic tr:be shape recoverS/t

vùre¡l y is close to and nn:ch l-ess tlnn tlnity (or the gloltal spec-

tnal slope is close to on much less than -12 dB Pen octave).

An u¡desjrable feature of the unvoiced/voiced adaptive pre-

emplrasis filten is its dependence on the waveform sampli¡g fne-

quency. This is due to the value of R(1) changirg and, therefore,

the val_ue of y changi¡g, with waveform sarnplÍl]g frequency. An

evafuation of the unvoiced/voiced adaptive pne-emptnsis fil-ter

for waveforrn sampling fnequencies of 6 to 9 kilohertz is pnesent-

ed in Tabl-e 4.10. The area distances of Tabte 4.10 nesul-t fnom

s5rnthetic speech of the voweL lal genenated with neal- a¡rd synthe-

tic glottal pulses, which is pre-enplasized by the unvoiced/voiced

adaptive pre-emptrasis filten and then analysed by a Parcon analysis.

I'he values of y used by the unvoiced/voiced adaptive pne-emphasis

filter to pnoduce the resufts in Tabl-e 4.10(a) are pr€sented in

Table 4.10(b). If Tabl-es 4.8 and 4.9 are considered with Tabl-e

4.10, then the narge of waveform sampling frequencies presented

is frcrn 6 to 10 kilohertz.

conparison of Tabl_es 4.8, 4.9 and 4.10 shows that the range

of y fon any one sampling frequency i¡creases as the sampling fi:e-

quency decreases, u,-ith the snal-lest range of y occr.ping for a

sampling fnequency of 10 kilohertz, i.e. frcrn 0.98 to 0.999, and

the largest range of y occurling for a sampling frequency of 6

kil-ohertz, i.e. fnom 0.93 to 0.996. For any particular gÌottaÌ

pu1se, the value of y decneases for decreasirg sampfing frequency.

These resufts show tlnt the trrrvoiced/voiced adaptive pre-emphasis

fil-ten applies a dj-fferent pne-emphasis to the same waveform if

the sampling frequencY changes.
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A variation iJl the area distances presented in Table 4.10 is

expected, sj¡rce ttre discrete repnesentation of the voca.l tlract shaPe

by a set of acoustic tubes clranges as the sarnpling frequency clnnges.

Allowì¡g fon th-is va::iation, a genenal trend of decreasilg area dis-

tances with decreasing sampling f?equency is observed in Tabte 4.10(a).

Ihis result, coupled with the variation i¡r y for ctnnges in sampling

frequency discussed above, leads to the concl-usion that the effec-

tiveness of the unvoiced/voiced adaptive pne-emphasis fil-ter to

provide improved acoustic tube shape recovery is dependent on the

veveforrn samplilg fuequencY.

Figr:re 4.19 pnesents the necover:ed and origiral acoustic tube

shapes for two col-umns of Table 4.10(a), one fon a ROS$ßERG poly-

nornial- glottal pulse excitation, ard one for a FAIIT glottal pulse

excitation. The necovered acoustic tube shapes in Figgre 4'19

show the eïrÐlrs due to i¡rcorrectly accog¡ting for the glottal

pulse excitation outweighing the errol?s due to changes in sanrpling

fnequency. Hence, sampling frequency effects a:re on-ly important

when good acoustic tube shape recovery is achieved by the unvoiced/

voiced adaptive Pre-emPlnsis.

The evaluations presented j¡r this section have shor^n tlrat the

tmvoiced/voiced adaptive pre-emplnsis filter provides an improve-

merrt i¡r acoustic tube shape recovery wherever the glottal pulse

excitation spectral slope is cl-ose or much l-ess tlnn -12 dB per

octave. Choosi¡g the parameter of the unvoiced/voiced adaptive

filto:, i.e. y, equaJ- to R(1)/R(0) permitted an adaption to un-

voiced a¡d voiced sor:nds, but does not pnovide the conrect anount

of spectral- correction to rerove glottaÌ pulse excitation effects

from the recovered acoustic tube shape. The effectiveness of the
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unvoiced/voiced adaptive fitten r,es shor,'n to have a snal-l depen-

dence on the samplilg frequency. In general, the unvoieed/voiced

adaptive pre-emPhasis fil-ter does not provide accr:nate acoustic

tube shape r€covery.

Another pre-emphasis filter: which attempts to adapt to clnng-

ing spectral slopes of speech vaveforms is tlnt of IttrAl(AIIMA et al

[fgZr+]. Thre NA]GII]'IA adaptive pne-emphasis filter is designed to

remove both ttre glottal pulse excitation and nadiation clraracten-

istics fuom the speech vaveforrn to prrcduce the impuJ-se nes¡rcnse of

the vocal- trìact. Th-is is achieved b¡l second and thjrd order cniti-

ca1 damping digital fjl-tens i¡r eascade. Determj¡ration of the pa.:ra-

meters of the second a¡d third order fil-ters requi:res the calcul-a-

tion of covariances ard the solution of polynornials of order three

and five. Hence, this filten is conputationall-y fllolre compl-ex to

implement tln¡ the adaptive fjJ-ter of GRAY and MARKEL [197a] and

MAKHOUL ANd VIS!'/A}U[THAN [TSZ+1.

The second order critical- damping digital filten which co:r-

nects fon tlre ovenal-l frequency slope of the speech spectrum is

defined by

et'
ßr=evs¡_t-l^i-z (4.8)

where l, is the discrete speech signal at time ir ti is the estr-
L

nate of Á, and e1 is the coefficient of the fil-ter. Assuming
.L

steady state conditions and a wi¡dow length of p speech sampl-es,

then NAKAIIMA shows that the methrod of l-east squares gives e1 as

the real root of the third order polyrronrial



Czet3 - 6Ca er2 + (4C0, + 8C11 )e1 - 8Ce1 = Q (4'9)

e22

J

2r8

i-2

r^rith the requirernent that |tr I . Z. me C¡h

cova:liances and a::e defi¡ed as

p-r
c lt = ,!î,r-¡-t 

oi-t -L

il Eqr:ation 4.9 are

witfr i such that only speech samples withi¡ a wi¡dow are considered.

Ihe third order critical danping digitat filten which corrects

for mid-fnequency effects of the speech sPectrun is defined by

(4.10)

(4.11)ß, = eztt_,
_3¿2

+-L, ^
27 'L-J

with e2 being the coefficient of the filter. ff steady state con-

ditions occur a¡d tlre window length is p speeeh samples, then MKA-

JIMA slpwed the method of l-east squares gives e2 as the real rrcot

of the fifth orden PolYnorLiat

C¡g ezt - I5C4e2a + (54Czz + 36C13 )2e23

- (2)3Cv+27Cæ)ef + (243C¡¡+I62Cs2)ez - 243Cs1 - 0

(4.12)

with the nequirement tlrat ltz I ' g' The covaria¡rces of Equation

4.12 are defj¡ed bY Equation 4.10.

he-emphasis of the speech waveforrn by the MIG.IIMA adaptive

fiÌter is performed by first applyìng the second orden fil-ten and

then the third order filter-. Thus, the covariartces required to

defi¡re the second orden fil,ter thrnough Equation 4 ' B are evafuated

from the speech waveforrn, while tlclse required to defjne the third

order fj-l-ter tht'ough Equation 4 .11 are eval-uated from the output
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$Êvefo11n of the second orden filter'. Both Equations 4'8 and 4'11-

requir€ solution by a root finding algoritlrn' arld a silple NEl'iToN-

RAPHSON algoritlrn has been for:nd by MI{AII}'ÍA et al [1974] to be

zufficient. Ttene does not exist any guarantee tltat the roots

of Equations 4.8 and 4.11 satisfy the requírements l.tl .2 and

lr, I . 3, hrt oçerimental i¡rvestigations by lIlqKAIIMA et a-l [1974]

Ïnve shov¡n acceptable sol-utions exist in the ne'jority of cases'

Ttre eva-luation of the NAIG.IIMA adaptive pre-ernphasis filter

is penforrned with the same procedr:re and s5znthetic waveforms used

for the evafuation of the unvoiced/voiced adaptive pre-emplnsis

filter, i.e. as used to generate Table 4.8, a¡d Tabl-e 4.11 contai¡rs

the resufts of this evaluation. comparison of Tables 4.8 and 4'11

shows that the I'[,AI(AII]"14 adaptive pre-emphasis filter is vastly in-

fenior to the urrvoiced/voiced adaptive filten' Qbservation of the

results for a constant +12 dB per octave pre-emplrasis, i'e' the re-

su.l-ts of Tabl-es 4.4, 4.5 and 4.6, also reveafs thnt the MIG"IIMA

adaptive filter i-s i¡ferior for aL] the s5rnthetic v¡aveforms con-

sidened.

Ttle area distances pnesented j¡ Table 4.11 for the NAK\II}4A

adaptive pne-emphnsis fiLter are found to be eomparable to the anea

distances obtai¡ed for no pre-emplrasis of the sSrnthetic speech' Tn

fact, sone cases provide a worse (i.e. Ia:rgen) area distance than

the no p::e-emphasis resufts. Hence, it can be concl-uded that the

IIAIG"IIMA adaptive filten does not provide a general improvement j¡r

acoustic tube shape recovery, and is infenior to othen conventionaf

pne-emplesis Procedures .
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Evaluation nesults presented i¡ this section have shov¡n tln't

a fixed +12 dB per octave pne-ernplnsis of the speeeh vaveforrn pro-

duced a neduction i¡r area distances whenever the glottal spectnal

slope is near -12 dB per octave. Howeven, il general' the accuracy

of acoustic tube sr¡ape uecovel?y l^¡as poor, ard j¡ IIEny cases the re-

covered acoustic tube shape Ïlas 1itr1e nessnblance to the oniginal

acoustic tube shape. It qas shonn that the poor penforrnance of a

constant dB per octave pre-emptìasis is due to its i¡abjl-ity to adapt

to the variations in glottal pulse spectnal slnpe that occr:r i¡r

neality. If a spectna-ì- slope pre-emptrasis opposite i¡r sign to ttnt

of the glottal Pulse is applied, then it was sþown tlrat a potentiaJ-

exists for accr.trate acoustic tube shape necovery'

T\^o pne-emptnsis fii-ters which adapt to a clrange irì glottal

pulse spectral slope u¡ene eval-uated. The unvoiced/voiced adaptive

pne-empln.sis fj-l-ter, derived frqn the adaptive fil-ten of GR/qY and

MARKEL [1974] and MA]GIOUL and VIS!üAI{I{IHAN [1974], showed a¡r im-

provement i¡l acoustic turbe shape recovery in comparison with a

constant +12 dB pe:r octave pre-emphasis. However, accurate acous-

tic tube shape necovelry is not, ì¡ general, achieved with this

filter. Ttre other pre-emphasis filter evaluated was that of

MIG"IIMA et al [rgz+] and its performance \^/as found to be poon

a¡rd i¡r-ferj-or to the othen availabl-e pre-emphasis methods.

Techniques which penforrn arnlysis d¡ring the cl-osed gJ-o1tis

i¡terval wer:e i¡rvestigated and fourrd to pnovide accr:rate acoustic

tube slnpe llecovery. Hor¡even, if any elron is nn'de in estirnating

the closed glottis jntenval-, then large errÐl?s irr acoustic tube

sllape were shourn to occr¡r. Ttrese closed glot-tis i¡rterval a¡,alyses

are not applicabl-e to al-l voiced sor¡rrds, as il] ÍËiny cases a closed
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glottis j¡rterval does not exist or it is too sIEl-I to penforrn an

arnlysis. Therefore, closed glottis i¡rterval- arnJ-ysis is not ap-

plicable to the wide rarge of speech sor.rnds tlat may occulr.

In corcfusion, this section has ShovrÌ tlnt acci:rate acoustic

tube shnpe recover5/ cannot be achieved with availabfe pre-emplrasis

a¡d other techniques frcrn waveforrns genenated with ideal- acoustic

tubes and excited by glottal pulse t5pe waveforrns. Thenefone,

there exists a need for fwthe¡r j¡vesbigations i-f accurate vocaf

tract sÌìapes an:e to be recovered di¡ectly fnun the speech waveform'

4.4 IMPROVED ADAPTIVE PRE-EMPHASIS

The investigations presented so far in thr-is clnpten Ïnve slrov¡n

tlnt poon acoustic tube shape recovel?y occurs if glottal pulse ex-

citation is not taken j¡to accou¡rt. The previous section showed

thnt the availabl-e methods which have been designed to remove glot-

tal pul-se excitation effects from the r:ecovered acoustic tube slrape

perforrn poonly, ard do not provide accurate acoustic tr¡be shape re-

covery. This section designs a ne\^r adaptive pre-emphasis filter to

overcome the j¡adequacies of presently avaiJ-able pre-emphasis filters

rend provide improved acoustic tube shape recovery'

Ttre form of the new adaptive pr:e-emphasis fil-ter is designed

to use the adva¡tages, but overcome the disadvantages, of presently

availab1e pre-emPh6lsis techrniques. Once the forrn of the new adap-

tive pne-emphnsis is defj¡ed, then the paranreters of thnt fi]ter

are deterrni¡red empirically from a targe number of gloltal pulse

waveforrns, both syrrtehtic a¡d real . Def il]ing the parameters em-

pirically pernr.its the new adaptive pre-emphasis filter to be tail-or-
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ed to r€Ilpve glottal pulse excitation effects fi¡om the recovened

acoustic tube str,ape. Therefore, il a l-oose Senser the new adaptive

pre-emphasis attempts to provide an optinral neduction j¡ area dis-

tances for the new adaptive pne-emplrasis fol-l-owed by an auto-

copelation li¡ear predictive analysis of acoustic waveforms fncm

acoustic tubes excited by gJ-ottal pulse waveforrns'

4.4.1 A NE!'l ADAPTM PRE-Ð'IPFIASIS FILTER

The requirements of the new adaptive pre-emphnsis fjl-ten are

deternri¡ed from the ilvestigations presented j¡ the pnevious sec-

tons, i.e. the effects of glotta1 pulse excitation on the necovened

acoustic tube slape a¡d the effectiveness of existing methods for

nenovì¡rg these glottaJ, pulse excitation effects. Thus, the new

adaptive pne-emplnsis filten i¡rcludes the successful featr:¡res of

existing pre-emphasis methods, while attempting to overcome thejr

inadequacies, as identjfied i¡r the previous section. fn some

cases, conflicting requìrements arise, a:rd a compromise sol-ution

is necessary.

Improved acoustic tube shape recovery was sLcv¡n to occr:r when

the spectral slope of the pre-emphasis j-s opposite irr sign to that

of the gJ-ottal- pulse excitation. The unvoiced/voiced adaptive pre-

emple.sis filter r¡as shor^rn to satisfy this situation rvhenever the

gJ_ottal pulse spectnal slope is nea¡ zeno on -12 dB pen octave.

Adequate spectnal slope correction is not provided at other glot-

tal pulse spectral- sJ-opes, because the ur¡voiced/voiced adaptive

pre-emphasis fil-ter does not attempt to determi¡e the spectraÌ

slope of the gJ-ottal pulse excitation. Si¡ce the unvoiced/voiced

adaptive pre-emphasis fi-l-ter onÌy contaj¡s tv¡o zeros, it cannot
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provide Ípr€ tlnn +12 dB pen octave Spectual cornection, which is

i¡zufficient to cover the range of observed glottal pulse excita-

tion spectral sloPes.

Ihe new adaptive pre-emphasis filter should tlrerefone be able

to approxjrnate the glottal pulse excitation spectral slope from the

acoustic synthetic, or rea-l, speech vaveforrn and apply an equal but

opposite sign spectnal slope correction. The new adaptive pr"e-

emphasis filten shoul-d be abl-e to apply a specüal slope correction

of at l-east +17 dB pen octave to cover the nange of observed gÌot-

tal pulse excitation spectra-J- slopes IMONSH{ and ENGEBRETSON 7977,

CARR and TRILL 1964, MIIJFR 19591. To provide a spectnal slope of

of +17 dB per octave, the new adaptive pre-emplnsis filter: nmst con-

tai¡ at l-east three zerÐs b:t, as the m¡nber of zeros i¡tcneases, the

lrange of fnequencies over which a consta¡rt dB pen octave spectre-l

sJ-ope is availabl-e decreases. Therefone, the pr€sence of a thjrd

zero when less tÌ¡an +12 dB per octave is requi:red jeopardises the

new fjl-ter's effectiveness. The compn:nr-ise solution is to only

introduce the third zero when greater ¡1t41 +12 dB per octave sPec-

tnal slope correction is required.

The adaptive pre-emphnsis fil-ter of GRAY a¡d I,1ARKEL [1974]

a¡d I4AKIIOUL and VTS\^7ANI/ryITIqN [f gZ+] was origi¡al]y designed to

adapt to the quasi-periodic gJ-ottal- pulse excitation of voiced

scunds and the noise-]ike excitation of unvoiced sounds. This

is a desinable feature of a pre-emphrasis filter, sj¡rce it etjnr:i¡-

ates the need for separate unvoiced/voiced detection a¡rd decision

systems to apply or not appfy pre-emphasis. The basis for the

unvoiced/voiced decision is made by the ratio R(1)/R(0), which

is considered by GRAY and MARIGL [fgZ+] to provide a rel-iabl-e
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decision. Therefone' use of the natio R(1)/R(0) to pnovide an

unvoiced/voiced decision j¡r the new adaptive pne-emplnsis fjJ-ten

strould be considered.

To corpletely rremove the glottal pulse fnequency spectnuun

from the speech vraveform ñrequency spectrr-un requires consideration

of global trends, i.e. ovena-11 spectrel slope, as well as the l-ocal-

variations in the spectrum. A complex pre-emphasis fi-l-ter with

relatively large numbe¡s of pa:rameters is nequi:red to correct fon

local- variations in the glottal pulse spectnrm' Expeniments Ì¡ave

sþor,vn tlnt the rmjon errolls i¡ acoustic tube shape r€covery occur

because of the globat, i.e. overall spect:a] slope, nather tlnn

the loca] va¡iations j¡r the gloltal pulse spect¡r-un. Hence' a

sirnple pre-emphrasis fi-l-ten with a g.nal-l nwnber of pa:rametens is

desirable and cost effective fon simplicity of implementation and

improvements gained i¡l acoustic tube shape recovery'

Ttre nequirements presented above lead to the new adaptive

pne-emphesis filter Ìraving the form

(1 - clz-l) 2 (4.13)

(4.14)

when fess thnrì +12 dB per octave spectral correction is required,

and

(t - z-t)z ç1 - gz-1)

when greater thnn +12 dB per octave speetral correction is nequired'

The new adaptive pne-emphasis filten can provide a spectral slope

corrrection between zero a¡td +18 dB per octave by the appropriate

sel-ection of the parameters ¡¡ or ß. Ttle new adaptive pre-emphasis

fil-ter is :referred to as the tr^o/three adaptive pre-emphasis filter"
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because of its tr¿c on tlr'ee zen¡ structtlre. Figure 4'20 p:esents

a plot of tlre sPectlral- sloPe provided by the tr¡c/thnee adaptive

pne-empllasis fi-l-ter as a function of the parameter:s cr and ß.

The spectnal slope of a ntu¡¡ben of glottal pulse uaveforrns a¡d

the vaLue of R(1)/R(0) of synthetic speech for a nunber of vowefs

generated using these glot[al pulses as excitations is pnesented

in Figr:re 4.2I. .A11owìng for peirturbations due to acoustic tube

slrape clnrges, the va-lue of R(1)/R(0) is seen to provide some i¡r-

dication of the g]o1taI pulse excitation sPectral slope, frrrm Figr:re

4.21,. Ttrerefore, using R(1)/R(0) to deterrnine the values of o and ß

parameters nny not onJ-y provide an unvoiced/voiced detection but al-so

an i¡dication of the glottal puJ-se sPectral slope. Ttre ease with

which R(1)/R(0) can be cal-cul-ated and the above discussions l-ead to

R(1)/R(0) befug the qr.nntity which is exfnacted fnom the waveforrn

bei¡tg analysed a:rd used to defj¡re the tr¡c/tlrnee adaptive pre-

emphasis fjl-ter for tlnt situation.

Ttle area distance measune has been designed to i¡idicate the

simjl-arity of tr^ro acoustic tube shapes arrd, if the area dista:rce

between a recovered a¡rd original acoustic tube slape is srnll,

then good acoustic tube shape recovery has occi:med. Si¡ce the

goal of the two/three adaptive pre-emphìasis fil-ter is to provide

accurate acoustic tube shape recovery, then the pa:rameterS cr arrd/

or ß should be chosen such that the snallest area distance is ob-

tai¡red. A procedure for determi¡ring this snel-l-est or minimum arrea

distance is p:resented in Figure 4.22.
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By deterrnining the values of R(1)/R(0) fon a large nr¡nbep of

different glotta-l pulse v¡aveforms and the corresPondi¡tg cr on B para-

neters of the two/ttree adaptive pne-emplnsis fi-lten that pnovide a

nini¡num a:rea distance, a nel-ationship betr¿een R(1)/R(0) a¡rd o, and ß

can be defi¡red. This relationship tajl-ors the tl^io/tlnee adaptive

filter so that the best possible neduction in glot tal pr,r-lse excita-

tion effects on the recovered acoustic tube slnPe is achieved by

the tr,o/thnee adaptive pne-emptrasis filter. Thre necessar5¡ expeni-

me¡rts to deterrni¡e the relationships betvoeen R(1)/R(0) a¡rd the

parameters c and ß are penforrned j¡ Section 4.4'2'

Figrrre 4.23 presents the glottat Pulse spectnal slopes of

synthetic speech fon the vowel l"l and the va-l-ues of R(1)/R(0)

of this s¡rnthetic speech fon samplÍllg frequencies of 6, 7, B,

9 and 10 kj-l-ohertz. Itre nesu1ts presented j¡r Figu:re 4.23 show

the necessity to have diffenent nelationships between R(1)/R(0)

a¡d the pa.:rameters o a¡rd ß for djffenent sampli:rg frequencies,

even though it appears tlr,at the diffenence between the relation-

ships \,r-ill be snal-l-. The defi¡ition of these nel-ationships fon

diffenent sampJ-iJ.lg frequencies is presented j¡ section 4.4.3.

The complete forrn of the tr¡c/tlrree adaptive pne-emplnsis fjl-

ter and the relationships betr¡een R(1)/R(0) and the pa:rameters cr

a¡rd ß ane pnesented in Section 4.4.4.
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4.4.2 DEIERMII{ATTON OF PARAI.{ETERS

Tn the p:revious section, the form of the thp/thr€e adaptive

pre-ernphasis fjl-ten !Ës defi¡ed and the nn¡¡ner jn which the filter

panameters are to be deter'¡ni¡ed. It was concluded tlnt the value

of R(1)/R(0) of the vaveforrn bej¡tg arnlysed sh¡oul-d be used to de-

fi¡e the pa:rameters of the tr^¡olthree adaptive pne-emph'asis fil-ter

fo:r a particular situation. Ttre necessarS/ experiments to defi¡le

a nelationship betr¡een R(1)/R(0) and the two/three adaptive pne-

emplnsis fil-ter parameters a and ß are penformed jn this section

for a r,m.veforrn sanpling frequency of 10 kil-ohertz'

The critenion used to detenni¡e the value of a on ß for a

particula:r vaveform is to produce a nli:rjmm a¡rea dista¡rce after'

a tr^p/three adaptive pre-emphasis fol-l-owed by a Parcor lilear pre-

dictive analysis. The values of a and ß wldch produce th-is nr-injrrum

a¡ea distance alte denoted as o,' and d, respectively. Fig¿re 4 -22

detail-s the method used to determine eithen cl'or' ß' for a particular

gÌottal pulse vnveform. Repeating this method for a large m¡nber

of different glottal pulses perrnits the required nelationshr-ip be-

tween R(1)/R(0) ard the pa::ameters q'a¡d d to be deterrnined. De-

terrnination of the nel-ationships i¡ tfris IIEInner permits thre li¡rear

predictive process to tailor the two/tlrree adaptive pre-emphasis

fj_l_ten so that improved acoustic tube slnpe recovery n'Iay be

achieved.

For appJ,ications to speech waveforms, the val-ue of R(])/R(0)

of the glottal pulse excitation is not avail-abl-e, and so R(1)/R(0)

of the speech waveforrn must be used. A brief study of s¡rnthetic

speech vaveforms (see Figr:re 4.21) showed thrat the value of

R(1)/R(0) for a glo1ta1 pulse is slight]y different from the
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value of R(1)/R(0) evaluated from a s¡rnthetic speech v¡aveforrn when

tlnt gl-ottal pulse was used as the excitation. Thenefor:e, the

values of cl' ard ß'may not necessanil-y provide the ni¡jmum area

dj-stances for a t$lolthnee adaptive Pre-emphasis and a lilear p¡e-

dictive analysis of s5rnthetic speech when the glottal pulse used

to deterrni¡e d on ß'is used as the excitation' Howeve::, j¡vesti-

gations show that this does not significantly affect the perforrn-

ance of the t1^¡olthnee adaptive pre-emphasis filter (see Clnpter 5) '

The accu¡racy of the relationships between R(1)/R(0) a¡d the

t¡¡o/th¡ree adaptive pre-emplrasis filter pa:rametelrs 0 and ß depends

on the ntrnber arid rarge of different glottal puJ-se excitation

waveforrns considered. It is important for the i-ange range of

glottal pulse slnpes arxl spectnal slopes tlr¿t occr:r for real- speech

to be considered. To achieve this, a numþr of glottal pulse npdel-s

are used, with an emplnsis on tlpse satisfying su-bjectì-ve testing'

To ensure tlìat the relationships between R(1)/R(0) and the

parameters cr and ß are suitable for application to real- speech

arnlysis, a nwnber of glot.tal pulses derived from published glot-

tal pulse v¡aveforms measured during phonation are considered.

These glottal pulses presented in published materia-l are digitized

by using a data tabl-et and a snnl-] mì.nicomputer to oversee a¡d

store the digitized data. The separation of the waveform pojnts

which are digitized is deternrined by the sampling period or fre-

quency required.

Al-though the glottal puJ-se waveforrns used to defi¡e the re-

lationships between o and R(1)/R(0) or ß'and R(1)/R(0) are derived

from the same glottal puì-se models, each gl-ottal pulse v¡aveform
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can or¡.Ly be used to deterrnine one of these relationships' Itrere-

fore, the lange m¡nber of gloflal pulse vaveforrns used can be

divided into trno rnrtualIy excfusive gncups' one fon deterrnining

each relationsh-ip. This division of glottal pulse vaveforms is

penfonned here, and Section 4.4.2.1 deterrni¡es the nelationship

between R(1)/R(0) ard d, whil-e Section 4.4.2.2 deterrni¡es the ne-

Lationship between R(1)/R(0) and d.

4.4.2.1 Parameter s

Repeated use of the procedr:re defi¡ed in Figr:re 4.22 for a

]a:rge ntmben of different glottal Pulses genenates a set of data

points (nCf>Zntg), qJ frcm wh-ich a nelationship between R(1)/R(0)

and a'can be deterrni¡ed. th-is rel-ationship is defi¡red by first

ctroosing an appropriate firnction and then using a best fit al--

gorithm to fit that fi:¡rction to the data poirrts. Ttre clpice of

an appropriate fr-u-rction must consider the nequi:rements of sim-

plicity, accuracy with-i¡ i.nportant regions, and continuity of

the function over t¡¡e futt ranges of R(1)/R(0) and d' The cloice

of the best fit algor:itl^lri depends on the fu¡ction chpsen to fit

the data points a¡d the criterion used to defj¡e the best fit,

e.g. least squares.

A typical set of data points (nCf>/R(3), c{is presented in

in Figqre 4.2+, a¡d a¡r obsenvation of these data points suggests

that a simple fu¡ction rny provide a¡ acc¡rate fit to all- the data

points. The concentr:ation of data points in Figr-:re 4.24 when

R(1)/R(0) is cl-ose to r.:nity is t5pical- of that found for voiced

sounds jn neal speech. Ttrerefore, 'it is importantthatthe function
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ctroserr to fit the data points provides an accu::ate fit when

R(1)/R(0) is near r:nity. tlnfortr¡rntely, the steep slope that

occ¡l3s when R(1)/R(0) is near r:nity is difficult to fit l^7ith

a simple function without causilg very poor fitting to the data

points when R(1)/R(0) is l-ess tlran unity. In pnactica'l applica-

tions of the tvo/ttree adaptive pre-errplnsis filter to neal tjme

situations, it is desi.rable to use orr-ly simple fi:nctions so tllat

large nr¡¡rbers of complo< computations ane avoided'

CIre sol_ution to fitting a fi.nction accr¡rately to a steep

slope is to deterrnine the i¡verse relationship, i.e. R(1)/R(0)

in terrns of cl', frcm the data point" (o', R(1)/R(0)) . Hence, in

the region where R(1)/R(0) is nea¡¡ u¡rity, the data point" (o',

R(1)/R(0)) fnve approxirnately zero slope, wþich perrnits simple

fgnctions to provide a¡ accr¡rate fit to the data points' In

genenal, it is not possibl-e to j¡rvert fi:nctions, and so the

j¡rvens$ relationship is used to define a Ìookup table. Ttre

najor advantage of a l-ookup tabte is the very srnll- number

of el-ementary computations that are necessary to determj¡re

the vafue of a'for any parbicular. situation. A fu11 discus-

sion of the implementation of the i¡verse function, i.e' R(1)/R(0)

i¡r terms of cr', as a Lookup table is presented i]l Appendix D.

Investigations lnve. shov¡rr tlrat usi¡g a polynonrial function

fit to the data points (o" ncr>uR(0)) satisfies the necessary re-

qui¡ements of simplicity, accuracy and contjrruj-ty over the ful-I

range of R(1)/R(0). Hence, the relationship for:nd j¡r this section

between d and R(1)/R(0) is a best fit polynonial- with the form
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R(1) n

R(0) i=o
er(o)L (4.1s )

whenenis the order of the best fit polynornial. Investigations

with various cun/e fitti:rg algorithrns have shor^¡ tl¡at a least

squar€s cunve fi1-ting algorithm IDA]IIEL and !Ù00D 1980' LEONARD

1965] provides an accurate fit of the best fit polynonial to the

sets of data points considened in this ctrapten. The order, n, o1

the best fit polynomial is deterrni¡ed as ttnt which rni¡ri¡nizes the

deviation between thre data points a¡rd the best fit polynomial' A

weighting fi:nction is used when deterrnining the best fit polynornial

to ensune the polynonlal is as close as possible to the end points

of the data, i.e. (0,0) ard (1,1). This has been found to be

necessary especially nean the data pojnt (0,0) where only a few

data points g><ist and, hence, the polynonial fit nea:r (0'0) can

be poon without a weighting function.

Gene'ation of the sets of data point" [o', R(1)/R(0)) is

finstly penforrned with synthetic glottal- pulses generated from

ROSH{BERG's glottat pulse models [1971]. ROSENBERG perforrned

subjective testing with sjx glottal pulse npdeLs, and found tv¡o

to have almost zero preference scor€s and alother to have consist-

entJ-y fow scones. Hence, on-IY the three nenaining glottal puJ-se

ncdels, designated model-s B, C and E by ROSENBERG, which provide

real-istic glottal pulse slnpes, a-re used. I4odel- B is the pofy-

norn-ial glottal pulse rcdel used i¡ previous sections, and defj¡red

by Equations 4.1 and 4.2. Both nrodels C and E are trigonometnie

pulses, with rnodel- C being defined by
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0 <¿<T (4.16)
p

UoG) = À cos

with rpdel E being defined bY

and

and

, r*r*tp*tñ
( 4.17 )

0 <Í<T (4.18 )p

(4.1e)

tr
Ue

T2p

UoØ) = À cos T <¿<T +T,,p p N

The parameter-s TO and T, are defj¡ed i¡l Section 4.2 as the period

d¡rjrrg which the glottal pulse has a positive and negative slope,

respectively. The scali¡rg porforrned by the parameten ì does not

affect the results of an analysis process, and so for simplicity

tr is assumed to be r:nitY.

The accr:racy of the nelationshr-ip betr.æen d a¡d R(1)/R(0) is

dependent on the nmben and range of different glofral pulse slnpes

used. A large nunber of different pulse model- parameters a:re used

to satisfy this requirement. Tn genereJ-, the nange of parameters

is restricted to the prefemed rarge determi¡red by the subjective

testing of ROSHTIBERG [1971], to ensure resufts which are close to

neality. Howeven, to cover the fufl' range of R(1)/R(0) val-ues solne

glottal pulse Slnpes have thei:: pa.remeters nerginally outside th-is

prefemed range.
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T¡e glottal pr:Ise rpdel B of ROSÐtrBERG [1971] is used to

generete the first set of data point" (o', R(1)/R(0)). Each data

point is obtai¡ed by clnosing the parametens Tr/T and ftlT of the

glottaÌ pulse npdel B, genenating the glol;ta'l putse vaveforrn, and

then usíng the p:rocedtre defi¡red in Figr:re 4.22 to deterrni¡re d.

calculation of R(0) ar¡d R(1) direetly frr¡m the glottal pulse \^rave-

form then defj¡es the data pojnt (a', nCf>lncO>) for tlnt glottal

pulse vnveforrn. Figrre 4.25 plots the set of data points obtaj¡r-

ed in this ma¡¡ner, fon the ROSH{BERG glottal puJ-se rpdel- B' The

best fit polynourial for¡rd by the least squcü€s curve fitti¡g aI-

gorithm [i,fO¡¡nnO 1965] is also plofted i:r Figurre 4.25, and defi¡es

a rel-ationship betw""l, o ard R(l)/R(0) as

Using the same p¡ocedr:re and glottaÌ pulse npdel- pararneters'

Tr/T anð, TN/T' as for the glottaÌ pulse nodel- B above, ROSENBERG's

glottal pulse npdel C genenates the data point" (o', R(1)/R(0))

plotted ìn Figrre L+.26. Ttre best fit po]ynonial, which ís also

pJ_otted in Figure 4.26, is deterrni¡ed by the Least squares curwe

fitting al-gonithm [t¡OnnnO 1965] a¡d defjnes a refationship between

d and R(1)/R(0) as

R(1)"'-'= 
3.286(cr) - 3.709(o)2 + t.425(cr)3

R( 0)

R(1)

R( 0)

(4.20)

(4.21)

on companing the best fit polynomials for glottal pulses generated

fuom ROSENBERGIs g1o1tal pulse models B and c, i.e. Equations 4.20

and 4 .2I, a, similanity in pol5nonia-l- coefficients suggests tllat a

singte best fit poI¡rnomiaf rnay fit a1l- the data points with l-ittle

error.



ô
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ô
J

I
.J00

xt

90

x
yX

0 .98
x

rX
x

o
t

V

x

o\'



242

The data points (a', nCrl/R(o)) pIotted in Figrre ).27 are

those generated by glottal- pulses from the ROSH{BERG g1o1:ta] pulse

rpdel E usi¡g the same procedr:re and glottal pulse npdel parametenst

TO/T arñTN/T, as for models B and C above. Figure 4'27 also plots

the best fit polynoni,al to this data which defines a nelationship

between d and R(l)/R(0) as

comparison of the best fit polynonial for the glottaJ- pulse npdel

E, i.e. Equation 4.22, witr¡ tnose for ROSB{BERG glottal pulse

rpdel-s B arId c, i.e. Equations 4.20 a¡d 4.2I, nespectively, slrows

a sjrni-l-arity ín polynornial coefficients'

A ccrnbi¡ration of aLl the data point" (o', R(1)/R(0)) generated

from the ROSH{BERG glottal- pulse nrodels B, C and E a¡d an applica-

tion of the least squa'es curve fitting algor"ithm [ffOn¡nO 1965]

prrrduces ttre best fit polSnomia-ls fo:: the combined data as

R(1)

R(0)

R(1)

R( 0)

(4.22)

(4.23)

A plot of th¡-is best fit polyr^romial (i-e. Equation 4'23) and the

data poÍnts generated frcrn the ROSENBERG glottal pulse ncdels is

presented in Figure 4.28. Different plotting symbols are used i¡r

Figrrne 4.28 to jldicate which glottal pulse model was used to genen-

ate the data point" (o', R(1)/R(0)) . The eve¡r rnixtr:re of ploLting

synbols and the even spread about the best fit poJ.ynomial- indicates

a consistency of data point" [o', R(1)/R(0)) generated from differ'-

ent glofra] pulse npdels. Thr-is consistency of data points for a

wide nange of glottal pulse waveforms is necessary for a single
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best fit polynonia-l to defj¡e an adaptive pre-enrplnsis fjl-ter

which effectively nenoves' olr accor:nts fon, glot;|al pulse wave-

form effects i¡r sPeech analysis probl-ems'

The spread of data points tlrat is observed arrcund the best

fit pol5monial in Figure 4.28 indicates ttnt the va-l-ue of cl'oÞ

tai¡ed from the best fit polynonial does not necessarily pnovide

a true lllirriJrnnn area distance. Howeven, investigations show tlr'at

the clnnge from the tr-ue llri¡ifllum is rel-atively srall when comlxred

with tne area distances obtai¡ed l^7hen no pr€-emphasis on other

available pre-erçlases are used. These investigations also show

that reduced area distances occul4 when the best fit polynomial is

used to defjne thìe two/tln:ee adaptive pre-emplnsis filter i¡r com-

parison with avai,l-able pre-emplrasis techniques'

Additionat glottal pulse slrape variation is provided by using

the FA}IT glottal pul-se nodel, defined by Equations 4.3 to 4.6' A

set of data point= [o', R(1)/R(0)) is generated using glottat pulses

from the FAl,trT glouat pulse model, i¡ the Same mannell as for the

ROSENBERG g1o1fal puJ-se nodel-s. Ttre range of parameters TolT and

K are rnain]-y kept withjn the preferrred ranges found by ROSENBERGTs

[1971] subjective testing. Howeven, as with the ROSH\IBERG gì-ottal

pulse nrodels, some parameter vafues outside this preferned range

are used to provide data points which cover the nange of R(1)/R(0)

from zero to r.rnitY.

Ttre set of data points (o, n<1)/R(0)) generated by using the

FAIrI'I gfottal pulse nrodel- is plotted ill Figr:re 4.29. Ttre best fit

polynomial fourrd by the l-east squal€s cun/e fitting algorithm
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[t¡O¡¡¿nO fgOS] is also plotted in Figure 4.29 and defj¡es a:reIa-

tionship between d and R(1)/R(0) as

R(1)

R(0)

(4.24)

Thris best fit polsrnornial- is sirnilar to that for ROsEllBERGr s glottal

pulse rnodels B, C ard E, i.e. Equation 4.23. Hence, completely

different glol;tal pulse npdels prrcvide sj¡nilar nelationships be-

tween dand R(1)/R(0), æd so it appears plausable tlrat a si¡gJ-e

best fit polyncrníal can be found from which d is accr:r'ate]y deter-

rLined for any gJ-olta1 pulse slope'

Although the gloltal pulses considered so far satisfy the ne-

quinements for reatistic glottal pulse stnpes as deterrnined by

ROSEIIBERG's [1971] subjective testing, ::eal glo1ta1 pulses need

to be considered also. Due to the difficulty i¡t measurìng real

glottal pulse vaveforms, thoSe published by othen rese¡rchers

[ROTtfrNBERc 1973, ENGEBRETSON a¡rd VÐ'lUlA 197+' ]'lIiJER 1959' SONDHf

1975, SLINDBERG ard GAUTFIN 19781 a¡e used. These publ-ished glottal

pul-se r,,raveforrns r¿ere obtained by a number of diffenent methods, and

under a variety of conditions fo:: both mal-e a¡d fenal-e subjects, to

provide a wide range of diffenent glottal pulse shapes.

The glottal pulse unveforms pnesented by I"[rJtrR [fgSS] a¡e

deterrnined fnom the radiated speech plressure waveforrn by filte::iag

with a netv,ro:rk whose characteristic is the i¡rverse of the first

vocal ltesonance. A ntunber of voiced sounds with various fundamen-

tal frequencies and relative vocal- effort are used to produce the

published glottal puJ-se waveforrns. MILLER also pnesents measr:re-
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mmts of vocaL cord openirg as a fi-rrction of time fnom motion pic-

tr¡re studies of the gloltis, and these a1ìe used i¡ this section'

A rajor effort to accurately record glotÎal pulse r^¡aveforrns

bras rrpde by ROTIHIIüBERG [1973] w]o designed a special mask to allow

the volume velocity at the lips to be measured accr:rately dovrt to

zero frequency. Inverse filtenil"lg of the volune velocity v¡aveforrn

at the lips then prnduees glottal pulse waveforrns' RüIHEÌIIBERG

prese¡ts glot.tal pulse rnaveforrns obtai¡red by this procedure fon

tr,c nele speakers with various fi¡ndamental frequencies and vocal

effort. Studies by suNDBERG and GAUFFIN [1978] of the glottal

pulse v¡aveform and its spectna used the ROTTIH{BERG nask, but vü"ith

an improved j¡rverse fil-ter'. The gloftal pulse v¡aveforrns published

by suNDBERG a¡rd GAUFFIN for diffenent types of plronation are also

used i¡r this section.

G1ottal- pulse vaveforrn measurelnent by SONDHI [1975] and MONSfltl

and ÐtrGEBRETSON llg77l used a refl-ection-less metal tube i¡stead of

a rnask, to measure thre vol-ume velocity at the lips. Terminating

the vocaf tract at the lips by a neflectionl-ess tube significantly

reduces the effect of the vocal- tnact resonances on the glottal

pulse waveforrn. Thenefore, the vofume velocity measu:led jn the

metaf tube is a neasonable apprcxjrnation of the glotrtal pulse

voÌume vetocity. Ttre glottal- puJ-se waveforms pnesented by MONSHI]

and Ð{GEBRETSON [1977] an:e for 10 nale and fennle spea]cers with

phonation over a wide range of vocaL effort and fundamental- fre-

quencies, for rnonosyllabl-e ard three-syll-able utterances.
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Ttre va.nious descriptions of tþe procedures used to measure

g]ofraI pulse volume vel-ocities indicate that none of the publish-

ed glottal pulse v,Erveforîns are true excitation v¡aveforrns fon the

voe¡-l- tract. Each of the pï'ocedtrnes used does not completely ne-

npve the effects of the voca-l- tract tlrrrrugh which the glottal- vol-

ume vel_ocity pa.sses. However, the enrons i¡r the glottal pulse

vaveforrns measured by these procedures is generally snall whert

companied with measurements taken of vocal- cord vibration from

rotion pictune studj-es.

using the published glofraJ- pulse vaveforms, a set of data

points (cl', n<f IUR(O)) is obtaj¡red by repeated use of the procedure

defi¡ed in Figr:re 4 .22, ard these data points are ptotted in Figure

4.30. The best fit poJ-ynomial- is deterrnj¡ed by the l-east squares

cun/e fitting aÌgonittm [f¡Ou¿nn 1965] as

R(1)

R(0)

(4.2s)

a¡rd is plotted in Figure 4.30. comparing this best fit polynonial-

r¿ith those obtained for the synthetic glottal pulses, i.e. Equa-

tions 4.20 a¡d 4.2+, shows reasonabfe sinr-ilarity. fn fact, the

best fit pol5nronial- fon real gÌottal pulses, i.e. Equation 4.25,

ties between the best fit poì-5rnomials for the ROSENBERG a¡d FANT

gÌottal pulse model-s. Hence, it appears that the data points

(o, n<f )/R(0)) generated fi:om syrthetic a¡d reaf glottal- pulses

are consistent with one another arrd, therefore, a si¡gle best fit

polynomia1 can be fou¡d which provides d accr:ratety for real or

s5rnthetic glottal Pulses.



ô
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Figure 4.31 prresents a plot of a-11 the data point" (o', R(1)/R(0))

generated to this Point, frrcrn synthetic and real- glottal pulses, h¡'ith

djJfererrt synrbols being used to i¡dicate if tne data point !€s genen-

ated from a re¿l on sSrnthetic g1otra1 puIse. T?te even spread of diJ-

ferent sSmbols in Figure 4,31 venifies the above conclusion thnt the

data poi.nt" (o', R(1)/R(0)) generated fnom real- on s,rnthetic glotÍal

pulses are consistent with one a¡rotlten'

The best fit polynomi,a] to the data points in Figr.u'e 4.31 is

fourd by the least squanes cun/e fitting algonitlrn [feO¡¡¿nn 1965]

AS

R(1)

R( 0)

(4.26)

Th,is best fit polynonial is deterrnined from a total- of 244 data

points genenated fuorn 69 real and 175 s5rnthetic glottal pulses'

covening the broad range of glot-tal puJ-se slnpes found i¡l voiced

speech. Equation 4.26 is the requi:red nelationship between d and

R(1)/R(0) which defi¡res the two/tlree adaptive pre-emplnsis fi-l-ter

when a sanpling frequency of 10 kil-ohertz is used and not ncre

tlen +12 dB per octave pne-ernpln'sis is required'

Equation 4.26 successfutly satisfies the necessary nequrjr€-

ments set out for the rel-ationship between o'a¡rd R(1)/R(0) at the

stant of this section, i.e. simpl-icity' accunacy of fit and con-

tinuity oven the range of R(1)/R(0) values. A di¡rect implementa-

tion of Equation 4.26 is not possible, since a val-ue of cl'is re-

qui:red from a ],rror.¡rr R(1)/R(0), and so' as it was deterrnined earli-

er, Equation 4.26 must be imptemented as a lookup table. Appendix

D presents the details a¡d the reduction in computations (hence
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faster eva}:ation of a) that occt¡rs tlnrrqgþ irnplønentation of

Eqr:ation 4.26 as a 1oo}<uP table'

4.4.2.2 Paramete¡r ß

vlhen greater tlran +12 dB per octave pr:e-ernplrasis is nequired

to renpve glottal pulse excitation effects from the::ecovered

acoustic tube strape, the trdc/thIlee adaptive pr^e-emphasis filter

uses tlree zeros. IÌ,¡c of these tlree zeros are fjxed at z = I,

while the thi$d is deterrni¡red by a parameten ß, vja a nel-ationship

with R(1)/R(0) of thre v¡aveform bejng arnlysed. Ttre purpose of

th_is section is to deterrni¡e the nelationship between R(1)/R(0)

a¡rd ß wÌ¡-ich produces a mi¡j¡¡n¡n area distance between the recover-

ed and onigirnl acoustic tube slnpes'

Repeateduseoftheproceduredefj¡edj¡Figure4.22for

different gloltal- pulse slnpes generates a set of data points

(nrr>un<g), ßJ from which the requì:red ::el-ationslip between

R(1)/R(0) a¡rd d is deterrnined' The requil:ements tlnt this

rel-ationship must satisfy are the same as those for the :rel-a-

tionship betr¡een cr'an¿ R(1)/R(0) deveÌoped in the previous sec-

tion, i.e. simplicity, accuracy of fit to the data points a¡d con-

tinuity over the rîange of R(l)/R(0) considered. fnvestigations

have shoun tllat fitti¡rg a polynornial- function to the data points

(ncrl/R(0), ß] satisfiesthenecessary nequi¡ements of the :rela-

tionship between R(l)/R(0) a¡rd ß'

The best fit pol5rnomj.al- to the data points (n<r)/R(g), ß'J ¡-.

the form



254

n lncrlì¿
r = ,!oorl--l

(4.27)

where n is the order of the best fit polynornial. Investigations

with various cun/e fittíng algonittns hrave shov¡n th¡at the same

l-east squ¿g€s cun/e fit-tiJ]g algorithm [t¡Onen¡ 1965] used to de-

ter,¡n-ine the relationship betr¡een d and R(1)/R(0) al-so provides an

accr:rate polynomial fit to the data points (nCfl/R(O), ßJ . The or-

der, n, of the best fit polynoniaÌ is that which mÍ¡ri¡nizes the devi-

ation between the data points and the best fit polynomial.

The data points (nCf>/R(o), $'] pÌotted in Figr.-¡Ile 4.23 are

generated by usìng glottal pulses derived from RQSENBERGTs glot-

tal pu]-se npdel B IRoSH{BERG 1971] (defi¡red by Equations 4'1 and

a¡rd 4.2) with the prrccedule detaiLed iJ] Figure ).22. A lange

spread of data points is fou¡rd in Figr::re 4.32 which causes la:rge

errÐlrs fon any type of fi¡rction fitting those data points. Hence,

the data points presented in Figure 4.32 are not acceptabl-e for

deternr-ini¡rg a nelationship between R(1)/R(0) and ß"

Investigations show that the data points in Figure 4.32 are

widespread because of a slope disconti¡ruity tfrat occurs in the syn-

thetic glottal pulse at cl-osi:re. Whenever a signal with a discon-

tinuity is pa.ssed tlrrough a filter containi¡g a zerc (i.e. a dif-

ferentiation is performed) then the relative nngnitude of the dis-

continuity i¡creases with respect to the rest of the signal. In

the calcul-ation of ß'the t$¡oltlrree adaptive pre-emphasis fil-ter

uses three zeros, a:rd it is found that the rnagnitude of the dis-

conti¡ruity becomes Ìa:rge enough for the procedure detajl-ed i¡

Figr:re 4.22 to find a d which attempts to renove the discontinuitS',

instead of the glottal. pulse shape.
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The value of the slope discontj¡uity in the glottal pulse

derived by ROSÐ'IBERGIs glottal pulse npdel B is total-1y dependent

on the pulse pa:ranreter: TN/T, and Figr.:re 4.32 shows that whenever

frlT clnnges, the value of d changes significarrtly. i^IhÍLe TtlT

is consta¡rt, an appr'oxïnately linær nel-ationship between R(1)/R(0)

ar¡] d occurs. Threrefore, it ean be concluded tþat wheneve¡ a syn-

thetic glottal pul-se Ìr,as a slope discontj¡uity, a spreading of data

poirrts (n{f)Zn{O), fl occurs, w}t-ich is due to the vafue of dbeing

higl,ly dependent on thre nngnitude of the slope discontiuity.

Itre other glottal pulse npdels considered in the pnevÍous

section, i.e. ROSENBERGTs glottal pulse npdels C and E a¡rd FAlfIf s

glottaJ- pulse npdel-, dl have slope disconti¡uities' artd so carmot

be used to fj¡d a relationship between R(1)/R(0) a¡rd d. ROSH{BERG

[1971] considered a glofral pulse rodel which has no slope dis-

contj¡ruities (i.e. model- D), but subjective testing found that

synthetic speech generated by using this gloltaÌ pulse ¡rpdel- ne-

sulted j¡r a-lrrost zero pr-efenence Scores. Hence, all the glofral

pulse npdels do not appear to provide acceptable data points

(ntf l/R(0), ßJ and, therefone, onfy real glo1tal puJ-ses derived

from pubÌished glottal pulse vaveforrns are considered i¡ this sec-

tion.

Figwe 4.33 presents a pJ-ot of the data points (nffl/R(g), ßJ

genenated by the procedure detail-ed i¡ Figure 4.22 with glottal

pulse waveforms derived from the published glottal pulse waveforms

Of MONSilJ ANd ÐtrGEBRETSON [1977]' ROTHENBERG [1973]' SOND}{I

[1975], SLINBERG and GAUFFIN [1978], M[]rER [1959], a:rd Fr/q\L{aqN

a¡rd lAlüDG¡g¡ [1968ì. Ttre best fit polynomia]- to the data points
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of Figre 4.33 is plotted j¡ that figr::re, a¡d deter'¡ni¡ed by the

least squares curve fitting atgoritlrn ILEoI'IARD 1965] as

g
R(1)

= -246.791 + 247.4].6--
R( 0)

(4.28)

Equation 4.28 defines the relationship between the pa:rameten ß of

the trno/tÏrnee adaptive p::e-emplnsis filten and R(l-)/R(0) of the

glofral pulse ldaveform, when its spectnal slope has a nagnitude

of approxinetely +12 dB per octave on greaten'

The coefficients of Equation 4.28 a¡e similar a¡¡d, since the

value of R(1)/R(0) is cl-ose to tnity, some problems nay be encoun-

tened when implementing ttris equation on a 1j¡nited vnrd length

computen or specialized mach-i¡re, i.e. Ia:rge emolrs can nesult

whren subtnacting two ntunbers which ane appr'oxirnatety the same.

An afterl-rative form of Equation 4.28 wh-ich j¡cneases the accuracy

of the resul-tant d for limited/snal-l- r¿crd length calculations is

Ë = 2.4741 (R-0.147)) (4. 29a)

whene

R(1)
- 0.99

R(0)
R- (4.29b)

100

The rel-ationship between ß a¡rd R(1)/R(0) defi¡ed by either

Equation 4.28 or Eqqation 4.29 is of simple forrn, nequirìng only

one rml-tiplication and some subtractionsl hence, fu npst situa-

tions, thene is no necessity for a lookup tabte, aS hras required

for the deterrni¡ation of d from R(1)/R(0) (see Section 4.4.2.1).

ff Equation 4.28 is used to calcul-ate d from R(1)/R(0), then there
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is a necessity to penforrn a subtnaction which requires long uord

lengths fon an accurate resul-t, and so j¡ th-is situation a lookup

tabte v¡culd be an advantage.

Ttre nr¡¡rben of glottal pulse vaveforms used to defi¡re the ne-

lationship betureen B a¡d R(1)/R(0), i.e. Eqgations 4.28 or 4'29,

is rn:ch sn-l1-er than th¡e nr¡riben of gJ-o1ta1 pulses used to define

the relationship between cr a¡rd R(1)/R(0) (see Section 4'4'2'1)'

Tt¡_is is due to the srnal-l-en occurrence of gIo1taI pulse wavefor'¡ns

with a spectua-l slope nagnitude gneaten than +12 dB per octave'

Hence, the accuracy of the relationshi-p betroeen d and R(1)/R(0)

defined by Equations 4.28 o:: 4.29 is l-ess ttnn the accunacy of

the rel-ationship between d a¡rd R(1)/R(0) deterrni¡ed i¡ Section

+.4.2.1 oven al-l possibJ-e glo1fa1 pulse r¡aveforrns'

Figqr.e 4.33 shows a¡ apparently ]a:rge spread of data points

around the best fit polynomial cunve, but a simil-ar spread of data

points is obse¡rved i¡r Section ).4.2.1 for a similar nange of R(1)/R(0).

Ttre snall- nange of R(1)/R(0) pnesented i¡r Figr:re 4.33 indicates that

the val-ue of R(1)/R(0) must be cal-cu.lated to a greater acci:racy tlnn

i¡r the case where cl is determiled from R(1)/R(0). Hence, the impte-

mentation of Equations 4.28 o:r 4.29 requires R(1)/R(0) to be cal-

cul-ated on relatively long word length nnchi¡res with relatively

Ia:rge computational accuracy, i.e. at l-east four significant figr:res.

The full range of ß'from zero to unity is not presented i'

Figure 4.33 because glottal putse waveforms derived from measi:red

glottal pu.i-se r¡aveforms coul-d not be found with spectral slope

nagnitudes approaching -18 dB per oetave. Hence, an exLralrclation

of the best fit polynomial curve, i.e. Equations 4.28 or 4.29, is
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used r^7hen d is ¡etween 0.5 and unity. The possibility tlnt the

best fit polynornial cun/e is not representive of the relationsh-ip

between d arr¿ R(1)/R(0) for d ¡et"een 0.5 arrd r:nity is i¡vestigated

r^itren tlre tr^¡cltlEee adaptive pre-emplnsis fjl-ter is evaluated i¡r

CÏnpten 5.

The bransition poi¡t where the two/three adaptive pne-emphasis

fil-ter ctranges from bei¡g defined by o to ß on vice vel?sa is deter-

ni¡red fnom Equations 4.28 or 4.29 as the val-ue of R(1)/R(0) when ß'

is zero. Equation 4.28 or Equation 4.29 deterrnj¡res the bra¡sition

poi¡t as R(1)/R(0) = 0.99747, so that the tr,p/thnee adaptive pne-

enphasis filten is defined by the parameten a when R(1)/R(0) is

l-ess thn¡r 0.99747, and by the parameten ß when R(1)/R(0) is gneat-

er tlnn 0.99747.

4.4.3 TN\ESTTGATTON OF SAI4PLING FREQUH{CY EFFECTS

The rel-ationships developed i¡ the previous section between

R(1)/R(0) arld the parameters o and ß of the tr¡c/three adaptive

pre-emplnsis fil-ten a:re only for one sampl-ing fnequency, i.e.

10 kiLohertz. A chnnge ìn sampJ-ing fnequency causes the va-l-ue

of R(1) to chnnge; hence, the nelationships between parameters

o and ß and the val-ue of R(1)/R(0) also chnnges. This section

nepeats the procedures used i¡r Section 4.+.2, and ilvestigates

the rel-ationships between R(1)/R(0) and the pa.nameters c and ß

for a uange of sampling fi:equencies which a::e connonÌy used in

speech analysis.
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SarylfuIg ñrequencies used in speech arnlysis vaIS/ oven a vride

range and depend on the application. Hor¡ever, the upper and lowen

bor:nds for the sampling fnequency are deterrnined by a nunber^ of

basic critenia. For voiced speech' a significa¡t loss of i¡for-

nation occurs if bandfjmiting to fess tlnn 3 kilohertz is penforrn-

ed, whiJ-e veny little i¡fornation exists a.bove 5 kilohertz.

IIYQUISTT5 salrpling theorem requi:res tlrat the sampling frequency

be at l-east tv¡ice the highest firequency comPonent of the sigrnl

bei¡g sarç1ed. Hence, fon voiced Sopnds, the lowest samplilg fue-

quency considered is a:¡ound 6 kilohertz, atrd the la:rgest aror:nd 10

kj-l-ohertz. Dle to the finite rol-I<ff of neal low pass fil-ters used

to ba¡rdlimit signals, a practical- ni¡ri¡n¡n sampling firequency for

voiced speech is a:rcund 6.5 kil-ohertz.

Fon the application of speech analysis to vocal tract sþ,ape

lrecovery, the sampling frequency is deterrni¡ed by the anpu¡rt of

detail- required j¡r the necovered vocal tract shape. For a samplilg

fnequency of ód ld^ i.rrteger) then dO+t¡'t discnete crÐss-sectional-

anei.s are r€covened from the speech waveform. ushg the upper and

lowæ bounds of sampling frequency deterrniled above, then between

I and 11 discrete vocal- tnact cross-sectional- aneas carr be r€cover-

ed from the speech r,'nveform. In npst cases, th-is is sufficient to

ernble al-Ì but the fi¡re detail- around the teeth to be observed'

Hence, only the nange of sampJ-ilg frequencies between 7 and 10

kilohertz is conside¡red for vocal- tnact shape recovery j¡r this

thesis.

*Assuming the velocíty of sound ís 34 cms/msec and a vocal tract
tracÈ length of 17 cms.
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Ttre pr.elimirury investigations of sampling fnequency effects

perforrned i¡ Section 4.3 showed that clnnges j¡ R(1)/R(0) are sig-

nificant, htnotLarge, for sampJ-ing frequency changes fnom 6 to

10 kil-ohertz. Threnefore, the relationships between R(L)/R(0) and

the pararneters 0 and ß are e>Qected to clnnge only sligþtly fon

the nange of sampling fuequencies defi¡red above, i.e. 7 to 10

kiloher.Ez. Hence, this section onJ-y investigates the relation-

ships between R(1)/R(0) and the pa:ranreters cx and ß of the twc/three

adaptive pre-emplasis fiLter for integen sampli:rg fnequencies of 7,

B and 9 kilohertz.

Ttre rel-ationships between R(1)/R(0) and the parameters o a¡rd

ß for the various sampling fnequencies are deterni¡red i¡r the same

rnanner aS those i¡r Section 4.4.2, i.e. for a sarnpling fuequency of

10 kil-ohertz. This prrrcedure deterrnines data points (n<f l/R(O), aJ

on (R{r>zR(o), g] for a particular gtol-tal pulse waveform, whene a'

a¡d d are the parameten values of the two/three adaptive pne-emphEtsis

fi-ften wh-ich provide a minimum a¡rea distance after a Pa:r'cor anaJ-ysis

of the pre-emplnsized glottat puJ-se waveform (see Figure 4'22) ' Ttre

nequi-::ed rel-ationships are then found by cr.r:rve fitting to a large

set of data points (nfr)ln(6), oJ or (n1r>Znto), ß]. This pro-

cedure erabl-es tj¡rear pnediction to tail-on the tr^¡clthnee adaptive

pne-emphasis filter to rencve the ncst significant portions of the

glottal pulse excitation from the speech waveform, and in a foose

sense enabl_es arr optirnal reduction i¡r area distances.

The glottal pulse waveforms used in the foll-owing sections

are denived from the sanne glottal pulse npdel-s and published glot-

ta1 pulse waveforms as used in Section 4.4.2. Each glottal pulse

waveform can on-ì.y be used to deterrnine one of the relationships
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between a' a¡n R(1)/R(0) or g'arrd R(I-)/R(O) ' Hence, the glottaJ-

puÌses are divided i¡rto tr,,o groups, with one gn)uP used j¡l the

foll-owing section (i.e. Section 4.4.3.1) to deterrni¡re the rela-

tionship between d and R(1)/R(0), md the other g'ouP being used

in Section 4.4.3 .2 to deterTni¡e the nel-ationship between d and

R(1)/R(0).

4.4.3.1 Pa:rameten a

Ttris section deterrni¡es the rel-ationships between d of the

tr,ro/thnee adaptive pre-emplrasis fi-l-ter and R(1)/R(0) of real- and

s¡rnthetic glol:tal- puJ-se waveforrns fon sampling fi:equencies of 7,

I and 9 kjl-ohertz. Repeated use of the process defj¡red in Figi:re

t+.22 for a large nr¡nber^ of different glottal pulse vraveforms gen-

enates a set of data points [n<f>ln<g), cr] fon each sampling fre-

quency. Deternri¡ation of a best fit fi:nction to each of these

sets of data points then produces the requíred relationships be-

tween d and R(1)/R(0).

Investigations slpw that the sets of data points (nCfl/R(O)' üJ

for the different sampling frequencies considered have the same

form as tlrose fon a sampling frequency of 10 kil-ohertz ' Ttrere-

fone, any best fit fi:nction has difficulty i]l fitting the steep

slope for R(1)/R(0) nea:r unity whil-e still providing an accurate

fit for the rest of the range of R(1)/R(0). Thre sol-ution to this

prrcblem is the saIìe one taken in Section 4.4.2.I, tlrat is to find

the invense relationship, i.e. R(1)/R(0) i¡r terms of cl', from the

data poirrt" (o', R(1)/R(0)) . This provides an appnoximately zero

slope fon R(1)/R(0) near r.¡rity, which perrnits a simple best fit

function to be used. The ilverse rel-ationship is therr used to
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define a loolcup table (see Appendix D) so tlnt d is for:nd quiclcly

and easily frcm a }sto¡,vn R(1)/R(0) value.

the best fit fi:nction that satisfies the requi-nements of

sinplicity, accuracy of fit and conti¡ruity oven the range of

R(l-)/R(o) vafues ís a pol5rnomial fi:nction. Thris best fit poly-

nonial is tþe sane aS ttnt used in Section 4.4.2'I, which is de-

fined by

.L
R(1) n

x cr(o') (4.30)
R(0) í=o

Ihe orde¡r, n, of the best fit pol5aron-ial is deterrni¡ed as that

wh-ich ninimizes the deviation between the data points a¡rd the

best fit polynornial. As for:nd in section 4.4.2, the least squar€s

cun/e fitring algoritlrn [f¡O¡¡enO 1965] provides an accurate fit of

the data points to the best fit polynomial. As i¡r Section 4'4'2'I,

a weighting fi:¡ction is used to ensure the polynoniaL is as close

to theendpoints (0,0) a¡d (1,1) as possible. The sparsity of

data points near (0,0) nequires such a weighting fpnction fon

the best fit polynomial to be close to (0'0)'

The glottal pulse vraveforms used to defj¡re the required rela-

tionsh-ip between d and R(1)/R(0) are genenated fncm the same sources

as used i¡ Section 4.4.2.I. Al-l- the s5rnthetic glottal pu'Ises are

derived from the glottal pulse nrodel-s B, C a¡d E of ROSH{BERG [1971]

and FAIIT's glottal pulse model- [1SZS1, with the same parameter

values as used in Section 4.4.2.1. The real glottal pufse \^iave-

forms are genenated fnom the same published glottat puJ-se waveforrns

[nOftfnVe¡Rc 1973, MONSEN and H{GEBRETSON 1-977 ' MI]J'ER 1959' SgNDHI

1975, SLTNDBERG a¡d GAUFFIN 19781 as used in Section 4.4.2.I.
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For a sarnpling fuequency of 9 kilohertz, tlrc se-t of data

poiats (cl', n<f )lR(0)) generated frontlre wide rarge of neal- and

synthetic glofra1 ¡nrlses is plotted in Figure 4.34. Diffenent

p1ottìng synbols a::e used in Figure 4.34 to j¡dicate which data

points are generated frcrn real a¡d wt¡-ich from synthetic g1otral

pulse vaveforrns. Thre even sprea.d of different plotting synbols

in Figur€ 4.34(b) slrows ttnt the synthetica-lIy gener^ated glottal

pulse l¡aveforrns are consisterrt with the nesults obtained from neal-

glottal pulse waveforrns, as for.rrd fon the 10 kilohertz sampling

fnequency case GJnsidered i¡r Section 4'4'2'1'

Ttre best fit polyrornial. to the data poiats ín Figu:ne 4.34 is

found by the least squares curve fit-ting aÌgorithm [t¡OXenO 1965]

AS

R(1)

R( 0)

(4.31)

A compa.rison of the above best fit polynonial with tlnt for a 10

kilohertz sampling frequency (i.e. Equation 4.26) revea-Ls only a

snnll_ variation in polynomial- coefficients, cL. Thenefore, it is

concluded that a waveform sampling frequency variation from 10 to

9 kil-ohert z løs only a '.r'll- 
effect on the relationship between o'

and R(1)/R(0).

The data points plotted in Figure 4.35 are genenated with the

sarre glottal pulse r¿aveforms used to generate Figr:re 4.34, but

sanpted at a frequency of B kil-ohertz. Different plotting s5zm-

bol-s are used to i]-ldicate those data points genenated from real

and those frrrm synthetic gl-otral pulse waveforrns ' an an even

spread of tlpse synrbots is observed, as i¡r the case of 10 and
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9 kilohertz sampling frequencies (see Figtre 4.31 ar¡d 4.34' re-

spectively). Ttre best fit pol-ynornial to the data points in Figrnr"e

4.35 is for.rnd by the least squares curye fitting algonitlrn ILEoMRD

19651 as

R(1)

R(0)

Compa:rison of this best fit poJ-ynornial with ttrose fon a sampling

fuequency of 10 or I kjl-ohertz (i.e. Equations 4.26 and 4.31' ne-

spectively) reveals only srEll variations i¡r the best fit pofy-

nomia-l coefficients, C¿. Thereforer a waveforrn sampling frequency

va:riation betwee¡r 10 and 8 kilohertz (j¡cl-usive) l¡as only a ff|al-I

effect on the nel-ationship betvæen a'and R(l)/R(0)'

Thre l-ast vaveforTn sampling fnequency considered i¡r this sec-

tion is one of 7 kil-ohentz. Figu:re 4.36 presents the data points

[d', R(1)/R(0)J generated frcrn the same g1o1ta1 pulse vaveforms and

by thre same a¡alysis procedure as used to generate Figures 4'31t

4.34 and 4.35 (i.e. those fon 10, 9 and B kil-ohertz sampling fre-

quencies, :respeetively), but sampled at 7 kilohætz. Data poìnts

in Figure 4.36 genenated from nea-l- on s5mthetic glottal pulse

waveforms are disti¡rguished by the use of different ptotting

synbols. An even spread of plofri¡g synrbols in Figu:re 4.36

stows a consistency between the real- a]-ld s¡rnthetic glofra]

pulse waveforms.

Using the Least squanes cun/e fitting algorithm IIEO\IARD

19651, the best fit poJ-yrrornial to the data points of Figure 4.36

(4.32)

l-s
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R(1)r\\+' 
= 3.205(ct) _ 3.14g(o)2 + I.I27(ú3

R(2)

(4. 33 )

A significarrt difference j¡ best fit polynornial coefficients, cí,

is obse:ved when those for a sampling fnequency of 7 kiloheyEz (i'e'

Equation 4.33) are cornPared with those for samplÌng fneque¡lcies of

10, 9 and I kilohertz (i.e. Eqr.rations 4.261 4.31 and ).32, nespec-

tively). Threrefore, the relationship beüoeen d and R(1)/R(0) is

only significantly affected for a waveforrn sarpling frequency of

Less tlran I kilohertz.

The si¡nilanity of best fit polSrnomia-l- coefficei¡rts for samplj.ng

firequencies of 10, 9 and B kitohertz (see Equations 4.26' 4.31 and

4.32, respectively) suggests th¡at a single best fit pot5momial- can

be used to descri-be the rel-ationship between o'and R(1)/R(0) ' Ttre

significant spread of datapointsabout the best fit pol-ynornials is

found to be larger tlnn the variation i¡r best fit polynornials for

samplìng fnequencies of 10, I and B kilohertz; hence' it is not

critical- to ]alow the best fit pol5rnomial- coefficients to a high

degnee of accuracy, i.e. tv¡c significant figures woul-d be suffi-

cient.Ingenenal-,there]-ativelyÌar.gespneadofdatapoints

about the best fit polynomial- indicates that the errÐr il] using

a best fit polSrnornial- to deterrni¡re a val-ue of o, for which the

tr¡o/thr"ee adaptive pre-emplrasis filter produces a rnì¡imum area

distalce, is nmch larger thnn the errors produced by clnngil]g

the samplirrg frequency.

In conclusion, the i¡rvestigations of this section have shot''rt

thnt sampting fnequencies betr¡een 10 and B ]cilohertz, i¡clusive,

do not Ìnve a significaat effect on the nelationsh-ip betr'veen cl'

and R(1)/R(0). For samplj.ng frequencies of less tlEn B Ìcilohertz,
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the nelationsfuip betv¡een d and R(1)/R(0) is affected sligþt]y.

Howeven, thechnngei¡ the reLationship between cl'and R(l)/R(0)

fcr al-I sanpling frequencies considened is much sraller tln¡ the

spread of data points (cr', ntf>ZR(o)) used to genenate this rel-a-

tionship. Hence, fon samplilg frequencies betvseen 10 and B kil-o-

hertz, inclusive, a suitable relationship betr¡een d and R(1)/R(0)

is

R(1) (4.34)
R( 0)

For a sanpling frequency of 7 kilohrstz, the nelationship between

d and R(1)/R(0) is

R(1)

R(0)

(4. 3s )

although the j¡rvestigations i¡r this section suggest that usi¡g

Equation 4.34 j:r the 7 kjl-ohertz sampling fnequency case r¿cu1d

produce sjmil-a:r values of o'.

4.4.3.2 Parameter B

This section j¡rvestigates the effects on the rel-ationship be-

tween g'ar,¿ R(1)/R(0), for the tr^¡clttrnee adaptive pre-emphasis fil-

ten, when sampling fnequencies of 9, B and 7 kilohertz a¡e used'

The glottal pulse waveforrns used to generate the relationship be-

tween ß'and R(1)/R(0) are derived only fncm the published glottal

waveforrns of MONSÐï and HTIGEBRETSON [fSZz], ROT]IEIIBERG [1973]'

SONDHI [rSZS1, SUNBERG a¡rd GAUFFTN [1978], MITJER [1959], and

F|r\IL\A\N and lAlrlDGRAf [1968]. The reason fon not using glottal

pulse waveforrns derived frorn the gJ-ottal pulse ¡nodel-s of ROSEIIIBERG
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[1971] and FA]¡T [1979] is pnesented jn Section )-4.2-2. The same

procedr:re is used to generate the relationships between ß/ a¡td

R(1)/R(0) for the different sanpli¡rg fnequencies as was used i¡

Section 4.4.2.2 for a sampling frequency of 10 kilohertz (see

Figr.rre 4.22) .

A best fit fi:nction defines a relationship between ß/ a¡¿

R(1)/R(0) fnom the data point" (d, R(1)/R(0)), and the form of

ttat fi¡nction is a pol5znornial defined by

n lnrrll"
u = ,!oorl--l

(4.36)

i.e. tlre same pol¡rnomial- forrn as used i¡r Section ).4.2.2 fon a

sampJ_ing frequerrcy of 10 kilohertz. lhe order, n, of the poly-

nornial- fi:nction is determi¡red as tlnt which rninimizes the deviation

between the data points and the polynomial' fr.r¡rction val-ues' A

l-east squares curve fitting al-gonithm ILEoIùqRD 1965] is used to

deterrni¡re the pol5rnornial fi:rrction which best fits the data and,

hence, is referred to as the best fit pol5rnonial'

Al-l the glottal pulse uraveforms used to defi¡re the relatÍon-

ship betwe"r ß'a¡d R(1)/R(0) i¡ section 4.4.2.2 are nesampled at

9 kilohertz arrd, by usilg the procedr:re defi¡red j¡r Figu:re 4'22,

a set of data points (O', nff>ZR(o)) is generated a¡d plotted in

Figure 4.37. The best fit polynonial to the data points of Figr:r:e

4.37 is plotted in tl6t figure, and deterrnined by the least sqaunes

curve fitting algorithm ILEONARD 1965] as

R(1)
d= -29+.826 + 295.625-

R(0)
(4. 37 )
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Tlre þa¡sition poi¡t, which is the value of R(1)/R(0) a.bove wÌÉch

Equation 4.37 is used to define the tt¿c/tlree adaptive pne-emphasis

fiLter is 0.99730. An alterqÌative forrn of Equation 4.37, which in-

creaæs the accr¡racy of the calculated d for lirnited/snal-I r'prd

length computations is

É = 2.9s63 (R-0.7297) (4. 3Ba)

vùrere

R(1)
- 0.99

R( 0)
ft= (4.38b)

100

Resanpling the glottal pulse waveforms used i¡r Figr:re 4.37

(i.e. whe::e a sampling frequency of 9 kilohertz is used) at a

sanpling fuequency of B kilohentz, artð. using the procedr:re defined

in Figu:re q.22, a set of data points (O', nCf>/R(0)) is genenated

and plotted j¡ Figr:re 4.38. Usiag the least squares fitting al-

gorithm of LEOItrARD [1965], the best fit polynornial to the data

poìnts of Figr.u,e 4.38, which is plotted i¡ that fi-gu:re, is

R(1)
d= -34t.561 + 342.549-

R( 0)
(4.3e)

The va-lue of R(1)/R(0) above which Equation 4.39 is used to define

the two/thnee adaptive pne-ernplnsis filter, i.e. the transition

poj¡t, is 0.gg7l2. An alternative forrn of Equation 4.39 which

i¡creases the acculracy of ß'cal-culated i¡r situations where l-imited/

srnal-l r^rord tength computations are performed is

ß'= g.4255 (R -0.7116) (4 .40a)
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where

R(1)
- 0.99

R( 0)
p= (4.40b)

100

Figune 4.39 presents the data pointt (g', R(1)/R(O)) genenated

by samplil]g the glolta] pulse v¡avefonns used to generate Figwes

4.33, 4.37 and 4.38, at a sampling fnequency Of 7 kilohertz, fol'

lowed by the p::ocedtre defj¡ed in Figr:re 4.22. A best fit poly-

nonia-l (which is plotted in Figune 4.39) to the data points of

Figr:re 4.39 is obtai¡red by usilg the least squanes curve fitting

algorithn of LEOMRD [1965], and has the forrn

R(1)
d=-309.26I+370.372-

R( 0)
(4 .41)

The value of R(1)/R(0) above which the two/thrnee adaptive pre-

emphnsis fjlten is defj¡red by Equation 4.4f i'e' the tra¡rsition

poil1t, is 0.99700. Fon situations where l-imited/snaLl t"prd

lengths a::e used to perform computations' a¡ al-tennative forrn

of Equation 4.41 is

ß'= g.1037 (R-0.7000) (4.42a)

where

R(1)
- 0.99

R( 0)
R- (4.42b)

100

Itre spread of data points about the best fit polyrrornial- in

Figr.:res 4.37 r 4.38 and 4.39 appea:rs large, but is si¡nilar to the
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spr€ad of data points observed in Figr-ure 4.33 fon the 10 kilohertz

sarpling frequency case. The ful-l range of ß'fnom zero to qnity

is not preserrted in Figr:res 4.37, 4.38 a¡rd 4.39 because of the

lacl< of glo1fa-l Pufse vavefonlìs the spectraÌ sloPe of wldch is

app:rcxinntely -18 dB per octave. Hence, an exLnapol-ation of the

best fit pollnornial-s is used fon va-l-ues of d tlnt are greater tlnn

the nange of ß'presented in Figr:re 4.37, 4.38 a¡d 4.39. Fon a par-

ticular gIofral pulse waveform, the values of R(1)/R(0) decrease

with decneasjng samPljng frequency, and so the nange of R(1)/R(0)

presented in Figrrlìe 4.37, 4.38 and 4.39 is meJ-1en for s.m-l-len

sarpüng frrequencies.

A comparison of the best fit polynomia-l-s fon sanpling fre-

quencies of 10, 9, B a¡rd 7 kil-ohertz is presented in Fig¡re 4.40'

with ttre data points used to defi¡re tlrose best fit polynornials'

The need for differrent relationships between d and R(1)/R(0) for

diffenent sampling fnequencies is Sho\^¡rì in Figr:re 4'40' In general,

Figr.Fe 4.40 shows that, as the sarpling frequency decreases, the

slope of the best fit polynomial i¡rcreases and the tnansition Poirrt

(i... the val-ue of R(1)/R(0) when d is zern¡) decreases i¡r val-ue.

4.4.4 TTTE T1^IO/TIIRffi ADAPTIVE PRE-E}f}IASIS FILTER

A new adaptive pne-emphasis fil-ter, called the tr"¡o/thn'ee

adaptive pre-emphnsis filter, Ìns been defined to accor.:¡t fon

glottal pulse t5rpe excitations of acoustic tubes, and thenefore

provide improved aclcustic tube slape recovelly. The form of the

two/fl-rree adaptive pre-emphasis filter is defi¡red to overcome the

inadequaeies of conventional pne-empLr,asis fil-tens but retai¡ their

advantages on successful- features.
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Þçenirnents penformed i¡ the early part of this ctnpter showed

ttat the necover:ed acoustic tube stnpe l^ias cl-ose to the oniginal

acoustic tube shape when the spectra,l slope of the pre-emplnsis

fil-te¡r and glottal pulse v¡aveforrn Ìnve equal nagnitudes but op-

posite signs. Thenefore, the spectnal slope variation of the twc/

tlree adaptive pre-emphasis filter nn:st be at least the same as

the obse:¡¡ed spectraÌ slope variation in glottal pulse waveforrns,

which is from -B dB to -17 dB per octave. Hence, the fo¡rn of the

tr,o/three adaptive pre-emphasis filte¡r Ïtas two zenf,S when less

¡¡6¡ +12 dB per octave spectnal correction is necessar5Z, i'e'

(I - az-\2 (4.43 )

and ttree zeros, tn/ith tr,¡o fjxed, when betr¡een +12 dB a:rd +18 dB

pol octave spectnal- correction is necessary, i'e'

(1_z_r)zç1_gz_r) (4 .44 )

During the jnvestigations of the conventional pne-emphasis

techrriques, ít was for¡rd that a reasonabl-e i¡dication of the

spectral slope of the g]-ottal- pulse waveforrn is given by the

ratio R(1)/R(0), which is eval-uated frr¡m the autocornel-ation

f¡nction of the speech v¡aveform. Using the ratio R(1)/R(0) per-

rnits a¡r autornatic adaption to unvoiced and voiced sourrds (a¡ ad-

vantage of the adaptive pr:e-emplnsis filters of I4ARKEL and GRAY

[1974] and MAKFIOUL and VTS\^IANIAT]IAN [fgZ+]) to be inconporated i]ìto

the tr,p/tLrree adaptive pre-emphr,asis fil-ter'

The val-ue of cl or^ ß used i¡r the tr¡o/three adaptive pne-

emphasis fitter for a particular vafue of R(1)/R(0) is obtai¡red

from empirical- relationships between cr a¡d R(1)/R(0) or ß a¡rd

R(1)/R(0). If the tr^p/three adaptive pne-emphasis filter com-
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pletely accounts fon a glottal pulse vfaveforrn, ttren an impulse ne-

sults wlr,ich, when analysed by a li¡ean paredictive arnlysist recovers

an acoustic tube with no cross-sectional area clnnges, ca11ed the

ideal acoustic tube shape. Hence, the empi:rical- nelationships be-

tween o and R(1)/R(0) ard ß and R(1)/R(0) are deterrni¡red fnrm best

fit cr¡:¡¡es to data points (cr, nCfl/R(O)) and (g', n<f>ZR(O)) , where

d a¡¿ ß aefine the two/tlnree adaptive pne-enplrasis fjl-ter such

that a glottal pulse v¡aveforrn when pre-emphasized by the tr¡c/thnee

adaptive pre-emplnsis fiJ-ter followed by a linear predictive arnly-

sis resul-ts i¡ the snnl-lest area distance between necovered and

ideal- acoustic tube shaPes.

The gtottal pulse waveforrns used to defi¡e the relationsh-ip

between d a¡¿ R(1)/R(0) and g'a¡rd R(1)/R(0) a:re generated from

glottal pulse npdel-s or derived from measi:::ed glottal puÌse Ûüave-

forms published by various researchers. Due to difficul-ties i¡

fifiìng cun/es to step slopes, the inverse relationship, i.e.

R(1)/R(0) i¡ terms of cl', was determj¡red a¡d used to generate

a lookup tabl-e so tlnt vafues of c¿'can be found for particul-ar

values of R(1)/R(0).

For a r,,¡aveform sampling fnequency of 10 kil-ohentz, the rel-a-

tionsh-ip for R(1)/R(0) i¡ terrns of q'was deterrnined as

The relationship between d a¡td R(1)/R(0) for a waveform sampling

fnequency of 10 kil-ohertz v'ras for:nd as

R(1)

R(0)

(4.4s)

fntr>l
d = _2+0.7s1 + 247.416|.__l (4 .46 )
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Eqr:ation 4.45 is used when R(1)/R(0) is less tlra¡r 0.99747, and

Eqr:ation 4.46 is used when R(1)/R(0) is greaten than 0'99747 '

The vafue of R(1)/R(0) equal to 0. ggTt+7 is call-ed the tnansition

value, on trartsition Point.

Investigations were performed to deterrnine if a chnnge in

waveforrn sampling fuequency causes a clrange i¡r the empirical re-

lationships betveen d a¡r¿ R(1)/R(0) or ß'and R(l)/R(0). Fon

sampling fnequerrcies between 10 and 8 kjl-ohertz, i¡clusive, it

was s¡ov¡ t¡at changes j¡ the relationships between d and R(1)/R(0)

were much snal_len th¡an the spnead of data points used to defj¡e the

rel_ationships between dand R(1)/R(0). Hence, Equation 4.45 is used

to define d for a pa-rticr.r-Ia:r value of R(1)/R(0) when the sampling

fuequency is less thn¡ or equal to 10 kilohertz, but gneater than

or equal to B kj-l-ohextz. Fon a sanplilg fuequency of 7 kil-ohertz,

the relationship between d a¡d R(1)/R(0) is significantly differerrt

fnrm the rel-ationslr-ip for sampling fnequencies between 10 and B

kil-ohentz, inclusive. Therefore, if the sampting frequency is

7 kil-ohertz, then the rel-ationship used to deterrni¡e q' from a

pa.rticulan val-ue of R(l)/R(0) is

R(1)

R( 0)

(4.47 )

The nel-ationship between ß an¿ R(1)/R(0) was found to clnnge

significantly as the sampling frequency chnnged. At sanpling fre-

quencies of 9, I and 7 kil-ohertz, t:rle empiricaÌ nel-ationships be-

tween d and R(1)/R(0) were deterrnined to be

R(1)
d= -29+.826 + 295.625-

R(0)
(4 .48 )
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fon a sampling frequency of 9 kil-ohertz,

R(1)
d= -34t.561 + 342.549-

R(0)

for a sarpling fnequency of 8 kilohertz, and

R(1)
d= -909.26t+ 370.372-

R( 0)

(4.4e)

(4. s0)

for a sarpling frequency of 7 kilohertz'

Sjnce the relationship betv¡een ß'and R(1)/R(0) clranges with

sarpling frequency, the tra¡rsition poi¡t, at which the t$roltlll'ee

adaptive pre-emphasis filter clnnges from being defi¡red by the

parareter cr to bejng defined by the parameter ß on vice vellsat

a-Iso clnnges. For sampling fnequencies of 9r B and 7 kilohertzt

theüensitionpoints wene for:nd to be 0.99730, 0'99712 and 0'99700'

respectivelY.

4.5 SUMMARY

This clapten las investigated the excitation and necovery of

a set of acoustic tubes by glottal pulse waveforms sirnil-a:r to those

used to excite the vocal- tract fon the production of voiced speech.

Thre glottal pulse v¡aveforrns were genenated from glottal pulse

npdel-s, or derived from glottal pulse v¡aveforrns measqred by a

number of speech researchers. A wide range of gloltal pulse

shapes wer:e used so that the wide range of glottal pulse shapes

th,at occur fon the numerous voiced sounds and diffenent spe:kers

are considered.
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The effects of glot.ta-l pulse vaveform excitation on the

acoustic tube stape recoverred by a li].lea:r predictive analysis

vÊr€ presented, and it was shown tlrat gross errors i¡ acoustic

tube shape r€coveny occur. These nesr:-l-ts support simila¡ research

pnesented by other speech::esearehens; ther:efor:e, there exists a

need for a procedr.:re on method which can accor:nt for glottal pulse

excitation jf accr:rate acoustic tube shape r€cover5/ is to be

achieved.

A nr:nrber of conventiOnaf means to overcome glottal puJ-se ex-

citation effects on the recovered acoustic tube shape were i¡ves-

tigated. closed gloltis j¡rterval arnl-ysis was discussed, and the

tr_igh dependence of an accurate acoustic tube ShaPe r€coverS/ on ac-

cr¡rate deterrnj¡ation of the closed glottis i¡terval- was shor^¡n.

ûther disadvantages of the closed glottis i¡rterval analysis were

discussed, which i¡cl-uded the ì.napplicability of the analysis

method fon weakl-y voiced a¡rd al-so high pitched sor:nds.

c¡nventional pne-emplnsis techniques were discussed, and

evaluated with s5rnthetic speech waveforrns to determine their

effectiveness at renoving glofraJ- pu.Ise excitation effects from

therecoveredacoustic tube shape. A constarrt +12 dB per octave

pre-emptnsis was found to provide ìmproved acoustic tube shape

recovery only when the gl-ottal pulse waveform, used to excite

the acoustic tube shape, has a spectral slope of approxi:nately

-12 dB per octave. Sj¡rce gloltal- pulse waveforrns have spectnal

sl_opes tlnt va¡y widely from -12 dB per: octave, a constant +12

dB pen octave pre-emphasis does not, in genenal, provide good

acoustic tube shaPe recovery.
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An adaptive pre-emphasis fjl-ten, based on tlnt pnesented by

MARKEL and GRAY [lgZ+] a¡rd MAKIOUL a¡¡d VIS!,JAI'¡AT]I,AN [fgz'+] which

uses the ratio R(1)/R(0) to define the anpt¡r¡t of pne-emphrasis ap-

plied to the acoustic vaveform before analysis, r,\tr-Is eva-l-uated. An

improvement i¡r acoustic tube shape necovery ua.s observed when com-

pared with the acoustic tube slapes r€covered by using no pne-

emplnsis on a +12 dB per octave pne-emph,asis but, il genenal., good

acoustic tube shape recovery does not occur. The adaptive pre-

emphasis fiJten was shpu¡n to cause the lack of ínprcvement j¡

acoustic tube shape recovery, nathen tha¡r the concept of using

R(1)/R(0) as an j¡dicator fon the anpunt of spectnal slope correc-

tion that slrouÌd be applied to the acoustic v¡aveform before anafy-

sis.

Another adaptive pre-emphr,asis filter, that of NAl(A"Ifl'fA et al-

[fgZ+], v,¡Ers eva-l-uated with synthetic speech rn¡aveforrns. Tl-ris adap-

tive pr.e-emphasis fi-l-ter consists of second and third order cr.iti-

cal damping digital fiÌtens j¡r cascade, with the necessity of

solving polSrnonials of order tl¡ree and five to defi¡re the tr^¡o

digitat fifters. Eval-uation of the adaptive pre-empÌ'rasis filter

of lttAKA"IfMA et a-l- [1974] s]rowed t]rat poor acoustic tube shape re-

covery nesul-ted, wh-ich va.s sirnilar to tlnt obtailed by using no

pre-emphnsis.

It r^as concl-uded that, in general , none of the available pre-

emplnsis techrriques couLd guarantee good acoustic tube strape re-

covery when acoustic tubes ane excited by glottal pulse rn¡aveforms.

However, dr:ning the eval-uation of the avaj-l-abl-e pre-emplnsis tech-

niques, it was for¡nd thnt good acoustic tube shnpe recovery rray be

achieved if a spectral- comection is used wh-ich is equal, but op-
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posite in sign, to the spectnal slope of the glotta-l Pul-se vlave-

frlcm. The val-ue of R(1)/R(0) was found to provide a useful jftdi-

cation of the g1ofra1 pulse waveformrs spec1::ral slope'

A new adaptive pr€-emphËsis filten, cal-1ed the tbD/three

adaptive pne-emplnsis fitten, has been defj¡red to provide imprrcved

acoustic tube shape recovelly when a set of acoustic tubes is ex-

cited by glottal pulse waveforrns. Ttre two/three adaptive pne-

emphnsis filten consists of tr¡o parts, one part defiled by a para-

neter o corrects for glottal pulse spectral slopes between zero

and -12 dB pæ octave, and the other pa¡t defined by the parameten

ß copects fo:r glottal- pulse spectral slopes betr¡een -l-2 dB ar¡d

-1g dB pen octave. The values of q a¡d ß used i¡l a pa¡ticula:r

situation are obtai¡ed from empirical expressions between PaIa-

meter a a¡rd R(1)/R(0), md parameten ß a¡d R(1)/R(0)' These em-

pirical expressions aLe determi¡red by findi¡g a best fit cr::rve to

the data points (c, nCr)/R(o)) and (e', nCll/R(o)) , where a and d

define the t\^plthree adaptive pr:e-emplrasis filter such tlnt a tr¡c/

three adaptive pre-emphasis of the glottal puJ-se waveform, followed

by a linear predictive anatysis, results j¡ the sn'alÌest area dis-

ta¡ce between recovered and origìnal acoustic tu}'e shapes.

A number of different waveform sarnpling frequencies between

10 and 7 kil-ohertz, incl-usive, were used, and slrot^¡-r to affect the

relationships between cr'and R(1)/R(0) a¡d d a¡d R(1)/R(0) to vari-

ous degrees. The rel-ationship between cr'and R(l)/R(0) onl-y chalged

significantly when a waveform sampling frequency of 7 ]cil-ohertz was

used, whereas the rel-ationship between ß'and R(1)/R(0) changed sig-

nificantl_y as the waveform samplirrg frequency changed.
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CHAPTER 5

EVALUATION OF THE

TI^IOITI{REE ADAPTIVE PRE-EIVIPIIASIS FI LTER

5.1 INTRODUCTION

Investigations penforrned in Ctnpten 4 lead to the defi¡ition

of a new adaptive pr€-emphasis filter, called the th¡o/three adap-

tive pre-emphasis filter, to rernove glottal- pulse excitation ef-

fects from an acoustic tube shape recovered by a linear p:redictive

anal-ysis. Ttr-is chnpten describes the evaluation of the tr,rc/thnee

adaptive pre-emphasis filter to deterrnj¡re if Jmproved acoustic

tube/vocal- tract shape necovery is achieved.

The tr^o/tþ::ee adaptive pne-emphasis fil-ter j-s defi¡red by tt^ro

pa:rameters, o and ß, which are, in tr.u.t-t, evaluated via a relation-

shr-ip with R(1)/R(0) of the waveforrn being arnlysed. Si¡rce the tr¡o

pa.::ametens a a¡d ß and their relationships with R(1)/R(0) are com-

pleteJ-y independent of one another, the evaluation of each is per-

formed spearately. The waveform sampJ-ing frequency was shor^m i¡

Ctrapter 4 to have a SIIEI-I- effect on the nel-ationships between the

pa:rameter cr and R(1)/R(0), and the lxrameter ß and R(l)/R(0).

Ttre perfol:rlunce of the tr¡o/thnee adaptive pre-emphnsis fil-ten

is cornpaned with that of existing pne-emphasis techniques. For

this compa.nison, no pre-emphasis, a constant +12 dB per octave

pre-emphasis (as used in nrost speech analysis techniques) a¡d

the unvoiced/voiced adaptive pre-emphnsis fii-ter derived from

the rio::k of GRAY and I,IARKEL [1974] a¡rd MA]GIC.IUL and VISV\¡ANIATFI\NI
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[1974] (see Chapter 4) are used. The desi-ned goal of pre-emptasÍs

techniques is to provide accurate acoustic tube shape recovery'

and so tlre effectiveness of a pne-e¡rplnsis techn-ique is deterrni¡ed

by comparing recovered arrc1 origirnl acoustic tube slnpes. Companí-

SonS of acoustic tube shapes ane prirnarily nade by the a¡rea dis-

tance measur€ defi¡red in Chapten 2, and secondly from pJ-ots of the

acoustic tube shapes when the acoustic tube Sltapes ar'e Similar or

tlre area distarce nte¿rsune produces ambiguous resul-ts.

Evaluation of the two/tlree adaptive pne-emphasis fil-ten is

firstly perforrned with glottal pulse wavefonns genenated from the

g1o1-tal pul-se models of ROSENBERG [1971] and FAIIT [1979], and then

with measr.u-ed glottal pulse va.veforms from published papens IRQSil-

1973, MONSH{ and H{GEBRHTSON 1977, MIT'TER 1959, SONDHI 1975, and

SUNDBERG ard GALIFFIN 1978]. The glottal pulse vnvefonrns derived

fron published paPers are digitized by using a data tabl-et undqr

the control of a rnini-computen to oversee and store the digitized

data. The separation of waveforrn poj¡ts which are digitized is

deternri¡ed by the sampling peniod or fnequency nequired. l¡lhere

possibl-e, the glottal- pulse waveforrns used i¡r thr-is clnpter ane

different fnom tlpse used to deterrnine the rel-ationships between

a and R(1)/R(0) a¡d ß and R(1)/R(0).

Followilg the evaftration of the th¡c/tlrree adaptive pre-

emplnsis fil-ter wì-th glottal pulse waveforms, i.e. in Section

5.2, an evaluation using s¡nrthetic speech data is pnesented in

Section 5.3. The genenation of the synthetic speech is detail-ed

in Appendix B, with the glottal pulse waveforrns of Section 5.2 be-

ing used as the excitation. Synthetic speech provides a¡ accurate

eval-uation, because the or.igìnal acoustic tube shape is ictor''ni,
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therefore a ccrnparison of recovered and onigina-1 acoustic tube

sÏìapes is possi-ble. To ensur€ ttnt the nesul-ts of the eva-h¡ations

using synthetic speectr are consistent with eva}¡ations usi¡g real

Speech, the acoustic tube slapes used to gerrerate synthetic speech

a:re de¡rived frolrl nea-l vocal tnact shapesr aS preserrted in Appendix

It is difficult to evaLr:ate the two/three adaptive pre-

enpt¡¿sis fitter withreal speech, as the vocal- tnact shrape used

to pnoduce a pa:ticular: speech sound is difficul-t to obtaj¡r.

Itrowever, an indication of an im¡xovenent i¡r vocaL tract StlaPe

recovery is obtained by comparing the necovered acoustic tube

Slnpe hlith measured vocal tnact slnpes fo:: sirnilar speech sounds'

fn this ctnpter, wlpre an evaluation with real speech is perfornred'

i.e. seetion 5.4, recove::ed acoustic tube strapes ane companed with

r¡cca-1 tnact sÌìapes meas¡red by FAlrlT [1960] (see Appendix C) '

Ttre eval-uation nesul-ts preserrted in this chapter are very de-

tailed, and attempt to coven a wide nange of sitr:ations and condi-

tions tÌ¡at occur fo:: five vowel sounds. If the reader does not

wish to read the detailed evai-uations pnesented i¡ the following

sections, it is suggested tlnt he skip to the sr:nurar¡2, where all

the evaluation resutts ar€ discussed and a table sr¡¡nnrizi¡g the

eval-uation nesul-ts is pnesented.
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5.2 EVALUATION WITH GLOTTAL PULSES

Tlre design PrÐcess used j¡ Chrapter 4 tailored the tlro/tþee

adaptive pne-emplnsis filter to the properrties of glo1tal pulse

tlpe excitation hTavefortns. Ttris approach v€ts used so that the

two/thnee adaptive pre-emphrasis fil-ter cor:l-d rerÞve the glottal

pulse r,rraveform properties frclm the speech vaveforrn a¡rd so provide

improved voc¡-l tnact ShaPe necovery. Ttrerefore, it is appropriate

to perforrn the j¡ritiaL evaluation of the tr¡o/tlree adaptive pre-

emphasis filter with gl-ottal- pulse waveforms.

All tT|e glottat pulse r^raveforrns used i¡r this section are

eitlrqr s¡rnthetic or denived from measured gl-oltal- pul-se waveforms

[nOSn{BEne 1973, MONSSrI a¡d E}IGEBRETSgN 1977,l"trIJFR 1959' S9NDF1Ï

1975, SLNDBERG a¡d GAUTFIN 19781. Ttre s¡rnthetic glofral puJ-ses

ar€ generated from the glotta] pulse modefs of ROSBIBERG [1971]

and FANI [l-gZg]. L]nLess otherryise indicated, all the glottal

pulse waveforrns used in this section a:re different from tlpse

used i¡r chnpter 4, where the two/tlrree adaptive p:re-emphasis

fil-ter r^¡as defined.

The process used to eval-uate the t\^¡clthree adaptive pre-

emphnsis fil-ter j¡ tnis section firstJ-y passes the glot;tal pulse

waveforrn thrrough the adaptive pre-emphasis fjl-ten. The resultilg

output from the fil-ter is the¡ analysed by a Parcon analysis pro-

cedr.rre, i.e. a¡ autocorrel-ation forrnulation of l-j¡ear prediction,

to produce a ltecovered acoustic tube shnpe. If the two/thlree

adaptive pne-emphasis filter completely corrects for the glottal

puÌse vnveforrn, then the output vnveform from the fil-ter is an

impulse, fncm which a Parcor analysis recovers an acoustic tube

shEpe with no change in cr¡¡ss-sectional- a-r€a over its length.
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Hence, the effectiveness of the tlnto/ttree adaptive pre-emptnsis

filter is measr.:red by the sjmil-arity of the recovsred acoustic

tube shape (gerrerated by ttre above prrccess) to one with no crÐSS-

sectiorra-l a:nea clnnges oven its lerrgth. The area dista¡rce rtgasune

described i¡ Section 2.5 is used to me¡sune the simiLa:rity of

acoustic tube slaPes.

T\¿o conventional Pre-emPlgsis teclçriques are used to pnovide

a corparison for the results of the two/thnee adaptive pre-

erplrasis evalu,ation and, therefone, to determine if any improve-

ment jn acoustic tube slnpe necover5¡ is achieved by usi¡g the tr'o/

three adaptive Pre-emPf6sis fil-ten. Ttre conventional pr"e-emptnsis

tectrniques are a +I2 dB per octave pre-emphasis a¡d/on the unvoiced/

voiced adaptive pr€-emphEsis filten derived from the work of GRAY

and MARKEL [1974] a¡rd MAKHOuL arld VIS\^JA]¡AIHAN [1974]. A discus-

sion of both tþese conventioiral- pre-emplnsis teclrriques is pre-

sented i¡ Section 4.3.

The two/thrree adaptive pre-emphasis filter consists of tt^¡o

i¡dependent pa.rts, as defi¡ed j¡ Section 4.4.4. Whenever the

glottal pulse spectral slope is greater thnn approxirnately -12

dB pen octave, then a paremeter cl defi¡res the two/tlrree adaptive

pre-emplrasis fii-ter. For a gJ-o1-tal pulse spectnal- sl-ope l-ess thn¡

-12 dB per octave, the tv,¡olthree adaptive pre-emphasis filter is

defi¡ed by a par.ameter ß. section 5.2.1 contajls the eval-uation

with gl-ottal pulse waveforms of the. two/three adaptive pne-emphasis

fiLter when it is defi¡red by the parameten cr. The evaluation of

the two/three adaptive pre-emphasis fi-l-ter- when defi¡ed by the

parameter ß is presented j¡r Section 5'2'2'
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For tt¡e eval-r¡ations penforrned i¡r Sections 5.2.1 a¡rd 5.2.2, a

sarpli¡g fr^equency of 10 kilohertz is used. Section 4.4.3 shrowed

that different sarpli:rg frequencies had a¡r effect on the form of

the tr¡c/tÏree adaptive pre-emplnsis fil-ter. section 5.2.3 pre-

sents a¡r eva-Luation of the t$þ/tlree adaptive pre-emplr,asis fil-ten

with glottal pulse eravefonns fon the sarpling fnequencies of 9' 8

arrd 7 kilohertz.

5.2.1 PARAMHIER o

Ttris section evaluates the th¡c/thnee adaptive Pre-emphasis

filter with gl-ottal pulse waveforrns when the filter is defined by

the paremeten 0. The vafue of cr used i¡r each case is obtai¡ed

frun the natio R(1)/R(0), which is eval-uated from the g1o1tal

pulse raveforrn, as descrjbed in ctrapter 4 a¡rd Appendix D.

Figr:re 5.1 presents a plot of the a¡ea distances between the

recove:red and ideal (i.e. one \^7ith no cross-sectional- area clnnges)

acoustic tube shapes for no pre-emplnsis, a constant +12 dB per oc-

tave pre-emphasis, an unvoiced/voiced adaptive pre-emphasis, arid a

tr^p/thlree adaptive pne-emplrasis of gì-ottal pulse waveforms ' versus

the value of R(1)/R(0) withj¡r the nange of 0.95 to near unity'

The glottal pulse waveforyns used to generate the data points in

Figr:re 5.1 ane derived f¡om the glo1tal pulse nrodel-s B, c and E

of ROSilIBERG [1971].

Figr.:re 5.1 slpws the resu-l-ts of a +12 dB per octave pr€-

emphnsis and an r.rnvoiced/voiced adaptive pne-emphnsis to be sjrni-

l-a¡. This is expected, si¡rce the unvoiced/voiced adaptive pre-

emphasis fil,ter was designed to provide a +I2 dB per octave pre-
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emphasis when R(1) /Rrc) is nean unity. The const-1¡ +12 dB pen

octave and unvoiced/voiced adaptive pre-emplnses only provide a

reduction j¡r area distances, when ccrnpaned with no pre-emphrasis,

for R(1)/R(0) close to r.nity. For aIL the nesu-l-ts pnesented in

Figr-u'e 5.1, tl1e tr,o/thpee adaptive pre-emPlnsis produces the smal-l-

est ¿rnea distances.

Figure 5.2 plots the area distances betr,æen recovened and

ideal_ acoustic tube sþ,apes for no pre-emplasis, a +12 dB Per oc-

tave pne-emplnsis, and unvoiced/voiced and tr^¡clth¡ree adaptive pre-

emplnses of glottal pulse waveforms derived frrcm ROSENBERG's [1971]

glottal pulse rÞdel-s B, c and E, vensus R(1)/R(0) in the range zero

to 0.95. The area dista¡ces for a +12 dB pen octave pre-emphasis

a¡¡d a¡r unvoiced/voiced adaptive pr€-elphasis are seerr j.¡ Figr:r'e

5.2 to be much larger ttnn for no pne-emphnsis on a two/thnee

adaptive pre-emphnsis. Therefore, Figr-u'e 5.3 presents the data

points of Figrre 5.2 fon only no pne-emphasis a¡rd a two/thnee

adaptive pre-emphnsis .

Observation of Figr:re 5.2 shows that a considerabl-e reduction

j¡r area dista¡ces and, hence, effective removal of glot-tat pulses

is achieved by the two/tlrree adaptive pre-emphasis jl comparison

with the othæ pre-emphnses considered, when R(1)/R(0) is between

zero and 0.95. In ccrnparison with no pre-emphasis, the tr¡o/tbree

adaptive pre-emplnsis is sho\,rn in Figure 5.3 to produce a large

reduction in area distances when R(1)/R(0) is near 0.95, and sirni-

lar a:r'ea distances when R(1)/R(0) is ne¡r' zero'
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Hence, for the nange of R(1)/R(0) fnon zero to r.rrity, the

two/three adaptive pne-emptrasis of the gloltal pulse waveforms

de:rived from ROSEIIBERGTs glottal pulse models B, C and E, prrcvides

a significant neduction j¡r area distance when corpared with no pre-

ernplnsis. Oven the same range of R(1)/R(0), a very large neduction

of a::ea distances is achieved by a two/thnee adaptive pre-emplnsis

in companison with a constant +12 dB pen octave and unvoiced/voiced

adaptive pre-emPln ses .

Figune S.4 presents a plot of anea distances between recovered

a¡d ideal acoustic tube shrapes for no pr"e-emphasis, a consta¡rt +12

dB per octave pre-emphrasis, and unvoiced/voiced and troc/tlrree adap-

tive pre-emph,ases of glottal- pulse v¡aveforrns derived from FAlJTf s

[1979] glo1rtal pulse npdet, vensus R(1)/R(0) il^l the nange 0.95 to

unity. The constant +12 dB per octave pre-emplasis and the unvoiced/

voiced adaptive pre-emptrasis produce sjrni-la-r area distances in Figr:re

S.4, as observed for glottal pulse waveforrns derived f-rom ROSEMERGTs

gJ-ottal pulse nodel-s. Ttre consta¡t +12 dB pen octave pne-emplrasis

and unvoiced/voiced adaptive pre-emphasis only provide sna-l-l-er area

distarces tlnn no pre-emphasis when R(1)/R(0) is cfose to unity, as

obsenved ìn Figrine 5. 1.

Figure 5.5 plots the area distalces betv¡een recovered ard

ideal- acoustic tube shnpes for no Pr€-enphasis' aIr unvoiced/voiced

adaptive pre-emphasis a¡rd a tü¡c/thnee adaptive pre-emphnsis of

glottaÌ pulse waveforrns derived from FAlrl-Its glottal pulse model,

versus R(1)/R(0) i:r the range zenc to 0.95. Area dista¡ces for

a +I2 dB per octave pre-emphasis are not presented, as they are

nmch larger tlnn the area distances of Figune 5.5, sinr-iJa:r to

those for the ROSH{BERG glottal pulses in Figr:r'e 5.2. Figr:re
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S.5 slrows that the a:r'ea distances fon the t¡nvoiced/voiced adaptive

pre-emplnsis are much larger tt¡an fon no pne-emptrasis a¡¡d a tr^o/

tþnee adaptive pre-emptnsis, except when they are si¡nilar fon

R(1)/R(0) close to zero. fhe a.nea distances fon the t"p/thnee adap-

tive p¡e-emphasis are the snnJ-lest of al-l- the pre-emplrases considen-

ed.

Eval-uations with glolrtal pulse v¡aveforms derived from the

gtottat pulse models of ROSEITBERG [1971] a¡rd FAltlT [fgZg] tnve

slror,,¡n that a tvuo/tbee adaptive pne-ernplnsis filter provides

consistently srnller a:rea distances thnn the other pne-emplrasis

teclrniques considered, including no pre-emphrasis, fon R(1)/R(0)

nanging from zeno to near unity. Over the same nange of R(1)/R(0) '

the existing pre-emplnses, i. e. +I2 dB pen octave a¡rd unvoiced/

voiced adaptive, produce much Ìargelr anea distances tlnn no pre-

emplnsis and the two/thnee adaptive pre-emplnsis, with the onJ-y

exceptions being when R(1)/R(0) is close to zero on unity.

Arr evaluation of the two/thrree adaptive pre-emplnsis fil-ter is

performed with a nunrber of glottal pulse waveforms derived from real

glot;¡al pulse waveforrns measured by ROSil[BERG [1973], f4QNSHtl and

H{GEBRETSON [1977], MIT,TER [rgsg], SONDHI [1975], and SUNDBERG a¡d

GAUFFIN [1978]. The area distances verlsus R(1)/R(0) for no pre-

emphasis , a +I2 dB per octave ard unvoiced/voiced a¡rd tr'o/three

adaptive pne-ernphrases of glolta1 pulses derived from the above

sources are presented i¡ Figur:e 5.6.

lrhen R(l)/R(O) is near 0.998, Figr.nre 5.6 shows tlet the +12

dB pen octave a¡rd urrvoiced/voiced adaptive pre-emplr,ases provide

a significa¡rt reduction in area distances when compa:red with no
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pre-eÍIphasis. Horoever, as previously observed, the neduction i¡

a¡ea distance decneases as R(l)/R(0) decneases' unti-l- R(1)/R(0)

is near 0.95, wl¡en tle al'ea distances for no p¡e-emphasis a:r'e

snnller. For tÏ¡e tu¡o/tlnree adaptive pre-erphasis, a significarrt

reduction in a:rea distances is observed i¡ Figure 5.6t j¡ compari-

son with the other pre-emphasis techniques, including no Pne-

emphasis.

A conrparison of tlre nesul-ts obtaj¡ed by usi:rg different glot-

tal pulse npdel-s and glottal pulse vaveforrns derived from measured

glottal pulses, i.e. a conparison of Figr.u'es 5.1 to 5.6, shows a

consistency of gena'at tre¡rds. TtÉs sr:ggests that the eva}:ations

presented j¡ this section can be consider€d as a reliable repre-

sentation of genæal ùrends tlnt occur for a1l- glottal pulse ex-

citation v¡aveforrns vfrren pre-emphrasized by the tectrniques consider-

ed irr th-is section.

The evafuations presented in this section have slrou¡n tlat the

tr,o/three adaptive pre-emphnsis filter consistently provides a sig-

nificant neduction jn a-rea distances in comparison with no pre-

emphnsis, a const-1 +12 dB pen octave pr:e-emphasis and a¡ u¡rvoiced/

voiced adaptive Pne-enphasis of gl-otta1 pulse waveforms derived

from glottaÌ pulse nrodels and measr:red glo1ta1 pulse waveforms'

Both the constant +12 dB per octave pre-emplasis a¡rd the u¡rvoiced/

voiced adaptive pre-emphasis'were shov¡rr to produce much larger area

distances tlnl no pre-emplrasis and the two/thrr:ee adaptive pre-

emphasis, except when R(1)/R(0) is nea:r zerÐ or unity.
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5.2.2 PARA}ETER ß

Th-is section evafuates the troc/three adaptive pre-emphr,asis

fil-ter with gl-ottal pulse waveforrns when the fil-ter is defined by

the parameten ß. The value of ß used j¡r each case is obtai¡ed f¡om

the ratio R(1)/R(0), which is eva-l-uated frr¡m the glottal pulse I^¡ave-

form, as described i¡ Chapter 4 and Appendix D.

Figr.:re 5.7 presents the a¡ea distances betr¡een recovened artd

ideal- (i.e. an acoustic tube shape with no cross-sectional- area

change) acoustic tube shapes for no pre-emphasis, a constant +12

dB pæ octave pre-emphnsis, an wrvoiced/voiced adaptive pre-emphrasis

and a two/tl¡ree adaptive pre-emphasis of gloltal- pulse waveforms

versus R(1)/R(0). .{1f the gÌo1tal pulse waveforms used to generate

the data points of Figure 5.7 are derived from the ROS IBERG [1971]

glottal- pulse nrodefs B' C and E.

The area dista¡ces for no pre-emphnsis of the glo1ta] pulse

r¡aveforms are found in Figure 5.7 to be much larger than the area

distances for the othen pre-emphases considered in Figqre 5.7.

The area distances for the tr¡c/three adaptive pre-emphasis fj-Iter

are slprn¡n in Figur-e 5 .7 to be snaller than a constant +12 dB per

octave pre-emphasis a¡rd an ¡nvoiced/voiced adaptive pre-emphasis,

when R(D/R(O) is near 0.9978, i.e. the snallest va.l-ue of R(1)/R(0)

considered in Figure 5.7.

The range of R(1)/R(0) considered in Figr.:re 5.7 is close to

unity, and so the unvoiced/voiced adaptive pre-erphasis filter pro-

vides approxi:rntely +12 dB per ocatve pre-emphasis; thenefore, the

area distarìces for a consta¡rt. +12 dB per octave and unvoiced/voiced

adaptive pre-emphases are similar in Figure 5.7. The evaluation of
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the tbro/thrree adaptive pre-emplrasis fjlten with glottal pulse

waveforrns from ROSHTIBERG|s glottal pulse npdels Ìns slrov'm tlnt

a neduction in area distarces occurs in comparison with existi.ng

pre-emphasis techniques only when R(1)/R(0) is nea:r the tnansition

value, i.e. the va-Iue of R(1)/R(0) at which the tülo/tlree adaptive

pre-ernptnsis fil-ter- clranges f::om bej¡rg defiaed by o to ß on vice

versa.

A plot of area dista¡ces versus R(1)/R(0) for no pne-emphasis,

a +I2 dB pen octave a¡rd unvoiced/voiced and thro/tlree adaptive pne-

emphases of glottal pulse waveforms denived from the glottal pulse

rpdel- of FAlrl'I [fgZg] are presented i¡r Figr::re 5.8. The a:rea dis-

tances for no pre-emphasis of the gÌottal pulse waveforrns are seen

to be much larger tlnn any of tlre other pre-emphnses i¡r Figure 5. B .

This is consisterrt with the eva-l-uation resufts presented in Figr:ne

5.7, wheneglofral-pulse waveforms derived fron ROSÐiBERGts glottal

npdels rære used.

fn gene:ral-, Figure 5.8(b) shows tlnt a two/tlrree adaptive

pre-emphnsis of a glottal pulse waveform defjned by the FAI'trT gtot-

tal pulse nrodel produces snel-l-en area distances thnn the other pre-

emphrases used. This general- reduction in a:rea distances occurs

over the full range of R(1)/R(0) presented in Figure 5.8, which

ìmplies that the two/thrree adaptive pre-emphasisisnpre effective

fon gtottal pulse waveforms derived from the FAIXT gloLta1 pulse

npdel thnn for those denived from the ROSENBERG gIo1tal pulse

model-, i.e. by ccrnpa:ri¡rg Figure 5.7 and 5.8.
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using glottal pulse waveforrns derived from published glottat

pulse v¡.aveforrns of MONSBtr and BtrGEBRETSQN ltgllf, ROIIIIMERG

[1973], SONDII [1975], SUNDBERG and GAUFFIN [1978], I'IILTER [1959],

and FIAIIAGAII and IAITIDGRAF [1968], a plot of a:rea distances versus

R(1)/R(0) fon no pre-e¡npþasis. a r].2 dB pen octave pne-emphasis,

and unvoiced/voiced a¡d two/three adaptive pre-empleses is pnesented

in Figr:ne 5.9. Ttte area distances in Figrre 5.9 nesul-ting from no

pre-emplnsis of the glottal pulse v¡aveforrns are rmrch larger tlnrt

those fon thre other pne-emplnses. TÏris observation is consistent

with the evaluation results fon glottal pulse waveforms derived

from glottal pulse rodels pnesented in Figure 5.7 and 5.8-

Figure 5.9(b) slpws that, in general, a two/tlrnee adaptive

pne-emphasis of glottal pulse vaveforrns der^ived from real- glottal

puJ-se waveforms results j¡ welte¡r area distances tlnrr for the

other pne-emplrases considered. fn the few cases where the above

statement is incorrect, the area distances of al-l- tlrree pre-

emphases have simila¡ vafues. Ttte neduction i¡r area distances

achieved by the tr¡c/tlrree adaptive pre-emphasis fil-ter, in Fig¡re

5.9, occurs over the full- range of R(1)/R(0) considened j¡ Figr:re

5.9, which is consistent with the evaluations pnesented in Figr-rne

5. B for glottal pulse waveforms frorn the FAlrlT glottal- pulse npdel.

Tn general, the evaluations presented jn this section have

shpv¡-r that the two/tlree adaptive pne-emphasis fil-ter", when defj¡red

by the parameter ß, provides a snnfl reduction i¡ area distances

when compared with other pre-emphasis techrniques (including no

pre-emplnsis). The reduction i¡r area distances is snn-l-l- when

compared witn that ach-ieved by the t¡p/tl^rree adaptive pr€-ernplnsis

filter when defined by the parameter o, i.e. as presented in Section
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5.2.1 However, since a general reduction j¡ a:rea distances is

achieved, even ttpugh it is sna11, it is an advantage to use the

tr^p/tÌ¡nee adaptíve pne-emplnsis filten in preference to the othen

pne-emphasis techniques considened he¡re.

5. 2.3 SAÌ,IPLING FREQUH{CrES

The relationships between the panameten a and R(l-)/R(O) a¡rd

the parameten ß and R(1)/R(0), which defj¡re the t$þ/three adaptive

pre-emphasis fil-te¡r, I^Iene slpwrr in Chapter 4 to be dependent on

the vaveform sampling fnequerrcy used. Threse relationships have

been defined i¡ Chnpter 4 for u¡aveforrn sanpling frequencies of

10, 9, I and 7 kil-ohertz. Evaluation of the two/thee adaptive

pne-emplrasis filter hns been perforrned with glotïal pulse waveforrns

sanpled at a frequency of 10 kilohertz in Sections 5.2.1 and 5.2.2.

This section evafuates the troc/three adaptive pre-emphnsis fil-ten

with glottal pulse waveforms thnt have been sampl-ed at frequencies

of 9, B a¡d 7 kil-ohertz.

The effects of v¡aveforrn sampling frequency a:re diffenent for

tlre two ìndependent pa:rts of the two/three adaptive pre-emph,asis

fiJ-ter, i.e. ttrat defj¡ed by the paranreter cr and that defi¡red by

the parameter ß; therefore, the perforrnance of each part at dif-

ferent waveform sampling frequencies is presented sepa:rately.

Sections 5. 2 . 3 .1 and 5. 2 . 3. 2 present the perfornence of the tr^¡cl

thnee adaptive pre-emplrasis filter when defined by the pa:r'ameters

çr and p, respectively, for pne-emphasis of glo-tta} pulse v¡aveforms

sampled at a fnequency of I' B and 7 kil-oher"tz.
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5.2.3.1 Parameter. o

It has been slpv¡n ìn Ctnpten 4 tlnt the nate at which the

analog vaveforrn is sampled affects the nel-ationshr-ip between the

panameter o of the two/thnee adaptive pne-emphnsis and the value

of R(1)/R(0). An eval-uation of the tr,o/thrnee adaptive pre-emphnsis

filter fon a samplìng f::equency of 10 kil-ohertz l^ras presented i¡

Section 5.2.I, a¡d this section penforrns an evaluation for sampJ-ing

frequencies of 9, B and 7 kllohertz. The relationship between o

and R(1)/R(0) is the sane for: sanpling fnequencies between 10 and

B kil-ohertz, irclusive, but different for a samplilg frequency of

7 ]cil-ohertz.

All the evaluations presented i¡r this section a:re in the form

of area dista¡rces betneen recovered and ideal- (i.e. no crlfss-

sectiornl- a.nea change over its lenglh) acoustic tube shapes versus

R(1)/R(0), which is eval-uated fn¡m the glottal pulse waveform.

The glottaÌ pulse waveforms a:ne generated from the glottal pulse

nrodeLs of ROSENBERG [1971] and FAlrlT [fgZg], or derived from the

published glottal pulse vnveforrns measured by ROSHTIBERG [1973]'

l'trLLER [1959], SONDHT IrSZS], ard SLI{DBERG a¡rd GAUFFIN [1978].

Figures 5.10, 5.11and5.12 present anea distances versus

R(1)/R(0) fon no pre-emplnsis, a +12 dB per octave pre-emphasis

(figures 5.10(a), 5.11(a) and 5.12(a) orûy), and unvoiced/voiced

and tr¡c/thrree adaptive pne-emplnses of gl-o1tal puJ-se waveforms,

fotlowed by a conventional Parcor analysis, for sanpling fre-

quencies of 9, B and 7 kil-ohentz, respectively. The area dis-

ta¡ces for a +12 dB per octave pne-emphasis are not presented

when R(1)/R(0) is less than 0.95, because they are very large.
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The tnends of a:r'ea distance verlsus R(1)/R(0) are observed i¡r

Figr.r'e 5.10 to be sjmil-ar to thcse occtrrt'ing fon a sampli¡g fne-

quency of 10 kilohertz (see Section 5.2.I). The two/thnee adap-

tive pre-ernphasis fil-ten is slpvm in Figure 5.10 to produce much

snal-Ien area distances tlra¡r those fon no pne-emphasis and a¡

unvoiced/voiced adaptive pre-emphasis. V'lhen R(1)/R(0) is close

to r:nity, then simifa:r a:rea distances occur fon a +12 dB pen oc-

tave pre-emphnsis and the unvoiced/voieed and tr"¡olttnnee adaptive

pre-onphases. These observations are consistent with those fo:r

a sarlPl_i]1g fnequency of 10 kilohertz (see section 5.2.I); thene-

fore, a sampli¡g fuequency between 10 and 9 kilohertz, irclusive,

does not significantly affect the penformance of the two/thnee

adaptive pr:e-emphasis fil-ter.

Tþends of area dista¡rces versus R(1)/R(0) a:re obser"ved i¡

Figr:re 5.11 to be sjmilar to thrcse presented i¡r Section 5.2.1,

where a sampling fnequency of 10 kilohertz is used. The two/

thnee adaptive pre-emphasis fjl-ter is shcum in Fígr:re 5.11 to

provide a large reduction in area dista¡ces i:r comparison with

those for no ppe-emplrasis and a¡ unvoiced/voiceO adaptive pre-

emphasis. Si¡nil-ar a:rea distances occur for the +12 dB per octave

pre-emphasis and the u¡rvoiced/voiced ard two/thrree adaptive pr"e-

emplrases, when R(1)/R(0) is near r:ni\2. The reduction i¡ anea

distances by the tr,o/tlree adaptive pre-emphnsis j¡r comparison

with the other pre-emphases considened is srnal-ler for a sampling

frequency of B kil-ohertz thn¡r for sanpling frequencies of 10 and

9 kil-ohe¡tz. However, the reduction i¡r a:rea distances is stil-l-

significant; therefore, ther:e exists adefi¡iteadvantage j¡ using

the two/thnee adaptive pne-emphasis filter i¡r prefenence to other

pre-emphasis techniques .
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Observation of Figge 5.12 and a ccrnparison witn figr:nes 5.10

ard 5.1_1 and the evaluations presented j¡r Section 5.2.1 fon a

sampling frequency of 10 kiLohertz slpws si¡nil-ar tnends i¡r anea

distance versus R(1)/R(0) occurs for samplilg fnequencies of 7,

B, I ard 10 kiloher.tz. The neduction j¡r area distances for a tr"¡cl

three adaptive pre-emphasis i¡r companison with the othen pre-

empTnses considened is s¡nl-le¡¡ fon a sarnpling frequency of 7 kiLo-

he¡rtz tlnn occi¡rs for sampling frequencies of 10, 9 ar¡d B kilohertz.

Howeven, the neduction in area distances is sti1l large, artd shows

that the tr,o/ttrnee adaptive pre-emphasis filter p¡ovides a sig-

nifiea¡t improvement, h comparison with othen pre-ernphnsis tech-

niques, i:r accognting for glottal pulse excitation effects for

sanpì_ing fnequencies between 10 and 7 kitohertz, inclusive.

A ccrnparison of a¡ea distances for a tl,Jolthnee adaptive pre-

emplnsis (when defi¡red by the parameter o) of glottal puJ-se \dave-

forrns for sampling fnequencies of 10, 9, B and 7 kitohertz is pre-

sented in Figr:ne 5.13. Observation of Figr:re 5.13 shows thnt the

area distances for different sampJ-ing frequencies are si¡rilar'

Therefore, it can be concl-uded that the rel-ationships between q

and R(1)/R(0) defi¡red in Chapten 4 have been successful- ín renrovìng

the effects of a clnnge in sanrplìng fi:equency between 10 and 7 kilo-

hertz, inclusive.

Ttre eval-uations presented il this section have shov¿n thnt t

when the two/thrree adaptive pne-empllasis filter is defi¡red by the

parameter a, the penformance of the two/thrree adaptive pre-emphasis

fil_ten i¡r removi¡g glottal- pulse excitation effects on the lrecover-

ed acoustic tube shape is not significantiy affected by a change ìn

sampling frequency betr^æen 10 arrd 7 kilohertz, inclusive.
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5.2.3.2 Pa¡aneter ß

An evaluation of the two/ttrree adaptive pre-emphasis filter

wherr defi¡red by the pa:rameten ß htas pr€sented i¡r Section 5.2.2 fon

a waveform sampling frequency of 10 kilohertz. This section evalu-

ates the two/tlrree adaptive pre-emplnsis when it is defj¡red by the

panameter ß, ild vaveforrn sampling fnequencies of 9, B and 7 kil-o-

he¡tz are used. Tte nel-ationstr-ip betr¡een ß a¡d R(1)/R(0) which is

used to defj¡e the two/three adaptive pre-emphasis filter clnnges

r^rith diffq:ent sampling fnequencies' as discussed in Cbapter 4.

Al-1 the eval:ations of the two/three adaptive pre'emptnsis

are presented as area distnaces between necovered and ideal (i.e.

no cnoss-sectional area clnnge over its length) acoustic tube

slrapes versus the value of R(1)/R(0), which is evaluated from

the glottal pulse waveforrns. The gloltal v¡aveforrns used to pen-

forrn the eval-uations presented i¡r thl-is section are der^ived frr¡m

published glottal pulse waveforrns of MONSIII a¡rd ENGEBRETSON llgllf '

ROTT{g{BERG [1973], SOND]II [rgZS], SUNDBERG and GAUFFIN [1978],

t"trrJER [fsss1, ard FL$L\OqN and LADNGRAF [1968].

For sanpliJlg frequencies of 9, B a¡rd 7 kil-ohentz, Figunes

5.1+, 5.15 ard 5.16, respectively, present the area distances

versus R(1)/R(0) for no pne-emphnsis, a +12 dB per octave pre-

emphrasis and the urrvoiced/voiced a¡rd two/tþree adaptive pre-

ernphases of glottal pulse vaveforrns fol-towed bya conventional-

Parcor l-j¡rear pnedictive analysis. These results, coupled with

thcse pr:esented i¡r Section 5. 2 . 2 , provide eval-uations of the two/

thnee adaptive pre-emphasis fil-ter, when defined by the parameter

ß, for the range of sampling frequencies from 10 to 7 kilohentz,

i¡rcl-usive.
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Figu::es 5.14to 5.L6 show that the tT,¡olthnee adaptive pne-

enphasis fitten prrcvJ-des considerably snnJ-lelr area distances tlra¡r

no pre-empTrasis fon sampling frequencies of 9, B and 7 kilohertz.

Considerably srn-llen area distances for the tr¡o/thnee adaptive

pre-emphasis fil-ter are observed i¡ Figr:re 5.9, whene the waveforrn

sanpling frequency of 10 kil-ohertz is used. Thenefore, the two/

three adaptive Pne-emPhasis filter, when defi¡red by the parameten

ß, produces a large rreduction i¡ area distances in comparison with

no pre-errplrasis when the v¡aveforrn sampling fnequencies ane between

10 and 7 kilohertz, ilclusive. The actuaL anpr:¡rt by which the

area distances a¡e :reduced if a two/thrnee pne-ernptnsis fil-ter

is used j¡stead of no pne-emplrasis i¡rcreases as the sampling

fuequency decneases.

The a:rea distances for a +12 dB per octave and unvoiced/voiced

adaptive pre-emphases ane similar in Figrpes 5.14 ' 5.15 and 5 .16 '
wllich is consistent \dith the eval-uation nesufts of Figipe 5. 9 

'
wlere the v¡aveforrn sanpling frequency is 10 kilohertz. In all

but a few cases, the two/tt¡ree adaptive pne-emphasis filter is

shov¡rr in Figures 5.14, 5.15 a¡d 5.16 to produce a reduction i¡

area di-stances when ccrnpared with the area dista¡ces of a +12

dB pæ octave pre-ernpÏìasis and arr unvoiced/voiced adaptive pre-

emplnsis. For each sampling frequency, the anpunt by which an

area distance neduction is achieved by using the two/thnee adaptive

pre-emphnsis filter varies a great deal- but, in general, is S.j.re.ll-

compared with the area dista¡ce neduction achieved by the two/

thnee adaptive pre-emphasis filter when it is defined by the PaIa-

meter o¿.
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A ccrnparison of the area distnaces for the thtc/ttree adaptive

pre-ernphasis fi-Lten (when defi¡ed by the paranreten ß) fon the wave-

forrn sampling fnequerrcies of 10r 9, B and 7 kil-ohertz is preserrted

i:r Figune 5.17. As the sampling f:lequerrcy decr:eases, a general ne-

duction in a:rea distance vafues is observed in Figr:re 5.17. As ex-

pected from the discussions of Section 4.4.3.2, the nange of R(1)/R(0)

for a reduction in sampling fuequency shifts toværds snallen va-l-ues of

R(1)/R(0). In general, these effects a¡re snall, and it can be con-

cl-uded thnt on-1y rni¡ror ctnnges j¡ area distances occur due to a clmge

in samplirrg fnequencY-

Ttrerefore, the nesul-ts presented j¡r this section and those

pnesented il Figi-r'e 5. 9 show that a reduction i¡r area di-stances

is achieved by the two/three adaptive pre-emphasi-s fi-l-ter when

compared hiith the area distances fon no p:re-emphasis, a +12 dB

pen octave pre-enrphasis and an unvoiced/voiced adaptive pne-

emphasis for sampling frequencies betr¡een 10 and 7 kilohertz.

A large ::eduction i¡r a:nea dista¡rces occurs for the two/three

adaptive pr.e-emphasis i¡ comlxrison with no pre-emphasis, but

only a g1al-l reduction j¡r area distances ir comlxlison witl-r

+12 dB pen octave pre-emphasis and a¡ r¡nrtoiced/voiced adaptive

pre-emplnsis. In general, the nesu.lts presented j¡r th-is section

show thnt the nel-ationships between ß and R(1)/R(0) developed in

Chapter 4 have been successful in renrovi¡rg the effects of a change

in samplìng fnequency between 10 and 7 kilohertz, iriclusive.
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5.3 EVALUATION l^lITH SYNTHETIC SPEECH DATA

The tr^p/tlree adaptive pre-emplrasis fil-ter is designed to ne-

nove glottal pulse excitation effects from the speech vaveforrn so

that implroved acoustic tube slepe recovery Inay be ach-ieved' An

eval-uation of the tr,,¡clthrree adaptive pne-emplnsis filter^ with real

speech is difficult due to the problems of obtaj¡ing vocal tnact

shapes for the parLicular speeeh sor:nds bei¡rg arnlysed' Ttris sec-

tion perforrns an evaluation of the two/tlnree adaptive pre-emplrasis

filter with synthetic speech data, which overcomes the probJ-erns

with usj¡g reaÌ speech data, since the o::igirnt acoustic tube

shape is lcnor^m.

The procedr:r-e for gener:ati¡g the s¡nrthetic speech data is de-

tail-ed i]] Appendix B. All- the glol;tal pul-se waveforrns used i¡r

gerrerating the synthetic speech a¡e the same as tlrose used j¡r Sec-

tion 5.2. Ttre source of the gÌottal pulse waveforms is either the

glottal pulse npdefs of ROSÐtrBERG [1971] a¡d FA\IT [fgZg] or pub-

Iished glottal pulse waveforms IR9SS{BERG 1973' Mg}ISgtI and

ENGEBRETSON 1977, MILLER 1959' SONDHI 1975' SUNDBERG and GAUFFIN

1978]. The origi¡al- acoustic tube shapes used are derived from

FA\nts [1970] measr:red vocaf tract s]npes for Russiar vowels, as

described ìn Appendix C. These origìnal acoustic tube shnpes are

used to provide synthetic speech which is as close as possibl-e to

neal speech. The two/tlrree adaptive pre-emphasis filter does not

correct for radiation from the tenn-i¡ration of the acoustic tubes

and, therefone, a lossless terrni¡ration of the original acoustic

tube, '.e. 
UrU = *1, is used to avoid radiation effects ctouding

the evaluation nesufts presented i¡r th-is section'
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The process used to evaluate the tr,,p/tbee adaptive pre-

enptr,asis fil-ten with synthetic speech is to fi-nstly pass the

synthetic speech tlrrough the tr,o/tlree adaptive pre-emphrasis

fi-l-ter. Ihe output waveforrn from the two/three pre-emplrasis

filter is then arntysed by a Parcor Ij¡ear predictive arnlysis

procedure (see Clnpten 2) to produce a r€covered acoustic tube

shape. A conpa.rison of recovered and oniginal acoustic tube

shapes is then penforrned by an area distance neasure (see Sec-

tion 2.5), to deterni¡le the effectiveness of the tbio/three adap-

tive pne-enptrasis fil-ten in providing accr.rate acoustic tube sh'ape

necover5/. In situations where the area distance me¡-sune provides

arrbiguous nesu.l-ts, both the recovened and onigilal- acoustic tube

shapes are plotted on the same grraph.

To deterrnine if the two/thr.ee adaptive pre-emplnsis fil-ter

provides an inprovement i¡ acoustic tube shape recoveryt the re-

Sults of the evaluations for: the t\,üc/three adaptive pre-emphasis

fi-l-ter are corpaned with the resul-ts for no pre-empirasis a¡rd two

conventional pre-emphasis techniques appLied to the sanre s5rnthetic

speech waveforms. The conventional pre-emphasis techlrriques are

the same as those used j¡ Section 5.2, i.e. a cons¡¿1f +12 dB per

octave pne-emphasis and the unvoiced/voiced adaptive pre-emphasis

fifter derived from the work of GRAY and MARIGL [1974] and I4AKFIOUL

and \TISIdAItrATIIAN [1974].

The two/thrree adaptive filter hns one forrn defj¡ed by a para-

meten o when the gtottal pulse spectral slope is greater thm ap-

proxinateJy -I2 dB per octave, and another forrn defi¡red by a Para-

meter ß when the glottal pulse spectral slope is l-ess tlnn approxi-

nately -12 dB pæ octave. Si¡rce these two forrns are independent of
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each other, the evaluation of the two/ttree adaptive pne-emphasis

fil-ten with synthetic speech waveforrns is perforrned i:r t$D paIts.

Section 5.3.1 eval-uates the two/tlr::ee adaptive pne-emphnsis filten

with s5rnthetic speech v,aveforms when the fil-ten is defi¡red by the

pararneter c. TÌre evaluation of the tr¿o/tlrree adaptive Pre-emplrasis

fil-ter with s5rnthetic speech waveforrns when the fjl-ten is defi¡ed

by the pararreter $ is preserrted i¡ Section 5'3'2'

A1l- the eva.Iuations perforrned j¡r Sections 5. 3.1 a¡rd 5. 3.2 use

a saupling fnequency of 10 kiloher'lz. In section 4.4.3 it was

stpi^,rr that the form of the two/tlrree adaptive pre-emphasis fjl-ten

chranges slightly for diffenent sampling fnequencies. Hence, Sec-

tion 5.3.3 pnesents an eval-uation of the two/three adaptive pre-

emphasis fil_ten Ì^rith synthetic speech waveforrns for sampling fre-

quencies of 9, B and 7 kilohertz.

5 . 3.1 PARAI€TER cr

This section pnesents an evaluation of the two/three adaptrve

pre-emphasis fjl-ter, when defined by the parameter o, with s¡rn-

thetic speech data. Thre val-ue of ct. used by the two/three adaptive

pre-emphasis fil-ter is deter"mi¡red via a rel-ationship with R(l)/R(0)'

which is eval-uated fnom the synthetic speech data, as discussed and

defined in Chapter 4 a¡rd Appendix D. Ttre eval-uation r"esu-Its are

presented as area dista¡rces between recovered and originai acoustic

tube slnpes versus R(1)/R(0) of the glottal pulse waveform used to

generate the s¡mthetic speech waveform. The val-ue of R(1)/R(0) of

the glottal pulse waveform is used so that al-l- the resufts ¿Lre lle-

l-atecì to the gJ-o1tal pulse waveforrns which the tr¡c/tlrree adaptive

pre-emphrasis has been designed to relnf,ve.
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Ihe prrccedtpe used to generate the synthetic speech vaveforms

is descnibed in Appendix B. To enst¡re that the s5nthetic speech

waveforrns are si¡nila:r to real speech vaveforms, the acoustic tr:be

shapes used in the generation process apprrcxirnate the voeal ttract

stnpes fon the five vowers l"l, l.l, lil' l"l and lul , as defined

in Appendix C. The sanpli¡rg frequency fon all the synthetic hTave-

forms generated and used to produce the evaluation results pnesent-

ed in this section is 10 kilohertz. lhe gIo1ta1 pulse waveforms

used to excite the acoustic tube npdef and genenate the synthetic

speech are the saflre as those used i¡ Section 5.2.1, bei¡g generated

from the glottal pulse rpdels of ROSil{BERG [1971] and FA]JT [1979]

and the digitized glottal pulse waveforms measured by ROSHIIBERG

[1973], MONSH{ and H{GEBRETSON 11977), MITTER [1959]' SgND]II

IfSZS¡, and SLiNDBERG a¡rd GALIfTfN [1978]. To avoid radiation

effects clouding the eval-uations presented i¡r th:is section,

the terrni¡ration refl-ection coefficient of the acoustic tr:be

ncdel- is rinitY, ' .e. UM = 1.0.

Evaluation resu-Its fon s¡rnthetic speech of the vowel la I are

p:reserrted ìn Figr:re 5.18 as area distances versus R(1)/R(0) for no

pre-emphasis, a +12 dB per octave pre-emplnsis (figure 5.18(a) only),

an unvoiced/voiced adaptive pre-emplesis and a two/thrree adaptive

pre-emphasis. Ttre anea distances for a +12 dB per octave pre-

emphasis are not presented when R(1)/R(0) is fess ttnn 0.95' as

they are considerably larger" thn¡r the area distances for the other

pre-emphases. Sjmil-a:r a:rea distances are observed i¡r Fig¡re 5'18

fon no pne-emphasis and the unvoiced/voiced a¡d tr^¡olthrree adaptive

pre-emphases when R(1)/R(0) is near zerÐ, and for a +12 dB per oc-

tave pne-enphasis a¡d the r¡nvoiced/voiced and two/tlrree adaptive
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pre-emphases blhen R(1)/R(0) is near unity. Fon R(1)/R(0) greaten

than 0.95, the +12 dB per octave pre-enPhasis and the r:nvoiced/

voiced adaptive pre-eJnPhasis produce simila:r area distances.

Figu:re 5.18 slpws tllat, in genenal, the tr¡o/th.ee adaptive

pre-emphrasis fil-ter produces snall-en area distances ttran no pne-

emphasis on a +12 dB per octave pre-emplnsis and an unvoiced/voiced

adaptive pre-emPhasis. In ccrnparison with ttre unvoiced/voiced

adaptive pre-emplnsis, the two/tlree adaptive pne-emphasis fiLten

produces simila:r area distances when R(1)/R(0) is near unity or

ze:Ð, but significantty snaller a¡ea distances otherwise' Except

fon a few cases, when R(1)/R(0) is near r¡nity, the area distances

for a two/tlree adaptive pre-emphasis are nn:ch fess tlnn the area

dista¡ces for a +12 dB per octave pre-erphasis'

A reduction in area distances occuns for the tr¡o/three adap-

tive p¡e-ønplnsis fj-l-ter in comparison with no pre-elnphasis over

the full- range of R(1)/R(0) presented in Figure 5.18' with the

lar.gest reduction i¡r area dista¡ces occr:rrìng when R(l)/R(0) is

near r.mity and the snallest reduction when R(1)/R(0) is near zero'

In general, the resu-fts pnesented in Figure 5.18 show that sig-

nificantly snaller area distances occur for the trno/thlree adaptive

pre-ernphasis when conpa.r"ed with the area distances for no pre-

emphasis and the other pne-emplrases. The relative variation i¡

area distances for a tv¡c/tlree adaptive pne-emphasis is observed

to be gnall-er than for no pre-emphnsis and the other p¡e-emphnses'

A comparison of the evafuation resufts presented ìn Figune

5.18 with those presented in Section 5.2.1 for glottal- pulse $lave-

forms neveafs a consistency of general trends. The rel-atively
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g'nall va:¡iation in a:rea distances observed in Figtr:re 5.18, which

is consistent btith the obssrvations i¡ Section 5.2.I, fon the two/

thr€e adaptive pre-emphasis filter j¡dicates that the filten pro-

duces sjmilar acoustic tube slrapes irrespective of the glottat

pulse vaveform used to genenate s¡rnthetic speech for the vowef

l.l. Hence, a significant improvement in acoustic tube stnpe

r€covery occurs when the two/tlnree adaptive pre-erphasis filter

is used with synthetic speech of the vowel l"l'

Synthetic speech for the vowef l.i is generated j11 the same

runner as fon the vowel lal, with the procedure being detail-ed in

Appendix B. Figlre 5.19 presents the area distances vensus R(l)/R(0)

fon.no pre-emplrasis, a +12 dB pen octave pre-emphasis (figr:re 5'19(a)

onfy), an unvoiced/voiced adaptive pne-enrphasis, and a two/thnee

adaptive pre-emphasis of synthetic speech fon the vowef l.l. The

area distances for a +12 dB per octave pne-emphasis ane very large

whe¡r R(1)/R(0) is less than 0.95, and so alre not presented i¡r

Figr-ne 5.19. The glottal- pulse v¡aveforms used to gerrerate the

synthetic speech for the vowef l. I a:re the same as throse used

to generate the s5rnthetic speech for the vowel l- | '

The general tr-ends of area dista¡rces versus R(1)/R(0) observed

in Figure 5.19(a), where R(1)/R(0) is between 0.95 and approxìrnate-

J-y r:nity, are different from the general trends observed in Figure

5.18(a) for the rrcwel- l.l. In most cases, Figr:re 5.19(a) shows

that the +12 dB per octave pre-emphrasis and an r:nvoiced/voiced

adaptive pne-emphnsis produce sirnila:r area distances, whr-ich are

slraller than no pre-emplesis. Thre area dista¡ces for a two/three

adaptive pre-emphesis are simil-ar when R(1)/R(0) is near r¡nity'

but sJ-ightly larger when R(1)/R(0) is less thnn u¡rity, when com-
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païed with the a::ea distances sf a +I2 dB per octave pre-emphasis

a¡rd a¡r unvoiced/voiced adaptive Pre-ertPhasis.

For R(1)/R(0) between zer'o and 0.95, the genenal tnends of

area distance versus R(1)/R(0) presented i:r Figr:ne 5.1-9(b) are

differe¡rt from those pr''esented jrl Figure 5.18(b) fo:: the vol^lef

l"l. Ttre unvoiced/voiced pne-emphasis filten is shown to provide

larger area dístances tlnn no pre-snplnsis fon R(1)/R(0) between

0.95 a¡d 0.7 and between 0.35 and zero' h-rt srnl-l-er area dista¡ces

othert¡ise. A two/three adaptive pre-emphasis produces consistently

srall-en area distances thr,an no pre-enPtesis for R(1)/R(0) between

zero a¡d 0.95, but g.nal-ler anea distances in comparison with a¡

unvoiced/voiced adaptive pne-emplnsis onJ-y when R(1)/R(0) is be-

tween zero and 0.35 and between 0.ô and 0.95.

In genena_ì_, the two/thrree adaptive pne-emphasis fiÌter pro-

duces anea distances which Ìrave a relativel-y srnll-er va:riation

than the anea distances for no pre-emplrasis, a +12 dB per octave

pne-emplnsis, and an u¡rvoiced/voiced adaptive pre-emphasis. l4arked

contrasts are observed i¡r the general trends of area dista¡rce ven-

sus R(1)/R(0) for the vowef l"l and the vovüel- l.l but, in general,

the two/three adaptive pne-emphasis filter produces a neduction in

area distances compared with no pne-emPlnsis and the other pne-

emphases when applied to synthetic speech of the vowel- l"l.

Sy-rthetic speech for the vowel I i I is generated by the pro-

cedure defi¡red in Appendix B, and used to evafuate the tr¡o/tlree

adaptive pne-emphnsis filter. The same glottal puJ-se waveforrns

are used to generate the synthetic speeeh for the vowel- lil as

were used to generate the synthetic speech for the vowefs l"l
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and lel. Figure S.20 presents the area distances vensus R(I-)/R(O)

fon no pre-emphasis, a +12 dB per oetave p¡e-emphasis (figr:re

5.20(a) only), an unvoiced/voiced adaptive pre-emplrasis, a¡d

a two/thrree adaptive pre-emplnsis of synthetic speech for the

vor¡el lil.

Figur€ 5.20(a) shor^¡s tllat a +12 dB pen octave pr€-emphasis

and a¡r tr¡rvoiced/voiced adaptive pre-emplnsis prrcduce srm-l-lerr area

distances than no pr:e-emplasis when R(1)/R(0) is betr¡een 0.95 a¡d

gnity. The two/tlrree adaptive pre-emplnsis pnoduces a reduction

in a:rea distar¡ces in comparison with no pne-elnphasis and the other

pre-emplnses, which i¡rcneases as the value of R(1)/R(0) decre¡'ses

tor,erds 0.95. These observations fon s¡mthetic speech of the

vor^æl I i I are consistent with tÏ¡cse fon synthetie speech of the

vowef l"l.

Thre unvoiced/voiced adaptive pre-emplnsis fil-ter j-s shov¡rr j¡r

Figure 5.20(b) to produce la:rger area distances tlnn no p:re-emplnsis

when R(1)/R(0) is between zera a¡d 0.6 a¡d between 0.9 a¡rd 0.95' but

much snnl-l-er area distances thnn no pre-emphnsis otherr"'ise' A two/

three adaptive pne-emplnsis is shou¡n in Figr:re 5.20(b) to produce

snnJ-l-er a¡ea distances than an r:nvoiced/voiced adaptive pne-

emphasis when R(1)/R(0) is between zero and 0.6 and between 0'85

and 0.95, but larger area distances otherwise. Smal-ler anea dis-

ta¡ces are observed for" the two/tlrnee adaptive pre-emphasis tlnrr

no pre-enphasis when R(1)/R(0) is between zero and 0'6'

The variation i¡r area distances is shov¡n to be mueh sne'l-len

in Figune 5.20 for a two/three adaptive pre-emphnsis fi]ten thnn

for no pre-emphasis and the other pre-e:nphases. This observation
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is consistent with the observations for synthetic speech of the

vor,,æIs lal ana lel presented pneviously in this section. In genen-

al-, the troo/thnee adaptive pne-emphasis filten lns been slrov¡n to

provide a significant reduction j¡r area distances when compa::ed

with no pre-empha,sis and a +I2 dB pen octave pne-snphasis of syn-

thetic speech for the vowef lil. Except for a snall- nange of

R(l)/R(0), the thro/thee adaptive pre-emphasis produces srnaller

a¡ea dista.nces tlnn an unvoiced/voiced adaptive pre-emphasis of

s5rnthetic speech for the vov¡eI I i I .

Synthetic speech for the vowef l"l is genenated i¡ the same

nçmner as fon t¡e vowel-" l-1, l"l a¡rd lil. The glottal pulse

waveforms used to generate the synthetic speech fon the vowel-

lo I are the sar¡e as those used to generate the s5rnthetic speech

for the vowels l"l, l.l and lil. Figure 5.21 presents the anea

dista¡rces vellsus R(1)/R(0) for no pne-emphrasis, a +12 dB per octave

pre-emphasis, an rmvoiced/voiced adaptive pne-emphasis (fi-gure

S.21(a) only) , and a two/thnee adaptive pre-êlnphasis of s5rnthetic

speech for the vowef l"l.

Ttie area dista¡ces for a tr¡o/three adaptive pre-emphasis a¡e

shov¡n i]l Figure 5.21(a) to be significantly less thar no pne-

emphasis a¡rd the other pre-emphases when R(1)/R(0) is between 0.95

a:rd approxirnately un-ity. The unvoiced/voiced adaptive p:re-emphasis

and a +12 dB per octave pre-emple.sis are shoun in Figu:re 5.21(a) to

provide snnl-1er" area distnaces thnrr no pne-emphasis only when

R(1)/R(0) is cl-ose to un-ity. The variation i¡r area distances of

the two/three adaptive pre-emplnsis fil-ter is much snell-er" thnn

the other two pre-emphasis techniques a¡rd no pne-emphasis. The

above obsen'ations air€ consistent with the obsenvations presented
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previously i¡ tlLis section fo:: s¡inthetic speech of the vowel-s lal ,

lel and lil, wfren R(1)/R(0) is between 0.95 and r:nity.

Figr:re 5.21-(b) shows that the unvoiced/voiced adaptive pne-

emphasis of s¡rnthetic speeeh for the vowef lol produces nmch largen

area distances thn¡ a tr.p/thnee adaptive pne-emphasis and no pre-

erphasis. Ttre two/thnee adaptive pne-emphasis filter is shov¡n in

Figr::re 5.21(b) to produce snnLlen area distances ttnn no pre-

emphasis when R(1)/R(0) is between 0.6 and 0.95' but larger area

dista¡rces when R(l)/R(O) is betweerr zero a¡d 0.6. Figtre 5.22

presents a conparison of recovered ard oniginal- acoustic 1r:be

shapes fon no pne-emphasis a¡rd a tr¡o/thnee adaptive pr-e-emplnsis

of synthetic speech for the vowel lol, when a glo1tal pufse wave-

form w-ith R(1)/R(0) equal- to 0.33 is used as the excitation. The

recovered acoustic tube slnpe preserrted i¡ Figu:re 5.22 is neplre-

sentative of those for R(1)/R(0) j¡r the range zero to 0.6. Figure

5.22 slror^rs th¡at, whr-i1e the two/ttrree adaptive pre-emphasis produces

slightly J-arger area distances tlnn no pne-emptnsis, good acoustic

tube slnpe recovery is achieved.

In general, the area distances for a two/three adaptive pre-

emphasis have a much sr¡allen variation thnrr the area dista¡ces for

no pne-emphasis or the othen tr,rlo pre-emphasis techrriques. Th-is ob-

servation is consistent with the observations for s¡,'nthetic speech

of the vowels l-1, l"l a¡d lil pnesented previously in t}.is section.

The two/thn:ee adaptive pre-emphasis of synthetic speech fon the

vowel l" | Ìr;rs been shorn¡n to be much snal-ler- than the anea dista¡rces

for a +12 dB pen octave pre-ernphrasis a¡d a¡ unvoiced/voiced adap-

tive pre-emphasis. A r"eduction of area distances by the two/tlrree

adaptive pre-emplnsj-s il comparison with no pre-emphasis orr-Ìy oc-
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cuns brherì R(1)/R(0) is between 0.6 and r:nity, but good acoustic

tube shnpe recover5/ is still achieved by the tr,o/thnee adaptive

pre-enphasis when R(1)/R(0) is between zeno a¡rd 0.6.

Figr.u'e 5.23 pnesents the a::ea distances versus R(1)/R(0) fon

no pre-emphasis, a +12 dB pen octave pre-emplnsis, art unvoiced/

voiced adaptive pre-emphasis, and a two/three adaptive pre-emphasis

of syrrthetic speech for tle vowel l"l. The glottal putse waveforTns

used to generate tlre synthetic speech for tlre vor¡e1 l"l are the

sane as those used to genenate synthetic speech for the vowels

l"l, lul, lil and l"l.

Figune 5.23(a) slpws that the a:rea distances fon a tI^lolthree

adaptive pne-emplasis of s¡rnthetic speech for" the voweL l"l are

significantly snnller" thn¡ the area dista¡rces for no pre-emplrasis

a¡rd the othen trao pne-emphasis techniques wlren R(1)/R(0) is between

0.95 a¡d 1.0. The unvoiced/voiced adaptive pne-ernphasis a¡d a +72

dB per octave pre-ernplnsis only provide sn-nl-l-er area dista¡rces than

no pre-emphasis when R(I)/R(0) is close to unity. The variation i¡r

a:rea distances of the two/thr"ee adaptive pne-emplr,asi-s is much snnl-l--

er tha¡r for no pre-emphasis a¡rd the other tr^ro pre-emphasis tech-

niques. These observations al?e consistent with the obse::vations

presented previously for the vowels lal, l.l, lil a¡d l"l.

The unvoiced/voiced adaptive pne-emphasis and the +12 dB pen

octave pre-emplnsis are shown in Figr:re 5.23(b) to produce very

much largen area distances tlnn a two/three adaptive pre-emphnsis

a¡d no pre-emphasis when R(1)/R(0) is between zero ancl 0.95.

Figure 5.23(b) shpws that a reduction i¡ area distances by the

trn¡c/three adaptive pre-emphasis fil-ter does not occr:r ìn compari-
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son r^rith no pre-emPhasis whe¡ R(1)/R(0) is between zeno a¡d 0.85.

Origirnl and necovered acrcustic tube shapes a:re presented jri Figr.re

5.24 fon no pt?e-enphasis a¡rd a two/three adaptive pre-emplnsis of

synthetic speech for the vowel lul, with the glottal pulse excita-

tion haviag R(1)/R(0) = .58. Ihe necovened acoustic tube shape of

Figtu''e 5.24 is nelxesentive of the acoustic tube ShaPes recove:red

by a tvo/tlree adaptive pre-ernphasis of synthetíc speech fon the

vowel_ lul when R(1)/R(0) is betvæen zeno and 0.85. Figrre 5.24

shows tlnt poor acoustic tube recovery occuns fon the tblo/thlr€e

adaptive pre-emptnsis filter when R(1)/R(0) is between zero a¡d

0. 85.

In general, the area distances fon a two/three adaptive pre-

emplrasis of synthetic speech for the vor¡el lul nave a nuch snal-l-er

va¡iation tlnn the are¡ distances fon no pre-enphasis and the other

tvo pre-emplnsis techniques. This is consistent with the observa-

tions for s¡znthretic speech of the vowels l-1, l.l, lil ana l"l Pne-

sented previously. TTre area dista¡ces fon a b,¡clthree adaptive

pre-emphasis of syrrthetic speech for the vowel lul nave been shoum

to be consistently sra]-ler tlnn fon a +12 dB per octave pr€-

emphasis a¡¡d an unvoiced/voiced adaptive pne-emphnsis. A reduc-

tion in area distances by the two/thnee adaptive pne-emplnsis i¡r

comparison with no pre-emplrasis does not occur when R(1)/R(0) is

betr,ueen zero and 0,85, a¡d for R(1)/R(0) i:r this nange poor acous-

tic tube sh6pe llecovery occurs for the two/tlree adaptive pre-

emphasis fil-ter.

The evafuations performed in tnis section with synthetic

speech fon the vowefs l-l , l.l, lil, l"l and lul trave shot'r¡ tlrat,

j¡ al-t but a few cases, a significant reduction i¡l area distarrces
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is achieved by the two/tlnree adaptive pre-emphasis fil-ten in ccm-

parison with a +12 dB pen octave pre-emphasis and an unvoiced/

voic.ed adaptive pre-emphasis. Vlhen R(1)/R(0) is close to un-ity'

then the two/thee adaptive pne-emplnsis, a +12 dB per octave pl?e-

erptrasis and an u¡voiced/voiced adaptive pr€-emphasis al-L Pnoduce

simila:r area distances. This is e>çected as, for R(1)/R(0) close

to unity, all apply approxirnately +12 dB per octave pne-emphasis.

For al-1 tlre eval-uation results pnesented i:r this section, the

two/tlree adaptive pr€-emphasis filter was shornrr to provide anea

dista¡ces which have a slrall variation in compariscn with the a:rea

distances fon no pre-emphasis, a +12 dB per octave ppe-empþasis

a¡d an u¡voiced/voiced adaptive pr€-emPÏìasis when R(1)/R(0) is

between zero and approximately unity. Therefone, the acoustic

tube shape recove¡,ed. by a two/three adaptive pre-emprìasis is af-

fected less by clnnges in glottal pulse excitation, and so is bet-

ter at rerroving glottal pulse excitation effects from the recovened

acoustic tube shrape tlnn the other pre-emphases consider"ed.

\,jhen R(1)/R(0) is between 0.95 and approxinately unity, then

consistent general trends of area distances versus R(1)/R(0) a¡e

observed for the atl the pre-emphases of sSrnthetic speech fon the

vowefs l"l, l.l, lil, lol and l"l. One general- trend is fon the

the tr,,Jolthrnee adaptive pre-emphasis to provide snaffen a¡ea dis-

tances tlnn no pre-emphesis, a +12 dB per octave pr"e-emphasis a¡rd

an unvoiced/voiced adaptive pne-emphasis. Vlhen R(1)/R(0) is close

to r:nity, then sj¡rilar area distances occur for both a +I2 dB pen

octave pne-emplnsis and an unvoiced/voiced adaptive pre-emphasis,

wh-ich are less tln¡r the area distances for no pre-ernphasis.
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Different tnends of area distance versus R(l-)/R(0) a:ne ob'

served for the two/tlnree and the unvoiced/voiced adaptive pne-

erplnses when R(1)/R(0) is between zero ard 0.95. Fon synthetic

speech of the vo!{efs l-I, le| and li|, the two/t}¡ree adaptive pne-

emphasis filten provides a significarrt reduction j¡ a¡ea distances

ccrnpared with no pne-emplnsis wher¡ R(1)/R(0) is between zero a¡d

0.95. Hcn^rever, larger area distances occur for a two/three adap-

tive pre-emptrasis of synthetic speech fon the vowels l"l a¡d l"l

when R(1)/R(0) is l-ess than approxirnately 0.8. In the case of

synthetic speech for the vowel lol, tfre two/tÏ¡ree adaptive pne-

ernphasis stil-I produces good acoustic tube Slppe necoveny, but

this is not the case for: the vorn¡e1 l"l . This nay be nemedied

by redefini¡g thre nelationship between the parareten a of the

two/tÌ¡ree adaptive pne-emphasis filter and R(1)/R(0) '

The two/three adaptive pre-emphnsis filte¡r was defj¡red j¡

Ctrapter 4 using R(1)/R(0) evaluated fr-om the glottal pulse \^rave-

form, but i¡ this sec-tion it Ïns been necessa¡y to evaluate

R(1)iR(0) fnom the s¡nthetic speech waveform. The resul-ts pre-

sented jn this section have shot,n thet the corrrectness of usi.ag

R(1)iR(0) from the autocorrel-ation fi:¡ction of the sy-rthetic

speeeh waveforrn is dependent on the acoustic tube slnpe used

to genenate the syrthetic speech. However, exeept fon a few

cases, the two/three adaptive pre-emphasis fi-l-ter Ïns been shov¡n

to p¡ovide significa¡t neductions j¡r area dista¡rces compared with

no pre-emph,asis, a +12 dB per octave pre-emphasis a¡d a¡ unvoiced/

voiced adaptive pre-emphasis when R(1)/R(0) is cafculated from the

s5rnthetic sPeech waveforrn.
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Tlre +12 dB pen octave pre-emplnsis and the r:nvoiced/voiced

adaptive pre-emphasis were also evaluated in this section by bei¡rg

ccnrpared ütith each other', no Pr€-elnphasis a¡rd a two/three adaptive

pre-emplesis. In general, the +12 dB pen octave ppe-emplnsis orùy

produces SIIEll anea d.ist¿u1ces, which j¡rdicates good acoustic tube

shape recovery r^ù¡en R(1)/R(0) is near unity. The unvoiced/voiced

adaptive pne-enphasis fil-ter orrly parcduces snall- area distances

when R(1)/R(0) is near unity and close to zero, ard very poon

acoustic tube slnpe recovery occurs otherwise.

The eva}¡ations presented j¡ this section have shown th6t'

when the two/th¡ree adaptive pne-emphnsis is defi¡red by the Para-

meter q, then significant reductions in ar'ea distances occur when

compa:red with no pre-emphasis, a +12 dB pen oetave pne-emptrasis

a¡d an u¡rvoiced/voiced adaptive pre-emPhasis of s¡rnthetic speech

for the vowels l"l, l.l, lil ' lol and l"l.

5. 3.2 PARAI"IETER ß

Tl-Lis section details a¡ evaluation of the turo/tlree adaptive

pre-emphasis fil-ter with synthetic speech data when the fi-l-ter is

defi¡red by the pa.nameter ß. The vaLues of ß used by the two/three

adaptive pre-emphnsis fjl-ter are determjned via a rel-ationship

brith R(1)/R(0), which is evafuated from the autocornelation func-

tion of the s¡znthetic speech waveform. The form and detail-s of

the rel-ationship between ß and R(1)/R(0) are defined a¡d discuss-

ed j¡r Clrapter 4.
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All tÌÊ evaLuations recorded in this section a:¡e pnesented as

area distances betr¡een recovered and original acoustic tube slnpes

and plotted against R(1)/R(0), which is evaluated from the glottal

pulse vaveforrn used jJr the generation of the synttretic speech hrave-

forms. The value of R(1)/R(0) of the glol-tal pulse waveform is

used so that all the nesults are related to the glottal pulse I^7ave-

forms wh-ich the tr,rolttr:ree adaptive pne-emplrasis filter is designed

to nenxcve.

The s]rnthetic speech waveforms used i¡r the eval-uations pre-

serited i¡ this section ane generated by the procedr::re detai-l-ed j¡r

Appendix B. To enst¡re the s¡rnthetic speech vaveforms Ïrave PIoper-

ties wþ-ich are as close as possibl-e to r€al Speech waveforms, the

acoustic tube shrape used j¡ the synthetic speech generation prclcess

approxinate the vocaf tnact shapes for five vowels, l-1, l"l, lil,

l"l and lul, as measured by FAII'I [1970] (see Appendix C al-so).

To avoid radiation effects clouding the evaiuations presented in

this section, the ternú¡ation nefl-ection coefficient of the acous-

tic tube model-, used to generate the sSrnthetic speech, is assumed

as writy, i.e. u, = 1. Al,l_ the gJ_ottal pulse v¡aveforrns used to

generate the synthetic speech fon the evaluations presented in

th-i-s section are digitized glottal pulse waveforrns measr:red by

MONSEN ard ENGEBRETSON lls77f, ROTFIENIBERG [1973], SONDHI [1975]'

5SNDBERG and GAyFFIN [1978], ltrLLER [1959], and F¡\NL\q\ll and

TANDGRAT [1s68].

Figwe 5.25 pnesents area distances versus R(1)/R(0) for

syrthetic speech of the vowel- l"l for no pre-emphrasis, a +12

dB per octave pre-emphasis, an u¡rvoíced/voiced adaptive pre-

emphasis a¡d a two/three adaptive pre-emphasis fol-lowed by a
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conventiornl Pancon analysis. Figr-u'e 5.25(a) shows tlrat the two/

tÌ¡ree adaptive pre-ernphasis pnovides a large neduction i¡ area

dista¡ces when compared b/ith the area distances for no Pre-emphasis

of the synthetic speech fon the vowel l"l.

A conpanison of area distances for the tr,c/three adaptive

pre-emplnsis filten ard tt¡ose fcr a +12 dB per octave pne-emphrasis

and an unvoiced/voiced adaptive pne-emplrasis presented in Figr.re

5.25(b) shows that, i¡r npst cases, a snall neduction i¡r a:rea dis-

tances is achieved by the tr¡c/thnee adaptive pre-emptnsis fii-ter.

This neduction in a¡ea distances by the two/tþee adaptive pre-

enphasis fil-ten i¡cneases as the vafue of R(1)/R(0) i¡rcreases.

Area distances versus R(1)/R(0) for no pr€-ernprìasis, a +12 dB

pen octave pre-emphasis, an unvoiced/voiced adaptive pne-emplrasis

and a two/three adaptive pr€-empÏìasis of s5rnthetic speech for the

vowel- l" I followed by a Parcor analysis are preserrted in Figure

5.26. Figr:re 5.26(a) shornrs tlat Ìarger area distances Inay occur

for a ti^p/tlu.ee adaptive pne-enrphasis in comparison with no pr€-

emplpsis but, in genenaÌ, a significarrt reduction in a:rea dista¡rces

occurs for the two/thnee adaptive pre-emphasis of synthetic speech

fon the vowef l"l.

Figr-u.e 5.26(b) corpanes the area distances fon a tI,,iolthìree

adaptive pre-emplnsis and the other: pre-emphases, and shows tlrat

sirnil-a:l a¡ea distances occur for each pre-emphasis technique. In

th-is situation, no overai-l j¡rorease or reduction i¡r area distances

is achieved by the two/thrnee adaptive pre-emphrasis fil-ter. Hence,

fon s¡rnthetic speech of the vot^rel- le | , tfre on-ì-y benefit gained by

using the two/thrree adaptive pre-emphasis filter, when defiled by
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paraÍ¡gter ß, iS a reduction i¡ arrea distances when compa.red with

no pne-ernptrasis.

Figr-re 5.27 presents a.:rea distances vensus R(1)/R(0) for slm-

thetic speech of the r¡owel- lil with no pne-emphasis, a +12 dB Per

octave pre-enphasis and unvoiced/voiced and two/thn:ee adaptive pne-

emplnses foLlowed by a conventional Parcor arnlysis. The two/tlree

adaptive pre-emplnsis filten is shov.¡n in Figr:re 5.27G) to produce

a 1a:rge reduction in area distances when compared with the area

distances for no pre-emphasis.

A grräl_1 neduction of area distances is observed in Figr::re

5.27(b) for the two/three adaptive pre-emphasis fil-ten when com-

pard with the area distances for a +12 dB per octave pne-emphasis

and an t¡¡rvoiced/voiced adaptive pre-emphasis. The arrcunt of an-ea

distance reduction is shcv¡n in Figure 5.27 ft,) to incnease with in-

creasing value of R(1)/R(0), whr-ich is consistent with the eval-ua-

tion results presented in Figure 5.25(b) fon s¡nrthetic speech of

the vowel- l"l.

For synthetic speech of the vowel- lol ' tne area distances

verîsus R(1)/R(0) are presented in Figrire 5.28 fon no pre-emplnsis,

a +I2 dB per octave pre-emphasis and urrvoiced/voiced a¡d two/three

adaptive pre-emphases foll-owed by a conventional- Parcon arialysis.

A large reduetion of area distances is observed jn Figure 5.28(a)

for the tr¡o/thnee adaptive pre-emphnsis i¡r comparrison with no pr€-

emplnsis. This observation is consistent with the resul-ts present-

ed for s5mthetic speech of tle vowels l" I , l" I a¡rd lí I '
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In generral, a sna1l neduction j¡ a:rea distances occurs for

the two/tlree adaptive pre-emplnsis i¡r corparison with a +12 dB

per octave pïae-enpl¡dsis ard an r:nvoiced/voiced adaptive pne-

emplgsis, as shor,m in Figr:re 5.28(b). In some cases, a slightly

largen area distance is returl-red by the tr,uolthree adaptive pre-

emphasis; tþenefore, a reduction in area distance by the two/

thr€e adaptive pre-emPhasis fitten in cornparison with existing

pr€-snphasis techn-iques callnot alr^ays be guaranteed for the vowel

l"l.

Area distances versus R(1)/R(0) are presented in Figu:r'e 5.29

for s¡rnthetic speech of the vowel l"l pre-emptnsized by no pre-

emphrasis , a +I2 dB per octave Pre-emplnsis, a¡.¡ unvoiced/voiced

a¡d two/three adaptive pne-enplrases, followed by a conventional-

Parcon arnlysis. A conpanison of area distances in Figtre 5'29(a)

shows significantly snal-ler a:nea distances for a two/ttrree adaptive

pre-emphasis th¡a¡r fon no pre-emphasis'

Ttre area distances presented il Figwe 5.29(b) shrow th¡at the

two/three adaptive pre-emphasis fitter provides significantly

larger area distances tln¡r a +12 dB per octave Pr€-emphasis or

an unvoiced/voiced adaptive pre-enphasis. Thris nesu]t contrasts

\^rith tlpse for:nd for synthetic speech of the vowels l- I , l" I ' I i I

and lo | , where the a¡ea dista¡rces for a tr"p/tlnree adaptive pne-

emplrasis are nrostl-y srnaller tlnn those for the converitional pre-

emphasis techrriques. Hence, the two/tl["ee adaptive pre-emphasis

filter:, when defined by the paremeter ß, has an in-fenior penform-

a¡rce when used on sSrnthetic speech for the vowel' l" I '
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The nesults pnesented jJI this section have shov¡n tl¡at the

two/th¡ree adaptive pre-emphasis filter, when defj¡ed by the pala-

mete¡r ß, p¡ovides a large neduction in area distances when compared

with the anea distances for no pre-emphasis of synthetic speech fon

all the vciu¡ets l"l, l"l, lil, l"l and lul. Fon s¡mthetic speech of

the vor¡e1" l"l, lil and lol, - genenal reduction i¡r a:rea distances

is for¡nd when conpa¡ed with the area distances fon a +I2 dB per oc-

tave and unvoiced/voiced adaptive pne-emphases. However, the tr'm/

tÌ¡ree adaptive pre-emphasis fj-l-ter does not prrcvide any significant

reduction of area disLa¡rces for the syrrthetic speech of tlre vowel-

le|, and prnvides a significant i¡rcrease i¡ area distances fon the

s5rnthetic speech of the vowel l"l.

Comparing the eval-uation resul-ts fon the tþ¡c/three adaptive

pre-emphasis of s5rnthetic speech, when the filten is defined by

the panameter^ cr and then the pa.rameter ß, neveals tlet the improve-

nrents gained in comparison with a +I2 dB pen octave pre-emphasis

and an unvoiced/voiced adaptive pne-emphasis are mone significant

when the fi]-ten is defined by the pa:rameter o than when defj¡red by

the par-,ameten ß. In genenaÌ, the two/thrree adaptive pne-emphnsis

filter performs \^¡orse fon synthetic speech of the vowef l"l.

5. 3. 3 SÆ,IPLING FREQLIH\ÍCIES

The rel-ationships between the parameter o a¡d R(1)/R(0) and

the parameter ß a¡d R(1)/R(0) which defi¡re the tr¡o/tlrree adaptive

pre-emphasis fj-lten have been shornrn, in Clnpten 4, to be dependent

on the waveform sampling fnequency. The relationships between cl

and R(1)/R(0) arrd between ß a¡rd R(1)/R(0) wene defi¡red i:r chapter

4 for waveform sampling frequencies of 10, 9, B and 7 kifohertz'
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The tü¡c/three adaptive pne-emphasis fiJ.ten has been eval-r¡ated fon

a sarpling firequency of 10 kilohertz in Sections 5.3.1 and 5.3.2'

a¡d th-is section penforlns a:r evafuation for" I^Tavefortn sampling fre-

quencies of 9, B and 7 kilohertz.

Si¡ce the effects of v¡aveforrn sampling frequency cl1anges are

differ€nt fon the two independent parts of the two/tln'ee adaptive

pre-elplasis fj-l-ter, i.e. tlnt defj¡ed by the parameter a and that

defined by the parameter ß, each part is evai-uated separately.

Sections 5.3.3.1 and 5.3.3.2 present the eval-uations of the two/

three adaptive pre-ernplnsis filten when defined by the parametens

a a¡rd ß, nespectively, fon sSrnthetic speech of five vowel-s sampled

at 9, B arrd 7 kil-ohertz.

5.3. 3 .1 Pa:rameter o

The :relationship between the parameter a of the tr¡c/tlrree

adaptive pr^e-empLrasis fil-ter and R(1)/R(0) was shourn in Chnpter

4 to be dependent on the waveform sampling frequency. This section

presents an eva-l-uation of the two/tlrree adaptive pre-enrplnsis fi-l-

ter when defj¡red by the parameter cr a¡rd used to pre-emphasize s¡rn-

ttretic speech of five vowel sounds which are sampled at frequencies

of 9, B ard 7 kil-ohertz.

The pr:npose of th-is section is to deternrine whether the

genere,l trends observed for the tr^¡olthrree adaptive pre-emphasis

filter, in comparison with existìng pre-ernplnsis techniques for

a waveform samp]ing fnequency of 10 kil-ohertz' as presented i¡l

Section 5.3.1, occur for waveform sampling fi:equencies of 9, B

a¡d 7 kil-ohertz. The var.iations in the area distances for a par-

ticul-ar waveform pre-emphasized by the two/three adaptive pre-



355

enphasis filter and then arnlysed by a Parcon analysis, fo:r a

waveforrn sarnpling fr-equency clnrge, is presented' Tlre relation-

ship between pafBrrleter cr and R(1)iR(0) used to defi¡e the tr,p/three

adaptive Pre-emPhasis filten is the same fo:: v¡aveforrn samplÍng fi:e-

quencies of 10, 9 and 8 kitohertz' but different fon a vaveforrn

sampling fnequency of 7 kilohertz'

All tlE evaluations of the two/three adaptive pne-empln'sis

filten a:re presented as area distances between recovered a¡rd ori-

ginal acoustic tube shapes velrsus the value of R(1)/R(0), evalu-

ated frcrn the glottal pulse waveform used to genenate the s5rnthetic

speech. Tlre value of R(1)/R(0) of the g1o1tal pulse waveforrn is

used so that al-l the nesults are rel-ated to the glottal pulse bTave-

forrns wh-ich the tl^¡cltln:ee adaptive pne-emphasis fil-ter is designed

to rernove. The autocomel-ation function of the sSrnthetic speech

waveforrn is used to detennine the val-ue of R(1)/R(0) which defi¡res

the two/th'ee adaptive pre-emphnsis filter'

The syrrthetic speech waveforms are generated by the procedr-:ne

described in Appendix B. To ensure the s¡rnthetic speech vaveforms

aÏ.e as close as possibl-e to real- speech waveforrns, the acoustic

tube slnpe used to generate the s5mthetic speech approxinntes the

vocal tract slepes for the five vowels l"l, ltl, lil' l"l a¡¡d lt'l'

as defined il Appendix C. The glottal pulse waveforms used to ex-

cite the acoustic tube shape are the same as those used in Sections

5.2.I and 5.3.1, being generated fnom the glottal puJ-se model-s of

ROSENBERG [1973] and FA¡trT [fSZg], or danived fnom the measr::red

glottaÌ pulse waveforms of ROSENBEnG [1973], MONSE]tr and HIIGEBRETSON

llg77l, I'{ITTFR [1959], SONDHI [fOZS1, and SUNDBERG a¡rd GAUFFIN

[1978]. To avoid radiation effects cJ-ouding the evaluations pre-
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sented i¡ this section, the terrnination neflection coefficient of

the acoustic tube rodel is r:nity' i.e. UU = 1'

Figure 5.30 presents the area distances versus R(1)/R(0) for

no pre-emptnsis, a +12 dB per octave pre-emphasis, an unvoiced/

voiced adaptive pne-emphasis and a two/three adaptive pre-emphasis

of sSrnthetic speech for the vor¡ef l"l fon samplilg frequencies of

9, I a¡d 7 kilohertz. The nesul-ts presented i¡ Fig¡re 5.30 show

that the two/tlree adaptive pne-emphasis fitten produces a r:educ-

tion i¡ a:rea distances ccnpared with those of no pre-emphasis for

R(1)/R(0) between zerÐ and approxirnately unity, a¡rd the +12 dB pen

octave pre-enplrasis and a¡ unvoiced/voiced adaptive pne-emphasis

for R(1)/R(0) between zero and approximateJ-y 0.97. vfhen R(1)/R(0)

is greate:r than 0.97, the +12 dB pen octave pre-emptrasis and a¡

unvoiced/voiced adaptive pre-emptr,sis produce s.nal-Ier area dis-

tances thn¡ the two/three adaptive pre-emphnsis. Alttrough the

anourrt by w¡,ich the two/tlrree adaptive pre-emplnsis fitter provides

a r.eduction i¡r a:nea dista¡ce when compared with othe¡: pre-emphases

ney clnnge sligþt1y, the above observations ar€ consistent with

the evafuations presented in Figr:re 5.18 fo:: a waveform sampllng

fnequency of 10 kilohertz.

Figrre 5.31 presents tkre a:rea distances fon the two/thu"ee

adaptive pre-emplnsis of s5rnthetic speech fon the vowef l"I ven-

sus R(1)/R(0) for the four waveforrn sampling frequerrcies 10, 9,

I and 7 kiloher.tz. Different syrnbols are used to i¡rdicate the

differ.ent sanpli:ng frequencies for the data poirrts in ligure 5. 31'

and the even spread of s5mrbols i¡rdicates tlnt sjrnilar :ranges of

area distances are lleturned by the two/tlrree adaptive pre-emph'asis

fil-ter if the samptilg frequency is between 10 a¡d 7 kilohertz,

incl-usive.
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Hence, for: synthetic speech of the vowel lal , tne parforrnance

of the two/ttree adaptive pre-emplrasis to provide a signifieant ne-

duction in a::ea distances corpared with tlpse for no pre-emplnsis,

a +I2 dB per octave pre-emptrasis and an unvoiced/voiced adaptive

pre-ernphasis is not significantly affected by samplilg fnequencies

betr,,¡een 10 and 7 kil-ohertz, inclusive. The anpr:¡rt by which the

tt.¡clthree adaptive pre-enphasis filter provides a neduction i¡

area distances compared with existilg pre-emphases IrEy be affect-

ed by chnnges in sanpling frequency between 10 and 7 kilohentz,

i¡cl-usive.

The area distances versus R(1)/R(0) presented i¡ Fig¡re 5.32

are for no pre-emphasis' +12 dB pen octave Pre-emphasis, art

unvoiced/voiced adaptive pre-enplnsis, and a two/thnee adaptive

pre-emphasis of syntletic speech for the vowef lel, when sampled

at fnequencies of 9, B and 7 kil-ohertz. The data pojnts of Fig¡:re

5.32(a) shpw tlrat tlre two/three adaPtive pr€-emPhasis fil-ter does

not always produce a reduction i¡r a:rea distances when compared

with those of no Pre-emphasis, a +12 dB per octave pre-emplrasis

and an unvoiced/voiced adaptive pre-ernphasis fon R(1)/R(0) between

0.g5 and appn:xinntely unity. In general, when R(1)/R(0) is be-

tween 0.95 arìd approxinately r:nity, similar a¡rea distances occur

fon a two/three adaptive pre-emplasis, a +12 dB per octave pre-

emphasis a¡d an t¡rrvoiced/voiced adaptive pre-emplrasis.

For R(l)/R(0) l-ess tkEn 0.95, the two/three adaptive pre-

enphasis produces area distances which a¡e Significantly less

tlnn tlpse for^ no pre-emphasis until R(1)/R(0) is less tlnn 0.3,

when sirnila¡r area distances occur. A reduction i¡l area distances

by the two/three adaptive pre-emphasis fil-ter occurs when compared
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with the area distarces fo:r a +12 dB pen octave p:re-emphasis when

R(1)/R(0) is between zero a¡d 0.95' and when compared with the

area distances for an unvoiced/voiced adaptive pre-emplnsis when

R(1)/R(0) is between 0.9 ald 0.6, and less than 0.3. The amount

by which a reduction j¡ area disLa¡ce occurs fon the tvrc/tt¡ree

adaptive pre-efnPhasís compared with the area dista¡ces of exist-

i¡g pr"e,enphasis techn-iques changes fon diffenent sampling fue-

quencies, but the above observations and general trends are con-

siste¡rt with throse observed fon a 10 kil-dnqtz v¡aveforrn sdmplj¡g

frequency (see Figrre 5.19).

Tlre area distances versus R(1)/R(0) for the two/thnee adaptive

pre-empl¿sis of s5rnthetic speech for the vowef l" I at sanpJ-ing fue-

quencies of 10, 9, B and 7 kil-oherbz are pnesented in Figtre 5'33'

Different synbols indicate the different samplirrg fnequencies in

Figure 5.33, a¡d the even spread of data points slrol^Ts that similar

nanges of a::ea distances occun when the two/three adaptive pre-

emphasis is used with vaveform samplJrrg frequencies between 10

and 7 kilohertz, inclusive.

Hence, for s¡rnthetic speech of the vowel lel, usìng a sampling

fnequency between 10 ard 7 kilohertz, ilclusive, does not signifi-

ca11tly affect the perforrnance of the tr¡c/thrree adaptive pre-

enphasis fil-ter to provide a rduction i¡r a:rea distances when

conpa:red with those for existing pre-emphasis techriiques. In

the case of the vowel le | , simil-ar reductions i¡ area distances

occur for any waveform sampli:rg frequency betv¡een 10 and 7 kil-o-

hertz, irrclusive.
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For sSrnthetic speech of the vowel lil pre-ernplnsized by no

pre-ernplasis, +12 dB per octave pre-emptr,asis, an unvoiced/voiced

adaptive pne-emptrasis and a ünto/tt¡ree adaptive pre-emplrasis, the

area distances versus R(1)/R(0) are Presented in Figr:re 5.34 for

sanpling frequencies of 9, B and 7 kil-ohertz. Figure 5.34 slrows

tlrat a large reduction in a:rea distances occurs for the tr'¡o/three

adaptive pne-erphasis when compared with the area dist¿ìnces fo:r no

Fre-emphasis wtren R(1)/R(0) is greaten than 0.5, but sjrnil-a¡r area

distarces when R(1)/R(0) is less than 0.5. Sirnilar' but snallen'

area dist¿rnces occun for the two/thrree adaptive Pre-emphasis filten

in conparison with a +12 dB pen octave pne-emphasis and a¡r unvoiced/

voiced adaptive pre-enrphasis when R(1)/R(0) is gr€aten tha¡ 0'95'

Fo:: R(1)/R(0) between 0.75 and 0.95 and l-ess than 0.5, the tvo/

th¡ree adaptive pre-enphasis produces snallen area distances than

a¡r unvoiced/voiced adaptive pre-emphasis.

The above obsævations differ frr¡m tlpse for a waveforrn

sampling fnequency of 10 kil-ohe¡tz (see Fig¡:re 5.20)' where a

much ]a:rgen reduction i¡t a¡ea distance occulls for the ti¡o/three

adaptive pre-emptnsis in comparison with a +12 dB per octave pre-

ernphnsis a¡rd a¡r r:nvoiced/voiced adaptive pre-emph,asis when R(1)/R(0)

is gneater" thnn 0.95. A comparison of Figures 5-20 a¡d 5.34 shows

thnt the area distances for a +12 dB per octave pre-enpÏËsis and

a¡ unvoiced/voiced adaptive pre-emphasis hrave decneased from the

10 kitohe:rtz sampl-i¡g fnequency case to the 9, B and 7 kiLohentz

sanpl-ing frequencycase, nather tlnn a significant chnnge i¡r area

distances bei¡rg produced by a two/th:ree adaptive pre-emplnsis.
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For the fortr vaveforrn sanpling fnequencies considened, i.e.

10, 9, B and 7 kitohertz, tlne a:rea dista¡ces fon a tr,p/thee adap-

tive pre-ønphasis of sSrnthetic speech fon the vowel I i I are pr€-

sented in Figr-r,e 5.35. For each differerrt sampli¡g fnequency, a

djfferent symbol is used, and a¡r even spacing of slmbols fon R(1)/R(0)

greater tha¡r 0.95 j¡dicates that the nange of area distances produced

by the tr,¡olthnee adaptive pne-ønphasis filter is r¡naffected by

sanpling fnequencies between 10 and 7 kilohertz, inclusive, when

R(l)/R(0) is greater tlnn 0.95. V'lhen R(l)/R(0) is between zero

and 0,95, a neduction in area dista¡rces occurs fon sampling fre-

quencies of 9, B and 7 kil-ohe¡rtz wher-r crcmpared with the area dis-

tances for a 10 kiJ.ohertz sarpling firequency.

Ttienefone, tþ only effect of clnnging the sampl-ing frequen-

cies betweerr 10 and 7 ki-l-ohertz, inclusive, for synthetic speech

of the vowef I i I is to produce a srnl-l neduction in a:rea distances

as the sampling frequency decneases. In genenal, the neduction i¡r

area distance cor{Ëned with the area distances for no pr€-emp}ìasis

and when a neduction i¡r area distances occurs in comparison with

those for a +12 dB pen octave pre-enphasis a¡d a¡r unvoiced/voiced

adaptive pre-emphasis is not significantly affected by a clnnge in

sampling fnequency between 10 and 7 kil-ohentz, i¡clusive.

The area distances for no pre-emphasis, a +12 dB per octave

pne-emphasis, an unvoiced/voiced adaptive pre-emphrasis and a tr¡o/

three adaptive pre-ernphasis of sSrnthetic speech fon the vowel l"l

is pneserrted in Figure 5.36 versus R(1)/R(0), for waveform sampl-j¡g

frequencies of 9, 8 and 7 kil-ohertz. A reduction in a:rea distances

is observed j¡ Figr:re 5.36 for the two/thnee adaptive pre-emphasis

filter wherr compared with the area distances for a +12 dB pen oc-
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tave 1xe-ønplnsis arxl an r:rrvoiced/voiced adaptive pre-emphasis,

with the reduction i¡ a¡ea distances i¡creasi¡rg nnrkedly as

R(1)/R(0) dec¡reases. A large neduction i¡ a¡ea dista¡rces oc-

curs for the tv¡o/tlv.ee adaptive pre-enphasis when conpared with

the area distances for no pre-emPhasis, when R(1)/R(0) is nea:r

r:n-ity, but the area distances fon no pre-emphasis a:re grnall-en

r¿Ìren R(1)/R(0) is less tha¡ 0.6.

The above obsenvations foll-ow the genenal trends fon a l^Iave-

form sampling frequency of 10 kilohertz foT synthetic speech of

the vowel lol, as presented in Figune 5.21. However, the neduction

j¡ area dista¡ces by the two/three adaptive pne-emphasis filten

when conpared $fith the area distances fon a +12 dB pen oetave Pne-

enplnsis ard an unvoiced/voiced adaptive Pre-enPlnsis is snall-en

for the sampling fuequencies of 9, I and 7 kilohertz tlnn for 10

kil-ohertz. As observed for synthetic speech of the vowel lil '

this small-er reduction i¡r area distances is due to a ::eduction i¡r

area distances by the +12 dB per octave pr€-enphasis a¡d an unvoiced/

voiced adaptive pre-emphasis as the sampling fnequency decneases,

ratìer tha¡ a change j¡r the area distances fon the troc/three adap-

tive pre-emphasis fil'ter.

Figr:re 5.37 pr"esents the area distances for a two/thnee adap-

tive pre-emptnsis of s¡rnthetic speech of the vowel- lo I velîsus

R(1)/R(0) for thre sanpling frequencies 10, 9, B and 7 kil-ohertz.

To j¡dicate wh-ich anea distances correslrcnd to which sampling fre-

quencies, different symboì-S ane used in Figtre 5. 37 ' where the even

spnead of diJferent synbol-s indicates that the rarge of area dis-

tances retunned by a trto/three adaptive pre-emphasis is not signi-
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ficantly affected by using sanplj¡¡g fuequencies between 10 and 7

kilotentz, inclusive.

Hence, a tr^D/tllIlee adaptive pre-emphasis of s¡rnthetic speech

for the vø.¡el- lol produces a range of area distances which is not

significantly affected by a ctrange i¡r waveform sampling fnequency

between 10 a:.td 7 kilohertz, inclusive. The neductions j¡ a:rea

distances for tlre twc/ttree adaptive p::e-emphasis i¡ comParison

with the a:rea distances fon no pre-emphasis are approxinately the

same fon differ:ent sampling fnequencies. However, as the samplìng

fnequency decneases, the reduction in area distances by the truc/

three adaptive pre-emphasis i¡ compa-nison with the a¡ea distances

fon an unvoiced/voiced adaptive Pre-e¡nPhasis decreases due to the

area distances of the unvoiced/voiced adaptive pre-emphasis de-

creaslng.

Figr.r'e 5.38 presents the area distances versus R(1)/R(0) for

no pre-enphasis, a +I2 dB per octave pre-emplr,asis, an unvoiced/

voiced adaptive pre-emphasis a¡d a two/tlree adaptive pre-elnplnsis

of synttretic speech for the vowel l"I fon waveforrn samplilg fre-

quencies of 9, B a¡rd 7 kil-oher'tz. In general, the two/three adap-

tive pne-emphasis filten is sÌ¡cv¡ri in Figune 5.38 to produce area

dista¡ces which are snel-len thral no pne-emphasis, a +I2 dB pen oc-

tave pre-emphnsis a¡d an u¡rvoiced/voiced pr€-elnphasis for R(1)/R(0)

greater than 0.95. Ttre variation i¡r a:rea distances for the tr'¡o/

thrree adaptive pre-emphasis is much slai-l-er thnn for the other

pre-emphasis tech¡rique s .
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I,lhen R(1)/R(0) is less than 0.95, the two/tt¡ree adaptive pre-

emphasis filten produces a reduction j¡r anea dista¡rces in compari-

son w"ith the area distances for a¡ unvoiced/voiced adaptive pne-

erplasis, bú in conparison with no pre-emPhasis a reduction of

area disbance only occuns when R(1)/R(0) is greater than 0.8. In

contrast to the other vohlels considered j¡r this sectionr a signi-

ficant cfìange in a.nea dista¡ces, produced by a tr¿o/thnee adaptive

pne-ernphasis, oecnrs when the sampting frequency clnnges, and

R(1)/R(0) is less than 0.9. Th-is cl¡ange in area distances does

not affect the pæforrln¡ce of the tv¡c/th¡nee adaptive pr€-ernplnsis

fil-te:r to provide a r€duction i¡r area distances, sirice for some

sampling frequencies larger area distances occuu fon the tr^ro/thnee

adaptive pre-emphasis fil-ter tha¡ fon no pre-elnPhasis when R(1)/R(0)

is less than 0.9.

Figr-re 5.39 presents the area distances for a tu¡c/tÏìnee adap-

tive pre-emphnsis of s¡rnthetic speech for the vowef l"l sampled at

frequencies of 10, 9, B a¡rd 7 kil-ohætz versus R(1)/R(0). Diffen-

ent s5zmbols are used to diffenentiate between the diffe::ent

samplì¡g frequencies, and the even spread of synbol-s ìn Figr:re

5.39 for R(1)/R(0) gpeater than 0.9 shpws that the perfornnnce

of the thro/three adaptive pne-emphasis is not signifi-cantly af-

fected by clnnging sanrpting fnequencies between 10 and 7 kilohertz,

i¡rcl-usive, when R(1)/R(0) is greater than 0.9. hlhen R(1)/R(0) is

l-ess thnn 0.9, then diffenent ranges of area distances occr-lr fon

different waveform sanpling frequencies, with much larger area

distances for sampling fnequencies of 10 a¡d B kil-ohe¡rtz thnn

for sampling frequencies of 9 and 7 kilohertz. This clnnge i¡

area distances with sampÌing fnequency is not consistent with

the other vowels considered in th-is section.
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Therefore, fon synthetic speech of the vor¡e1 lul, a charge

in sampling frequency betr¡een 10 and 7 kilohertz, irclusive, on-Iy

affects the penforurance of the two/three adaptive pne-emplrasis

filter to pnovide a neduction in area distances çfren R(1)/R(0)

is less tt¡an 0. 9.

Tt¡e eva-}:ations pnesented i¡r this section have shov¡n that t

in gerrerel, when the ü^loltfìree adaptive pr€-enphasis fil-ter is

defined by the parameter ot, and the relationships between cl'and

R(1)/R(0), as presented in Chrapten 4' tte area distances for a

tb¡o/three adaptive p:re-emphasis of synthetic speech waveforms a¡:e

rnt significantly affected by a clnnge in sampling fnequency be-

tween 10 and 7 kilohertz, irclusive. The onty excePtion to this

stateme¡rt is for s5rnthetic speech of the vowef l"l when R(1)/R(0)

is l-ess tÏ¡an 0.9.

5. 3. 3.2 Paramete¡: ß

The nel-ationship between the pa.rameter ß of the tvüo/three

adaptive pr.e-emphasis fjl-ter al]d R(1)/R(0) has been shrown, in

chnpter 4, to be dependent on the l^,aveform sampJ-illg frequency.

Section 5.3.2 presented an eval-uation of the two/thrnee adaptive

pr€-emplnsis filte¡r, when defjned by the panameter ß, with s¡rnthe-

tic speech of five vowef sounds sampled at a fnequency of 10 kil-o-

hertz. This section pnesents an evaluation of the two/thrree adap-

tive pne-enphasis filten, when defined by the parameter S, with

s¡rnthetic speech of five vowel sounds sampled at fnequeneies of

grBardTkil-ohentz.
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Ttris section deternì¡es whether tlre genenal tnends observed

fon the tt^l,o/tlree adaptive pne-emPhasi-s filter in compa:rison with

the existing pre-ønphasis tecÌ¡rriques for a waveforrn sampling fre-

quency of 10 kilohertz, i.e. as presented i¡ section 5.3.2, are

consisLent witn the generaÌ trends for vaveform samplilg frequen-

cies of 9, I and 7 kilohertz. The variations tlnt occur i¡ area

distances fon the s5znthetic Speech wavefor'lns l^rhen pne-emplnsized

by the tr,o/thnee adaptive pre-enptnsis and then analysed by a Pa:n-

con arnJ-ysis a:re pnesented fon clnnges j¡ sanpling frequency. Fon

al1 the vc.veforrn sampling frequencies consider€d j:r this section,

a different rel-ationship between ß a¡rd R(1)/R(0) is nequired, and

these rel-ationslr-ips a::e defj¡red in Ctn'pter 4.

A1l_ the evafuations of the two/thnee adaptive pre-emphasis

fil-ter are presented as plots of area dista¡ces betu¡een r:ecover:ed

a¡d onigina-l acoustic tube shaPes versus the value of R(1)/R(0) '
wh-ich is eva-l-uated from the glottal pulse waveform used to generate

the s¡rnthetic speech. The reason for using R(1)/R(0) of the glot-

ta1 puJ-se vraveform is to refate the results obtaj¡ed to the glottal

pulse r,raveforms which the two/tLree adaptive pne-emphr,asis fi-l-ter is

designed to renove. However, the two/three adaptive fil-ter is de-

fi¡red via R(1)/R(0) evaluated from the autocorrel-ation function of

the synthetic speech waveforrn.

The proced¡re used to generate the synthetic speech used for

the eval-uations presented in this secticn is described j:r Appendix

B. To ensr:re the sy'nthetic speech is as close as possibLe to real-

speech v¡aveforrns, the acoustic tube shape used to generate the syn-

thetic speech approxirnates the vocaf tract slnpes for five vowels,

l-1, l"l'' lil, l"l and lul , .s defi¡red in Appendix C. To avoid
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nadiation effects cloud.ing the evaluations presented j¡r this sec-

tion, the terrni¡ation reflection coefficient of the acoustic tribe

rpdel used to generate the synthetic speech is assumed as unity,

i.e. U, = 1. Atl- the glottal pulse v¡aveforrns used to generate s5m-

thetic speech are derived frsn the measured glottat pulse waveforrns

of MONSIN and H.{ffiBRETS0N [1977], RCrIÏIE]IBERG [1973], SONDHI [1975]'

SUNDBERG and GALIITIN [1978], MITIFR [1959], and FIA]trAGA]J and

TANDGRAF [1s68].

Figure 5.40 pnese¡ts area distances versus R(1)/R(0) fon no

pre-ønplrasis, a +12 dB per octave' an unvoiced/voiced adaptive pre-

emplnsis a¡rd a t1^Ioltlree adaptive pre-emphasis of synthetic speech

for" the voweL la | , for sampling frequencies of 9, 8 and 7 ki-l-o-

hertz. The tu¡o/ttrree adaptive pre-emphasis is shrov¡¡r in Figure

5.40(a) to provide a large reduction i¡ area distances ìn compari-

son with no pre-emphasis. B<cept when R(1)/R(0) is nea¡ 0.9970,

i.e. the transition poj¡t, the two/tlrree adaptive pre-emphasis

fil-ter provides a reduction i¡t area distances when compared witn

¿ +I2 dB per octave pr-e-enplnsis and an unvoiced/voiced adaptive

pr"e-emphnsis. Ttle ancr:nt by which a reduction jn area dista¡rce

occurs for the two/thrree adaptive pre-emphasi-s fil-ter j¡rcneases

as R(1)/R(0) increases.

The area dista¡ces for the trnro/thnee adaptive pr"e-elnplpsis of

s¡rnthetic speech for the vowef lal versus R(1)/R(0) is presented

i¡ Figure 5.41 fon for.u' waveform sampling frequencies, namely 10'

9, B a¡d 7 kilohertz. Different synbol-s a:re used to diffenentiate

between different sampling fuequencies a¡rd, except for the sanpling

fnequency of 10 kil-ohertz, for which larger area distances occur'

an even spread of synbols is observed i¡ Fig¡:re 5.41. Howeven, ìrr
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genepal, the penfornnrrce of the two/ttrnee adaptive pre-emph,asis

filter to provide a::eduction in area distances for s¡rnthetic

speech of the vowel l-l is only sü-ghtly affected by waveforrn

seunpli¡g frequencies between 10 and 7 kilohertz, incÌusive.

Ihe nesults of no pne-emplnsis, a +12 dB per octave ptrc-

emp¡asis, an unvoiced/r¡oiced adaptive pre-emphasis and a tr^¡oltÌ¡nee

adaptive pre-emphnsis of synthetic speech for the voweJ l"l sampled

at fnequencies of 9, B and 7 kilohegtz aÍe presented as anea dis-

tances versus R(1)/R(0) j:r Figure 5.42. In general, the resul-ts

of Figure 5.42(a) shrow tlnt a reduction i¡r area dista¡ce occurs

when the two/three adaptive pre-emphasis is used i¡stead of no

pre-emptasis. However, Figr.re 5.42(b) slpws ttnt the two/ttìnee

adaptive pre-emplnsis produces slightl-y largen anea distances thari

a +I2 dB per octave a¡rd an unvoiced/voiced adaptive pre-emphesis

when R(1)/R(0) is near 0.9970, but si¡nilar area dista¡ces when

R(1)/R(0) approaches 0.9985. The improvement j¡ the perfornnnce

of the two/thnee adaptive pne-emphasis as R(1)/R(0) i¡lcreases is

consistent with the evaluations pr€sented for synthetic speech of

the vowel l"l.

Figure 5.43 presents, for waveforrn sampling frequencies of 10,

9, B a¡d 7 kilohertz, the area distances versus R(1)/R(0) for a tr¡c/

thnee adaptive pre-emphasis of synthetic speech for the vowel l"l'

The use of different s}mrbol" fî each sampl-ing frequency shows

that, except for a sampling frequency of 10 kilohertz, sinr-ilar anea

distances occur for djfferent sampling frequencies. Hence, the

penforrnance of the two/thrree adaptive pre-emphasis fi-l-ter is not

significantl-y affected by sanpli¡rg frequencies between 9 a¡rd 7

kilohertz, i¡rcl-usive, a:rd only slightly affected by a sampling
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ñ:equency of 10 kil-oherÈ2, when used to pne-enphasize synthetic

speeeh of the vowel l.l.

The nesults pnesented in Figgre 5.44 a¡e fon s5rnthetic speech

of the vowel- lil wfricn have been sampled at frequencies of 9, B

a¡rcl 7 kiloheptz with no pne-enphnsis, a +12 dB per octave Pre-

enphasis, an unvoiced/voiced adaptive pre-emphasis a¡¡d a two/three

adaptive pre-emptnsis. A large neduction i¡ a¡ea distances is

sÏ¡cv¡n in Figqre 5.44(a) fon the two/ttree adaptive pre-emphasis

in conpa:rison with no pre-emphasis. A significant reduction in

area distances is sh¡cv¡n in Figu:re 5.44(b) for the tr¿o/three adap-

tive pre-emplnsis filter iI compa:rison with a +I2 dB per octave

pre-emphasis and an qnvoiced/voiced adaptive pne-emptnsis. As

obsen¡ed fon the s¡rnthetic speech for the vowe1s l"l and l"l'

the perforrnance of the tr,p/three adaptive pre-emphasis to provide

a reduction in a:rea distance improves as R(1)/R(0) j¡tcreases.

The area distances versus R(1)/R(0) for the ü¡o/tlrree adaptive

pre-emphasis of s¡rnthetic speech for the vowel- lil sampled at f::e-

quencies of 10, 9, I and 7 kil-ohertz are plresented j¡r Figure 5.45'

Using di-ffenent synbols to show the resufts for" different sampling

frequencies, Figure 5.45 shrows tlnt' except fon a sampling fre-

quency of 10 ki.l-ohertz, no significa¡rt change j¡r area distances

occuns for different sampling frequencies. Hence, for sampling

frequencies between 9 and 7 kilohentz, incJ-usive, a sirnilar per-

fornnnce of the two/thnee adaptive pre-emphasis fil-ter to provide

a reduction j¡ area distances occurs, with a sligþtly pocrer Per-

forrna¡ce fon a sanpling frequency of 10 kilohertz.
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Fig¡re 5.46 presents, for s¡rnthetic speech of the vov¡el lol,

tlre area dista¡rces versus R(1)/R(0) for no pre-emphasis, a +12 dB

pen octave pne-elnphasis, an unvoiced/voiced adaptive pre-emphasis

and a tr,p/th¡ree adaptive pne-enphasis, when sampling fi:equencies

of g, B and 7 kil-oher.tz are used. The two/three adaptive pre-

emph,asis is strov¡n in Figure 5.46(a) to produce a large reduction

i¡r ar.ea dista¡ces when compared with no pre-emphasis. In general,

Figure 5.46(b) shows a s.nal-l reduction in a¡rea distance by the

two/thee adaptive pne-emphasis in comlntrison with a +12 dB Per

octave pre-ernphasis and an unvoiced/voiced adaptive pr-e-emplr,asis.

A gene::al improvement in the perforrnance of the two/tlrree adaptive

pre-ernphnsis fj-l-ter when R(1)/R(0) j¡creases is observed i¡r Figr:re

5.46, which is consistent with the observations for the tr¡o/three

adaptive pne-enphrasis of s¡rnthetie speech for the vowefs l"l ' l.l

ana lil .

Figr-re 5.47 presents the a:rea distances versus R(l)/R(0) for

a tr^¡clthree adaptive pre-emphasis of synthetic speech for the vowel

l"l sanpled at frequencies of 10, 9, B and 7 kil-ohertz. Different

symbols are used in Figure 5.47 to j¡rdicate the different samplìng

frequencies, and an even spread of data points (except for a few

at a sampl-ing frequency of 10 kil-ohertz) is observed in Figure

5.47. Hence, for sampling frequencies between 10 and 7 kilohertz,

inclusive, the perfornence of the two/thnee adaptive pre-emplnsis

fil-ter to provide a reduction i¡ area distances is not significant-

ly affected.

For synthetic speech of the vowel lul, fig¡re 5.48 presents

area distances versus R(1)/R(0) fon no pre-emphasis, a +12 dB Per

octave pre-emphasis, ar urrvoiced/voiced adaptive pre-emphasis and
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a tr^¡oltlree adaptive ple-emplnsis when sanpling frequencies of 9,

8 a¡rd 7 kilohertz ar€ used. Figr:re 5.48(a) shows tlrat the tu¡c/

t¡nee adaptive pre-erphasis produces a reduction i¡r ar"ea dista¡rces

wherr cornlxred hr-ith a +I2 dB pen octave pre-enrphr,asis and an unvoiced/

voiced adaptive Pne-emPhasis.

For the forjIl samplirg fnequencies of 10 ' 9, B and 7 kiJ-oheptz,

Figure 5.49 presents the a¡ea distances versus R(1)/R(0) for a tr¡o/

th::ee adaptive pne-emptr,asis of synthetic speech for the vowef l"l .

The area distances for sarnpllng frequencies of 10 a¡rd B kilohertz

a¡re slpv¡n in Figr::ne 5.49 to be nn:ch largen thnn the a¡ea distances

for sampling frequencies of 9 and 7 kiLohertz. Hence, for: synthe-

tic speech of the vowel- lrl , - clnnge in sampl-ing fnequency between

10 and 7 kil-ohertz, ircl-usive, nny affect the penfornnnce of the

two/thnee adaptive pre-emphasis fil-ter to provi-de a reduction i¡

area distances.

Ttre evaluations performed i¡r this section have shov¡n tÌìat, i:r

general, when the two/tlrree adaptive pre-emphasis fi]ter is defi¡ed

by the parameter ß a¡rd the rel-ationships between ß and R(1)/R(0)

presented in Chapter" 4, the a:rea distances for a two/three adaptive

pre-emphasis of synthetic speech vaveforrns are not significantly

affected by a clrange in samplilg frequency beti*een 10 a¡rd 7 kil-o-

hertz, inclusive. An exception to this statement occurs fon sSrn-

thetic speech of the vowel l"l.

Si¡nil-ar conclusions are drawn for the eval-uations presented

i¡r Section 5.3.3.1, where the two/thnee adaptive pre-emphasis fi1-

ter was defined by the panameter o, and a close comparison of the

evaluations of th-is section and Section 5'3.3.1 shows tlnt they
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are consistent with each anothes'. Hence, a genenal- conclusion can

be r¡ade tlpt, except for s5rnthetic speech of ttre vowel lul, tfre

area distanees resulting from a two/tlrree adaptive pre-emphrasis of

synthetic speech are not significantly affected by using a sampling

frequency between l-0 and 7 kilohertz, inclusive'

5.4 EVALUATI0N I^IITH REAL SPEECH DATA

This clnpter Ïlas so far descnibed the eval-uation of the twc/

thr.ee adaptive pre-emphnsis fil-ter. with glottal pulse waveforrns

(both sSrnthetic and denived from measured gtotrat pulses) and syn-

thetic speech data. In the case of s5rnthetic speech' IIEny proper-

ties of tl¡e vocal bract and speech production system have been ig-

nored, e.g. 1ip nadiation and vocaf tract l-osses. ltris section

evafuates the perfornnnce of the two/thrree adaptive pre-emphasis

fil_ten with neal- speech data fon sevenal- vowef sounds.

A m¡nber of problems exist fon eval-uation of the tI^Ð/thr€e

adaptive pre-emplnsis filter with neal speech waveforrns. gne

problen is the diffieulty of determi¡ing the vocaf tract shape

for a particula:r speech sor.¡nd so that a comparison ccln be nade

witfr t¡re r:ecovened acoustic tube shape. Another problen is the

cJ-ouding of the resu,l-ts by other non-ideal voca-l tract properties

such as lip nadiation and vocaf tnact fosses. Ttrerefore, even if

the tb¡c/three adaptive pre-emphnsis completety relncves glottaÌ

pulse excitation effects from the recovened acoustic tube shape'

Iip radiation a¡rd vocal- tnact losses prevent the vocal- tract shnPe

fnom bei¡rg recovered. Hence, a carefuJ- interpretation of the re-

covered acoustic tube shape is necessary'



392

Si¡ce the non-ideal properties of the vocal- tnact cloud the

effectiveness of the tl^¡clthree adaptive pre-emphasis filten j¡ ne-

noving glottal pulse excitation effects from tlre acoustic tube

Shape recovered by linear pnediction, accurate voeal- trnact shrapes

fon the speech Sounds bei¡rg analysed ane not necessarS/. Hencet

the vocal bract slìaPes deterrni¡ed from X-ray photognaphs by FAltlT

[1970] and presented in Appendix C a::e compared with the recovered

acoustic tube shapes. Ttre r^eal SPeech vÊveforflì.S used i:.l this sec-

tion closely apprÐxirnate the Russia¡r vowels l"l, l.l' lil, l"l and

l"l.

A full description of the procedr.:re a¡rd conditions u¡rde:r

which the neal speech waveforrnsweredigitally neconded is present-

ed in Appendix H. Briefly, the speech waveforms we¡re recorded

from seven Ausþal-ja¡ nral-e speakers, each phonatìng the vowel-s

l-1, l.l, lil, l"l and l"l itr lh-dl f¡ames. A nur¡ber of necord-

ing sessions r^rere used, separated by at least one day, but not

nrore th,an thir.ty days. Àt each necording Session, the five voweLs

were spoken jn the li't<l frarne, i¡r a random order which clnnged

for each :recording session.

The digitaf necording of the rea-l- speech was performed by

fi-nst filtering the speech by a 1ow pass fil-ter with a cut-off

frequency of 4.5 kilohertz, and then samplìng at a fnequency of

10 kilohertz. The sampled speech waveforrnwas stoned on nagnetic

tape unden the control- of a nrinicomputer. Assuning the nnl-e vocal

tract length is 17 cms, then usirg a sampling frequency of 10

kilohentz permits a 10 acoustic tube representation of the vocal

tnact shape.
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Ihe analysis lxocedure fcn the real speech data was to fi¡:st

choose 300 sanples, lîepr€senting a 30 msec time iltenval, of the

vowel- sound and wi¡dow tÏ¡-is data with a Hanrning wi¡dow IBLACKI'{AN

and ]IJKËY 1958, MARKEL 1971' MAKTOUL and lrlOl,F 1972). Ttre wi¡dowed

data r,ø.s then pre-emplnsized with either a +I2 dB pen octave pre-

enphasis, a¡t unvoiced/voiced adaptive pne-enphrasis, a tb¡o/thl"ee

adaptive pre-emphnsis or no pne-emphasis at al-1. A Parcor lj¡ea:r

predictive arnlysis is then used to necoven an acoustic tube ShaPe

wh-ich is ccrnpa:red by the area dista¡rce measure with the vocal tract

slnpe ueasured by FAITII [1970] for the corresponding vowel sound.

All- the evaluation resul-ts preserrted i¡r this section a¡e in

the forrn of area distances betr^æen the recovered acoustic tube

shape a¡rd the corresponding vocal- tract Slepe measuned by FAIJT

[1970] for the correslrcnding vowel sound pl-otted against R(1)/R(0) '

which is evaluated from the autocoruel-ation fi:nction of the speech

vnveforrn. Ttte r:eason for plotting a::ea dista¡rces versus R(1)/R(0)

is that the val-ue of R(1)/R(0) determi¡res the anpunt of pre-

emphasis applied by the two/tlrree adaptive pre-emphnsis fil-ter

and the unrrciced/voiced adaptive pre-emphasis filter'

Figure 5.50 presents the a¡ea distances versus R(1)/R(0) for

no pre-emplesis, a +12 dB pen octave pre-emphasis, art unvoiced/

voiced adaptive pre-emphasis and a tr¡o/three adaptive pne-enphasis

of r.ea-l- speech for the vowel l" I . A large reduction i¡r area dis-

ta¡ces is obsenved j:r Figu:re 5.50 for the two/thrree adaptive pre-

emplrasis fifter when compared with 1¡s +12 dB per octave pre-

emphasis and u¡rvoiced/voiced adaptive pre-elnphasis fil-ter. Sirlri-

lar, but sJ-ightty larger, area distances occur fon the two/three

adaptive pre-emphasis fil-ter when compared with no pre-emphasis.
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Si¡ce the tr.ue vocal tr.act shape is not }molvrr fon the rea-l speech

being arnlysed, the above observation does not necessa::ily imply

that a tr¡o/tlree adaptive pne-ernphasis of the neal speech prrrvides

poor€r vocal tract shnpe r€coveny tÌ¡a¡¡ when no pre-emphasis is

used.

TÌre genera1 tnends of a:rea dista¡rce ver:sus R(1)/R(0) for the

various pre-erptrasis techniques pnesented in Figr:ne 5.50 are simi-

1an to the general trends observed when s¡rnthetic speech fo:: the

vowel l"l was used in Section 5.3. Ttnt is, a +I2 dB ¡ren octave

pre-ernphasis and an unvoiced/voiced adaptive pne-emphasis prnvided

rn:ch ]a:rger area distances tln¡ no p,ne-emphasis and a tr¡o/three

adaptive pre-emphasis. Hence, fon the narrge of R(1)/R(0) pnesent-

ed in Figrlre 5.50 (i.e. the real speech situation) the evaJ-uation

resutts fon s¡rnthetic a¡d real speech of the vowel- l-l are consis-

tent uTith one anotlrer.

Fon ne¿.J- speech of the vowel le | , tne area distances versus

R(1)/R(0) for no pre-erphasis, a +I2 dB per octave pne-emph,asis,

an unvoiced/voiced adaptive pne-emphasis and a tv¡o/three adaptive

pre-emphasis aré p:resented in Figure 5.51. For R(1)/R(0) approach-

ing r-:rrity, sirnila:r area distances occur fon no pre-emptr,asis and the

three pne-emphasis tech¡riques. Fon R(1)/R(0) fess tlnn unity, the

area distances fon a +12 dB pen octave ane much larger tln¡r the

other two pre-emphasis techniques and no pre-emphasis. The anea

distances for a two/three adaptive pre-emphasis are much snall-er

tlnn for an unvoiced/voiced adaptive pre-emphasis, and sinila:r to

no pr€-efipte,sis.



396

I E+01

2.00

I .60

0 .40

0.12

FIGURE 5.5I2

+

X Iil FfrE€frfrIIII
+ +tu FB !c1fl8
E nmlllÆ
o tï0/nnE

+

+
+

o

E

o

o

o

xXx

+

E

H
b
ä
c
t

+

+

D

o
x

+
E!

x
{

+t
f-

E
x

I
t
{
xl

o
o
ô
o

t
¡{

¡l$( xt
x
0

t
oü

x
c

0.81 0.90

Area distaJrces for analysis of real speech for the
vovef /e/ bV no pre-emphasis, +12 d.B per octave,
unvoiced/voiced. adaptive and. tvo/three adaptive
pre-emphases

0.99
R(l 

'/Rl 
¡ 
'



397

Itrenefone, fo:: rea-l speech of the vowel l.l, . reduction j¡r

a¡ea distances is achieved by the two/tlrree adaptive pre-emplnsis

when conpaned with a +I2 dB per octave pne-ønplnsis and an

unvoiced/voiced adaptive pe-emphasis. Sj¡ce the true voca-l-

tract Shape is not ],oow for the real- speech bei¡tg anal-ysed,

it is not possible to conclude, frorn the :resul-ts presented i¡r

Figure 5.51, tþat improved vocal tnact SfÊpe l?ecovery is achieved

by the t¡¡o/tlree adaptive pne-emphasis filter in compa:rison with

the vocal tract shape recovered when no pre-emphnsis is used' The

gerrerel trends observed in Figu:re 5.51 for real speech of the vowel

l.l are fornd to be consistent with the general tnends observed fon

synt¡etic speeeh of the vor¿el l.l presented in Section 5.3.

The area distances velîsus R(1)/R(0) fon no pre-ernphasis, a

+12 dB per octave pne-empbasis, art unvoiced/voiced adaptive pne-

emplrasis and a two/tlree adaptive pre-emphasis of reaJ- speech for

the vowel- lil are peesented i¡r Figure 5.52. For R(1)/R(0) close

to unity, Figune 5.52 slrows thnt a +I2 dB per octave pre-ernphasis

and an unvoiced/voiced adaptive pne-emphasis prrcduce sjmila:r area

distances, which are snal-ler tlran a thTo/three adaptive pre-emphasis

a¡d much snal-l-er tlnn no pre-emplnsis. !'lhen R(1)/R(0) is much l-ess

thnn unity, the +12 dB pen octave pre-emplnsis produces much J-arger

area dista¡ces tlran no pre-emphasis and the other tvuc adaptive pre-

emplnsis teclrniques. The two/tlrree adaptive pre-emphasis produces

the snal-l,est area distances when R(1)/R(0) is between 0.77 and

0. 90.

The genenal- tlrends observed in Figure 5.52 are consistent

with the general trends presented i¡ Section 5.3 for synthetic

speech of the vowel- |i|, except for the tr¿o/three adaptive pre-
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erphasis when R(1)/R(0) is near r:nity. fn ccnrparison with the +12

dB pen octave p:e-enplnsis ard an unvoiced/voiced adaptive pre-

erphasis, the two/thnee adaptive pre-enphasis filten prrcduces

la:rger a¡ea distances for real speech tlnn for s5rnthetic speech

when R(1)/R(0) is near writY.

Figr.re 5.53 presents the area distances versus R(1)/R(0) fon

no pr€-empl6sis, a +12 dB per octave pne-emphasis, art unvoiced/

voiced adaptive pre-emphasis ard a tülo/three adaptive pre-emplnsis

of rea-f speech fon the vowel l"l, Ttre area distances for the tr¡o/

tlnee adaptive pre-erplnsis a:r'e consistently sneller tlnn the area

dista¡rces fon a +12 dB pen octave a¡d an unvoiced/voiced adaptive

pre-emphasis, but la:rger ttnn the anea distances for no pre-

emplnsis. E<cept fon the glal-ler a¡ea distances returned by no

pre-emphasis in comparison with the other three pre-emphnsis tech-

niques, the general- tr:ends observed in Figune 5.53 for^ real speech

of the vowel- l"l are consistent with the eval-uation results pne-

sented i¡r Section 5.3 fon synthetic speech of the vowel l"l.

The resul-ts of no pr:e-emphasis, a +a2 dB per octave pre-

emphasis, an unvoiced/voiced adaptive pre-emphasis and a t!,rolthü'ee

adaptive pre-emplrasis of reaÌ speech for the vor¡el- l" I are present-

as area distances versus R(1)/R(0) i:r Figwe 5.54. The range of

R(1)/R(0) presented j:r Figr-ure 5.54 is rmch snaÌlen and closer to

¡nity than for^ the other figures presented in this section, and

shows the tendancy for R(1)/R(0) to be rmrch h-ighen for r^eaf speech

of the vowel l"l tlnn fo:r the vor¡els lal, l.l' lil and l"l.
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Fi$n€ 5.54 shows tlnt the area distances produced by the

th¡:ee pre-enptnsis techniques arer in gene:ral, srnallen than the

area distances fon no pre-ønphasis, a nesult which is consistent

with the evaluation resu-lts presented i¡ Section 5.3 for synthetic

speech of the vor¿ef l"l. Wtren R(1)/R(0) approaches unity, then

the area distances for^ the thee pre-emplrasis techniques are sirni-

La¡. S1ightly largen area distances occun fo:: a tl^¡oltþee adaptive

pre-enphasis ttra¡r fon a +12 dB pen octave pne-emptrasis and a¡r

unvoiced/voiced adaptive pre-erphasis when R(1)/R(0) is less tlnn

approxinately 0.97. Si¡rce the true voca-l- tract strape is not lctoun,

the latter observation does not necessarily j¡nply tlrat poorer: vocal

tract slrape r€covery occuns for a tr,p/three adaptive pne-emplnsis

than for a +12 dB per octave pre-emphasis or an unvoiced/voiced

adaptive pre-emPlnsis .

The eval-uation r^esults presented i¡ th-is section appea:r to

show tÌ¡at, in nrany cases, snaller a¡ea diSt¿tnces occur for no pne-

emphasis than when any of the th,nee pre-emplnsis techniques are

used. However, a careful interpretation of the nesu-fts must be

nade, si¡rce the true vocaf tract shape for each of the speech

waveforrns is not )crovnr; therefore, the a¡ea distances cal-cu-l-ated

onl-y offer an i¡dication of the accuracy of the recovened acoustic

tube slrape. Only the gloltal- pulse excitation is corlected fon'

and not a1I of the non-ideal prope¡ties of the vocal tract, which

inc]ude lip r-adiation and voca-l- tract losses; hence, accr:rate vocal-

tract shrape recovery cannot be expected'

A comparison of evaluations performed j¡r this section for

real speech of five vowel sourds with the evafuations presented

i¡r section 5.3 for s5rnthetic speechof the same five vowef sounds
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sllohTs a sjmilaríty in the general tnends of a:rea distances versus

R(1)/R(0) fon each pne-emphasis tecþrrique. Hence, in genenal, fon

the ranges of R(1)/R(0) preserrted jlì tlle figu::es of tl¡-is section,

the evaluations for real a¡rd synthetic speech are consistent with

one another.

Tn generral, the area distances produced by using a tr¡o/thnee

adaptive pre-ønphasis of real speech fon the vowel" l"l, lel and

lol are significantly snntlen, and for the vowel-s lil and l"l

simj_l-a:r to the anea distances Produced by using a +I2 dB per oc-

tave pre-enplnsis on an unvoiced/voiced adaptive pre-emphasis'

In concl-usion, the evaluations pnesented il this section, using

real speech, have shov¡n thrat there is a significant advantage in

usìrrg a tr^7olthree adaptive pre-erphasis instead s¡ ¿ +I2 dB pen

octave pre-elrpÏ¡asis or an unvoiced/voiced adaptive pne-emplnsis,

i-f vocal- tnact slrape r€covery is desined'

5.5 SUMMARY

A new pre-emphasis fii-ter, refemed to as the two/tlrree adap-

tive pne-emphasis fjl-ten, h,as been defi¡red j¡ Clrapter 4 to perniit

improved acoustic tube/vocal- tract shnpe necovery ìn comparison

with existing pne-enplnsis techrniques. This chnpter Ïns pnesented

a detailed eval-uation of the tr,c/thrree adaptive pre-emphasis filter"

in comparison with existing pre-emphasis techniclues for both s¡rn-

thetic and real vnveforms.
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The evaluations pnesented i¡ th-is clnpter attempt to cover:

the rnaay Situations thlat occun i¡ neality fon the speech sounds

of five vowefS and., as a consequencer a very large ntunben of

eval-uation nesults Ïrave been presented. As a guide to the nead-

en who has rrot read th¡-is clnpter j¡ detail, Table 5'1 pnesents the

oveu:aLl perfornance of the tl^¡olthree adaptive pre-emphasis fjLter

for a sampling frequency of 10 kil-ohertz. The penfornence of the

two/tlree adaptive pre-erphasis filten in comparison with other

pre-emplnses is indicated in Table 5.1 by an imp:rovement facton.

The improvement factor is defi¡red as the natio of a¡ea distances

for an existing pre-emphasis technique to the area distance for

a two/thnee adaptive pre-emphasis. Hence, an improvement facton

of greater tlnn t¡nity implies that the tv,roltlll.ee adaptive pne-

emphasis fil-ten produces sna-fler area distances and, in rost cases,

this implies art improvenrent i¡ acoustic tube/vocal- tract shape re-

covery.

A1l- the improvement factors pnesented jn Table 5.1 on-ì-y

represent 1tË¡xj:Ium, t¡pical a¡d minimum va]-ues fon the t\^1olthree

adaptive pr:e-emphasis fi-l-tents per:forÍItlnce. As seen i¡ this cln'p-

ten, it is difficul-t to judge the perforrnance of any pre-emplnsis

techniques over the wide range of conditions presented i¡ this

chapter, from just the naximum, tSpical a¡d ninjrrmm values of

area distances it produces. Therefone, Table 5.1 shou-ld only

be tneated as a guide to the perforrnance of the two/tlrree adap-

tive prre-enplesis fjJ-ter in compa.rison with the othen pne-emphasis

teclrriques.
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The adaptive cln¡acteristic of the two/thnee adaptive pre-

enphasis filte¡r inb:oduced i¡ chnpten 4 was empiflically deterrnined

by finding the necegsafa/ pre-enphasis to wÌ¡'iten a 1a¡ge va:riety of

g1o1Íal pulse vraveforms. Herce, the irÉtial eval-uation of the tr¡o/

th¡ree adaptive pre-enphasis filte¡r iaas performed with gtottal pulse

r^avef'orrns. Evaluations with sjmul-ated and neasured g]o1ta1 pulse

vaveforms sanpled at a fnequeney of 10 kilohertz stror¡ed the tr,sol

three adaptive pre-emplnsis filter to be significantly betten at

crcmpensati¡g for glotral pulse t,aveforrns ttran existiag pre-emplnsis

teclmiques.

D:ring the empirical- forn¡¡lation of the tr¡o/thnee adaptive

pre-ernphasis fjl-ten, it was for:¡d th,at a elnnge in sanpli¡g fre-

quency caused ctrarges j¡ the area distances nesultirg frrom a tr¡o/

three adaptive pne-emphasis. Thenefone, a two/ttn'ee adaptive pre-

emphasis fj-l-te¡r r,es defi¡red for each of the sanpting frequencies,

10, 9, B arç] 7 kiloheytz, so thr,at simil-a:r area distances occur for

different waveform sampling firequencies. Ttte eva-l-uations pnesented

j¡r tÏÉs section showed that defi¡ing a two/thnee adaptive pne-

emphasis filter fon different sampling frequencies pernr-itted si¡ni-

l-ar resufts to occur rega-ndless of a clnnge in sampli]lg fnequency

between 10 a¡d 7 kil-ohertz, ìrrcJ-usive.

Synthetic speech waveforms were used to study the perfornerrce

of the two/thrree adaptive pre-emphasis fil-ter in necovering acous-

tic tube slrapes when those acoustic tube shapes are excited by

glottal pulse v¡aveforrns. The synthetic speech waveforms are

generated from the acoustic tube ncdet the shape of which apprrrxi-

nntes five different vocal- tract slnpes for the vowef sounds l"l '

l"l, lil, lol and l"l. The only violation of the ideal acoustic
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t¡be npdel is tlre non-white glottal pulse excitation. Ttre area

distance measure defíned in Chapto: 2 r¡as used to pnevide a quan-

titative flte¿Isure of the simitarity betr,aeen recovered and origirnl

acrcustic tube shapes.

Evaluations performed witn s5znthetic speech, generated fon a

sampl-ing firequency of 10 kjl-ohætz, showed thnt the tr¿o/thnee adap-

tive pre-enplnsis filter^, il general, pnovides a significant reduc-

tion j¡r area distances when corparedwithconventional pre-emplnsis

teclrn-iques for the vowel= l"l, l"l, lil, l"l a¡d l"l. The tr^¡ol

three adaptive pre-emphasis, whren compared with no pre-emphrasis,

provides neduced a:rea distances for the vowel-s l.I, l"I a¡a |i|,

but sJ-ightly l-argen area distarces for the vovefs lol ana lul.

Good acoustic tube shaPe r€covery is achieved by the tr^¡olthree

adaptive pre-emplrasis for the vowel- lol, even though the area

distances are larger thnn for no pne-emphasis, but poon acoustic

tube shnpe recovery occurs for the vowel- l"l.

In general-, the variation in area distances for a t\^¡cltlree

adaptive pre-emphasis is nmch snal-ler then the variation in area

distances for existing pre-enphasis techniques a¡rd no pre-emphasis.

Therefore, the acoustic tube shrapes resufting from the use of a

tr¡c/thrree adaptive pne-emphnsis are less sensitive to changes in

glottal pulse excitation tlnn other pne-emphasis techniques and

no pre-emplnsis. Hence, the tr¡c/th'ee adaptive pre-emphasis fil-

ter is mone effective at renroving glottal- pulse excitation effects

from the recovered acoustic tube shape tlnn existing techniques.

The snall va¡riation i¡r acoustic tube shapes hns impontant apptica-

tions in reny areas, such as vocoders, where stable stowly varying

parametens are required to represent the speech waveforrn.
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lhe perfornnnce of the two/tlnree adaptive pre-emplnsis fil-ter^

to recover: imprrrved acoustic tube shapes for samplil1g fnequencies

of g, 8 and 7 kil-ohertz !,rErs also investigated. Fon synthetic

speech of the vowels l"l, l"l, lil ana lol' it r"¡as found tlst

the two/tlrree adaptive pre-enphasis fil-ter- has been defj¡red such

that no significarrt ctnnge in area distances occuns when the

sampling frequency is between 10 and 7 kilohertz, inclusive' Ttre

area dj_stances fon a tr^o/three adaptive pre-emphasis of synthetic

speech for the vowel l.rl .t= an exception, si'ce they change sig-

nifica¡rtly for clenges irr sampling fnequency between 10 and 7

kilohertz, inclusive.

An evaLuation of the th¡c/tlrree adaptive pre-emphrasis fjl-ter

was perforrned witn real speech waveforrns. Hor¡ever, a careful i]l-

terpretation of the results is necessal5/, Sìl.Ice the oniginal vocal-

tract slnpe is not }3.rov¡n and non-ideal properties of the vocaL

tract, such as lip radiation and voca]- tnact losses, cl-oud the

results. Speech waveforrns for the five vowels l"l, l"l, lil'

l"l a¡d lul wene obtai¡led frorn seven na-l-e speaJ<ers. The acous-

tic tube shapes used to deternine the accr:racy of the recovered

acoustic tube shapes !,ære derived from the X-ray measurements of

the vocal- tract shnPe fon the equival-ent Russiarr vowefs'

In general, the two/thnee adaptive pre-emphasis is for:nd to

provide a large neduction in area dista¡ces in comparison with the

existing pre-emphasis tech'riques for the vowel-s l"l, lel and lol,

a¡rd sjmilar area dista'ces for the vowels lil a¡d l"l. lrlhen the

eval-uations for real speech are compared with those of sSrnthetic

speech, a sjmilarity in the general trends of a:rea dista¡rces versus

R(1)/R(0) for each pre-enphasis technique is for¡rrd. Hence, the
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evaluations l^rith neal ahd s¡mthetic speech are for:nd to be consis-

tent $¡-ith one anotÌ¡er.

Ttre evah¡ations penforrned i¡l this clrapter: with glottal pulse

vaveforrns and then syrrthetic a¡rd real- speech wavefonns of five

vor^æIs have, in gene:al, slotvn tlnt the t\^Jolthree adaptive pne-

emphasis fil-ter provides a genenal- imprrovement i¡ ne¡rpvi¡rg glottal

pulse excitation effects frrcm the recovered acoustic 1r:.be shape

than existing pne<nphasis techniques. The use of the tv¡c/three

adaptive pre-emplnsis fjlter produces improved acoustic tube shn'pe

recovery witl a srall- sensitivity to chranges in the glottal pulse

excitation and., except for the vowel lul, a snel-l sensitivity to

clnnges in sanpling fr-equencies between 10 and 7 kilohertz, inclu-

sive.
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CHAPTER 6

ACOUSTIC TUBES I,IITH A LOSSY TERÎ'/IINATION

6.1 INTRODUCTION

hevious ctnpters h¡ave considered the violation of the ex-

citation assumption of the l-i¡ean predietion/acoustic tube npdel.

Hor^æven, this is not the only assunption of the li¡rear predietion/

acoustic tube npdel that is violated i¡ neal sitr:ations' Investi-

gations such as those perfornred by FlAlrlAGAl'I 11372) Ïrave shor,¡n tlnt

radiation fnorn the tennínation of thre acoustic trrbes or the vocal-

tract is significarrt, ard should be taken i¡rto account' If nadi-

ation frcm the lips did not occr:r, there would be no point i-n

speaki¡g. ftis ctnpten considers the nadiation from the termill-

ation of the acoustic tubes/vocal tract, artd ìrrvestigates prÐ-

cedures that nay provide improved acoustic tube/vocal tract slrape

r€covery when nadiation occr:rs.

The viol-ation of the ideal terurinati¡g condition of the

l-i¡rean prediction/acoustic tube node'l- considered i¡r this chap-

ter is j¡r the form of a lossy termj¡ration. The ideal terrni¡ration

condition is a completely lossless terrni¡ation which does not al-low

any uaveform to be radiated which, as discussed above, is not the

case i¡r nost practical situations, especialty the speech case'

The anror:nt of loss at the ternri¡ation of acoustic tubes is defi¡ed

by a radiation impedance which is defi¡red later i¡r this a¡d also

the following sections.
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An exact npdel of nadiation a¡rd the loss frcrn an open-ended

acoustic tr¡be is cønplex, a¡rd difficult to repnesent' However:t

an apprÐxj¡nte nelationship between the Pressune and volune

vel-ocity at the open-ended acoustic tube exists, if the::ela-

tive size of the opening is snnll in comparison with the dime¡-

sicns of the slrroundirìgs. Ttris approxirnate nel-ationsh-ip, frrom

the rænrk of Ì'IORSE and INGARD [rg0g]' is

P u(L,u) = 7 
Mrr(ur)ûJt(Z'ur)

where ?r(Lru) and ßrM(Zro) are the fnequency donrain pressune and

vol_r¡ne velocities at the tenni¡ation, respectively, and Zt*r(o)

is the r^adiation impedance. VJhen the cross-sectiornl area of the

radiating acoustic tube is s.IEl-I j¡r nel-ation to the di¡rensions of

the surror-:¡di¡gs, FTA¡¡4GAN l;-g72l has slpv¡n that the nadiation im-

pedance may be repnesented by a parallel combi¡¡ation of a norrnaf-

ized resistance, R/1, ard a norrnal-ized j¡ductanee, LrL. Iherefore,

the nornel-ized nadiation impedance, 7n(u), nìay be expnessed as

iuLnRn
(o):z

( 6.1)

(6.2)
,L Rn+ iuL,

The nornal-ized resistance, R¿, a¡rd norrnal-ized i¡rductance, LL,

a::e fi:equency ildependent quantities which are deterrni¡ed by the

dimensions of the radiatìng acoustic tube and its surror.ndìngs.

sj¡ce Rn and Lo are frequency independent, the radiation impedance,

; o(rJ'), is a simple function of frequency. The nadiation impedarce

is g.nall, ild, tends to zero for l-ow frequencies, wtr-ich is the

idea-l- condition required by the linear pnediction/acoustic tube

r¡pdel, i.e. zÈero radiation ìmpedance implies no nadiated waveform'

lrJhen oln(Rn the nadiation impedance, Ln(u), approxirnates the pure



4]-'2

inductance LO, a¡d at trigh firequencies where uLnÞ Ro the radiation

impedance, Tn(u), appmoxinates the resistanc" Ro.

Figr-nre 6,1 shows the real and inraginary Parts of Zo(o) as a

fi:nction of frequency for values of RO and LO tlnt are

typical of speech nadiation. ltre enengy nadiated from the acoustic

tube is proportiornl- to the real part of the radiation Ímpedance.

Threrefore, Figr.re 6.1(a) Shobts that the enens/ loss is fi:equency

dependent, and rost significa¡rt at high frequencies. In speech

arnlysis, a -6 dB Pel? octave pne-empfnsis is applied to the speech

vaveform i¡r an altempt to accorrtt for this fi:equency dependent

nadiation l-oss from the vocal tract at the lips'

In the speech application, the radiation loss cannot be

sepa:ated from other' losses in the vocal tract on from other

non-ideal- properties of the voca-l- tract; therefone' the effective-

ness of a -6 dB pen octave pre-empliasis to account for a radiation

l-oss is difficult to obtai¡r frrcm speech waveforms. A study, usi¡g

synthetic speech r,,raveforms, to deterrnine the effectiveness of a

conventional -6 dB per octave pre-emplnsis to accor:¡t for radiatiorr

loss is presented il Section 6.3.

The developnent of arnlysis procedr:res tlnt p¡ovide ímproved

acoustic tube slnpe recover5/ ìn eompa.rison with conventional prro-

cedures for a lossy termi¡ation requi:res an accurate nrodel of real

acoustic tube terrnination corditions. Section 6.2 pnesents the

develolxnent of the apprrrxirnations to nealistic radiation pnesent-

ed above, i¡rto a nealistic model- of radiation loss. FYom this

modet and tractabl-e nathematical requi¡rements, a generalization

of the termi¡ration assunption of l-i¡rear prediction is obtained.
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This generaüzed tenni¡ration npdel is used to develop an arnlysis

pnocedr:re which allows fon a loss of enerry at the terrnination of

acoustic tubes.

Thre nequirsnents fon a¡r improved analysis of a lossy terrnirn-

tion of acoustic tr¡bes ar€ Presented i¡ Section 6.4. These ne-

quireïrents ane used to defi¡re the basis for an arnlysis prrrcedure

w¡ich is presented in Section 6.5 which l?ecovelîs an acoustic tube

shape fr,crn the autocorrelation firnction of a rn¡aveforrn radiated

frcrn the lossy ter:mi¡ation rrodel described i¡ Section 6.2. Another

analysis procedune is pneserrted i:r Section 6.6 which uSeS a trans-

fe¡r ft¡¡ction of the acoustic tube npdel- and places consbraj¡rts on

the necove¡r,ed acoustic tube stËpe to over:come an anrbiguity problem.

6.2 TERMINATION MODEL DEFINITION

An exact model- of the radiation from a¡r open-ended acoustic

tube is complex, and ca¡not be repnesented in closed form. There-

fore, it is necessary to consider simplifyilg assumptions which

produce a tnactable nathenetical description of the terrnination

model-. Ttre assumption of the U¡ear prediction/acoustic tube

model tlnt nequires the transverse djmensions of the acoustic

tubes to be flral-I when compared with the wavel-ength of the acous-

tic waveforrns perrnits a significant reduction i¡r the complexity of

the l:adiation, or acoustic tube terrni¡lation, model-. For the speech

appJ-ication, th-is assumption pernr-its the nadiation fnom the lips to

be nrodell-ed by a vibnati¡g piston il a spherical baffle. MORSE and

INGARD tfgOa¡ Ïlave slpv¡n thEt, when the radius of the piston is

snall in comparison with the radius of the spherical- baffl-e, then
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the radiation impedance approxinates tlnt pnesented by a piston in

ar infjrrite baffle. FIAIIAGAN [1972] has s]pv¡n ttnt' for the voca-l-

trract, the Iip opening is g.¡nlI ccrnpa:red with the nadius of the

head; thæefore, the piston i¡r a¡r i¡finite baffle is a ::ealistic

rpdel fon ttre nadiation of speech at the lips'

The norrnalized radiation ìmpedance folr a piston i¡ an i¡rfj¡rite

baffleisr¡ell-lcrownIUOnSEa¡rdINGARD1968'FIÁl\L\A$lI972rBERA]IEK

L954], and has the closed forrn

F
+!

J¡Qlza t(21¿a
To(u) =

l¿a 2(l¿a)2
(6.3)

by

where zn@) is the norrna-l-ized radiation impedance, and is related

to ZM+l(t¡), the terrnination impedance of the acoustic tube npdel-'

ra2
z

^,{+ 

I
(o) = 

- 
71(¡,¡) (6.4)

pc

J¡Qlzù and K1 Qlzù are the fi¡st order Bessel- fu¡rctions IMOnSS

and INGARD 1968], p is the density of the acoustic mediurn, a is

the r"adius of the piston, c is the velocity of sound, and k is the

r^ravenumbr defined bY

UJ (6.s)
l¿

c

I1 l¿a is snn-l-I when compa¡red with r:¡ity, then terms ÏnvÍng ex-

lrcnents of Qt¿a) gneaten tlnn thnee are negligible, so that

(t¿a)2

J tQba) = l¿a - 
,

(6.6)
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and

16

\Ql¿a) * - 
(¿a)g (6.7)

( 6. 8a)

( 6. Bb)

3n

Thsefore, by using F,qr:ation 6.6 ard 6.7, the nomalized impedance

is approxÍrnated bY

(ha)z Bl¿a

7,(w)=-+ i-
'1 23¡

(utt)z 8ao

=-+j-2e2 3nc

whe¡r þa (= Ë) is gln]-t conpared with r:nity'

In circuit ccnrponent terrns, Equation 6.8 shows the norrnlized

nadiation impedance to be a nesistance, proporrLional to tl2, in

se¡ries with an i¡rductance wÌÉch is ìndependent of t¡. Tl'ansforming

the series combj¡ration of Equation 6. B j¡rto a parallel one pennits

the nornnl-ized r^adiation impedance to be r,mitterr as

t¡)
iuRnLn (6.s)

Rn+ luLn

(i.e. Equation 6.2) wtrere

12B
Ro

(6.10)
9tr2

and

8a

'L 3nc

z (
lL

L

for l¿a (= T) snel-l- ccrnpa:red with r:nity'

( 6.11)
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Equations 6.10 and 6.11 Pg'nLit Equation 6.8(b) to be neroritten

AS

( 6.12 )

for Í¿a sna-l-I ccnqnred with r:nity. The nornnl-ized nesistance, Rft,

is a constant, a¡d the norrnalized j¡ductancêt Ltt, is dependent on

only the radius of the piston in the:radiation model; hence' both R¿

arñ, LrL are constants for a particula:r situation. Flom Eqtlations

6.g arrd 6.!2, the norrml-ized radiation impedance, TO(u), is seen

to appnoach zerìo or a¡r idea-l- short circuit fon s.nall- r¡ and 7'(:rr)

approxinrates the pr::re norrnlized nesista¡ce' RO, fot Ia:rge ul.

FYom ttre definition of s¡oss-sectional- allear i.e. Equation

2.I9, Equation 6.4 simPlifies to

u" L?
lotu)=t+iuLo

z

pc
(r¡) = or'n'^'

( 6.13 )

(6.14)

M+t

and, hence, Equation 6.1 is ner^¡ritten as

pc
Pr(L,u) = 

OUtn 
r) û/t(Z'ur)

and, on substitution of Equation 6.8, is

Pr(L,u)
pc !uRrLo (t)r(t,u) ( 6.1s )

AM Rn+ iuLn

Equations 2.6 and 2.7 perrnit the time donni¡r equivalent of Equation

6.15 to be r¿ritten as
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Lo(R n+t'¡ dr
+ RffiG - L/c)

Equation 6.16 is only valid vihren f¿a is srnall compared with unity'

and vñe¡r R. and L- are constants.'-lL -- - lL

The simplifications used to derive Equation 6.16 are based on

the nequirement that f¿4 is snall with respect to r.:nity, i.e.

dwilft - L/ e)
LL(Rh.-r) - Rl\rQ - L/ c)

dt.

dur,Q - Ll c)

u)a. Zta
l¿a = - = 

- 
d < 1

cc

(6.16)

( 6.17a)

which defi¡es an upper lirLit to the a-l-lowable fnequencies as

c
ó<-

2¡a
( 6.17b)

The nnxjrnum frequency for which Equation 6.16 is valid is, there-

fore, inverseÌy proportional to the nadius of the piston in a

spherical baffLe npdel, i.e. the larger the cross-sectional a¡rea

of the piston, thre snaffer the naximr¡n al-Ior,;ab1e frequency.

FI,AIIAGANI [1972] repcrnts t]nt a typical exLreme Iip opening area

is apprrexfurately 5 crns2, which represents a piston nadius , a, of

1.3 cns, and so the rnaximum al-1or^rabl-e fnequency is 4 kifohentz,

via Eq¡ation 6.17(b). This isnot an unreafj-stic limit, since the

l-j¡ear prediction/acoustic tube nrodel of the vocal tract nequi:re-

ment tlnt the tnansverse dimensions of the acoustic tubes nrodel-

ling the vocaf tract be S.naLl conpared with the wavelength of the

acoustic waveforrns brneaks dov¡n for frequencies above 4 ki-l-ohertz'

Therefore, Equation 6.16 nray be used to nepresent the radiation
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impedance fon the terrnination of the vocal tnact at the lips, if

tlre speech signal is low pass filtered to 4 kil-oherbz.

Itre analysis pnocedr:res used j¡r tÏ¡-is thesis assume discnete

sampled vaveforns, a:-d so Eqtiation 6,16 rn:st be conve¡rted i¡to

a dise:ete sampled vaveforrn equation. Thtis is achieved by finstly

convertìng Eqr:ation 6.1 into the time dornain, and using Equations

2.6 and 2.7 in conjr:nction with the z donaj¡r forrn of the norrnal-ízed

radiation impedance, i.e. Tok). of these steps, the npst dif-

ficul-t is the deterrni¡ation of the z donain forrn of 7ob).

Ttrere exists a large number of metþods for converti¡rg fne-

quency dorni¡ qr.nntities i¡rto the z donni¡ [OppnçnfM and SC]LAFER

1975, GOLD and RADER 1969, RADER and GQLD 1967, KA[SER 1963 and

19661 with the bili¡rear transform IGOI,DEN and I(AISER 1964 ' STEIGLITZ

1965, GIBBS 1970, RADER and GOLD 1967' OPPHrüIEIM a¡d SCIIAFER 19751

bej¡g a well--establ-ished and widel-y used procedure. The bil-inean

tra¡sforrn penforms the transformation from the ,r plane to the z

plane via

(6.18)

where I is the sanpling peniod. Equation 6.18 produces a one to

one nnpping of the l-eft hal-f a plane into the unit cj¡cle of the

z donrain, with the jul on á axis mapped onto the unit circle. The

right hand ó plane is mapped to the exterior of the unit ci¡cl-e.

Application of the bil-inear tlrarrsform to convert the quantity H(A )

to H'(z) is penformed by a simple substitution of Equation 6.18'

a.e
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(6.1s)

(6.20)

A disadva¡rtage of the simple bilinear tra¡sforrn described by

Equation 6.19 is a non-ljnear f:requency warping. An e><act forrn of

the frequency r,uarping is obtained by a direct substitution of the

defi¡rition of the va1'iables Á and z, f.e. Á = ltrr and ,= ui^tT, into

Equation 6.18' to Produce

r¡T

- 
= f¿¡1

2

orT

2

tüfren urlÏ is 
'"nall-, 

tnen tan t+] is approxirnaterv 'åT., -o so an

approxirnately linear retationship exists between o and trt1, i'e'

fnequency warping is negligible. Fon trllf near the half sanpling

firequency (i.e. u.L=n/T) considerable fnequency vanpil1g occr:rs,

vùrich nequires compensation via Equation 6.20. In pnactice, the

bil-i¡re¿r tnansforrn is only used i¡ situations wher:e the range of

fnequencies considered is l-ess tln¡ the hel-f samplìng frequency'

If the norrnalized nadiation impedance is defi¡ed i¡r the z

donnj¡r as Zr(z), then Equation 6.19 al-l-ows 7r(z) to be evaluated

AS

znQ) = , rr-z-, I
o =i i'..1

( 6. 21)

Equations 6.9 arrl 6.21 enable the nornnlized nadiation impedance

to be r,,ritten, in the z domain, as
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(6.22a)

(6.22b>

(6.22c)

where

and

ZR'LLrL
ô

2Lo+TRo

2L,L-TR,L
p=

2LrL+ TRL

Eqr:ations 6.22b aIr1 6 .22c ane rer,vlritten j¡ terrns of the sampling

poriod, T, the velocity of sor.nd, c, and the piston nadius 4, bY

the use of Equations 6.1-0 and 6.1-1, i.e.

I28a
þ= ( 6. 23a)

3n( 3na + BTc)

and

3ro - BTc
p ( 6.23b)

3na + 8Tc

Equation 6.19 shows that the nornalized nadiation impedanee

i¡ the z donain, ZnQ), is defined by a fjxed zero at

--1¿-r ( 6.24a)

and a neal. variable Pole at

pz ( 6. 24b)
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and a mgnitude terrn, b. Equation 6.23 shows the position of the

neal pol-e ard the value of the nngnitude terrn to be va:riable, and

deperdent on the sampling fuequency, T, the velocity of sound, c

(which is generally constant), ald the piston radius, a.

The position of the real pole of Lok) is importa¡rt fon a

further simplification of the radiation npdel' aId from Equation

6.23b the relative nngnitudes of 3na and BTc deterrni¡e on which

side of the origil the real- poì-e Iies, i.e.

BTc
p<0 for a<-

3n

( 6. 25a)

and

BTc
p>0 fon a>-

3n

( 6. 2sb)

In the situation where the sampling rate is 10 ki-l-ohe¡rtz, Equation

6. 25 beccrnes

p<0 for a<2,89 cms ( 6. 26a)

a:rd

p > 0 for a"> 2. 89 sns ( 6. 26b)

Investj_gations by FIAIIAGAI,I 11972) show that fon tlte speech

cation, the nnxjmum lip openìng has a nadius of around 1.3

Hence, fncm Equation 6.26 it can be expected tlrat the real-

of the nadiation npdel- is always to the l-eft of the onigin

z plane.

appli-

c]ns.

pofe

i¡r the
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conventionally, the pole of lnfu) is negleeted, so that the

nadiation npdel- is descni-bed by a single zero at z -- I. Using the

nadiation model developed i¡ this section and descnibed by Equa-

tions 6,22 arÅ 6.23, an eval-uation of the va-l-idity of neglecting

the pole of |nQ) is perforrned. Orne approach to perforrning ttr-is

evafuation is pr:esented below, a¡d that is to compare the frequency

ï€sponse of 7n((0) with and without the pole pnesent. Another ap-

pr.rcach, which is pnesented laten, is to deterrni¡e the nelative

positions of the pole and zero of 7nfu) a¡rd thejr rel-ative contri-

butions to Zn(ul) as a firnction of firequency'

The fnequency response of lnfu) is plotted in Figune 6.2 fon

the piston nadius, a, hnvì¡g values 0.3, 0.7, 1.1 and 1.5 centi-

metens. Figr:re 6.2 slpws a constant +6 dB pen octave spectnal

slope a¡d 90" phase angle for low frequencies, wlr-ich is the fne-

quency response of a sìIgle zero. For fnequencies near 4 kil-o-

hertz, a depa:rture from the expected fnequency response of a single

zerr:isobserved, varying from 0.1 dB and 7o to 1.5 dB and 30", at 4

kil-olrertz, when a is 0.3 and 1.5 centjmeters, respectively. There-

fore, the poJ_e of zn(|u) onl-y provides significant clnnge to the

response of a sirg:re zero at fnequencies near 4 kilohertz, and

then only when a approaches 1.5 centimeters. Figure 6.2 also

shows tlnt the pole of ln(iuo) produces a scaling of the rnagnitude

of Zn(rr,r).

The assumption used to reduce Equation 6.3 to Equation 6.9

requires a l-jmitation of frequencies to l-ess than 4 kilohentz '

al]d for thr-is l-i¡l-itation the above discussion i¡rdicated that the

pole of 7nfu) hras onJ-y a snal-l- effect on the frequency response

of Zn(to). Therefore, a restriction of allovable frequencies to
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less ttnn 4 kilohertz permits lo(:u) to be approxirnated by a sÍngle

ze¡r¡ and rlngnitude terrn.

The pole of the norrnal-ized nadiation impedanee, Lr(u) ' frrcm

Eqr:ation 6.9 occr¡:s at

.Ro
J(l)=--

Ln
G.27a)

which, by usi¡g Equations 6.10 and 6.11, is ner'¡nitten as

16c
ju=--

3na

( 6. 27b)

Eqnation 6.27 shows tlnt the pole of 7nfu) l-ies on the negative 1t,rr

axis, a¡rd its position is j¡vensely pr"oportional to the piston

radius, a (see a-lso Equation 6 .25). For the exbremes of piston

radius, 4, as suggested by FI"AlrlAGAlü ltglZ) for nornral vowel pro-

duction, i.e. 0.3 and 1.3 centimeters, the pote of Zn(o) occurs

at jtrl equal to -(2r) x 3 x 10\ and -(2r) x 0.7 x 104 nadia¡rs/sec: rê-

spectively. Clearly, with Zn(tr) being eva-luated for o i¡ the range

zero to (2r)x4x10a nadia¡s/sec, the pole of Zn(luo) when the piston

radius is 0.3 centimeter"s has l-ittl-e effect. !ühen the piston

radius, 4., is near 1.3 centimetens, the pol-e is significant, but

its largest contnib:tion to Zn(crl) is less than Ìralf tlnt provided

by the zero of lnfu).

ftre above discussion, i¡1 association with Figure 6.2, leads

to the concl-usion that the poJ-e of ZO(o) Ìras only a snall effect

on thre slnpe of the nagnitude of Zn(ul) velîsus firequency. However'

the pole of 7n(irl) does pnoduce a scaling of the nngnitude of Tn(u),

a¡rd to determi¡e the significance of this scaling, the z donein
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equivalent of 7o6), i.e. ToQ), is e><arnined. Neglecting any con-

þjlr¡tion fncrn the pole of ToQ) implies neglection of the denoni¡-

atòr of TrQ)' and so Equation 6.22 becomes

(z) = b(t - z-r ) (6.28)z
tL

For a piston nadius, a, of 0.7 centimeters, the fnequency nesPonse

of ZoQ), as defined by Equation 6.28, is plotted with Zr.(o) in

Figure 6.3. Observation of Figr.re 6.3 sþcws a large difference

i¡ the ragnitudes of ToQ) ard 7O6), and so the nngnitude terrn

associated ürith the pole of ln(iui,) must be taken into accourrt'

For fnequencies less tlnn 4 kil-ohertz, it can be sþov¡n tlet

the contrib:tion to ttre nngnitude of 7o(:lo) of the pole is apprrcxi-

rnately (1-p) (see Eqr:ation 6 .22). Tlrerefone, 7r(z) nay be ap-

proxirnated by

(z) = d(r-24) ( 6.29a)

where

b
d ( 6. 29b)

7-p

wlr-ich, by the use of Equation 5.23, rrBy be new:i1ten as

Ba
d ( 6. 29c)

3rTc

Ttre frequency responses of Tn(z) as defjled by Equation 6.29,

and Zr.(t^r) ane ploüed i¡r Figru'e 6.4 for vafues of piston::adius, a,

of 0.3, o.7r I.1 a¡rd 1.5 centjmeters. Figr-rre 6.4 sÌ¡ows tlEt' in

terms of nragnitude, Tnk) as defined by Equation 6.29 is an excef-

z
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lent appnoxj¡nation to Zo(ul) at Low f::equencies, and only a snal-1

eraron occurs at higþ fnequencies. Th¡enefore, exeeptfortt¡e phase

r€Sponse, tTe TnQ) as defjned by Equation 6.29 is a good apprrcxi-

nation to Zn(ul). Th¡-is apprrcxirnation is Performed by nodelling

with a single zeno at z = 1 a¡rd a nn'gnitude term wh-ich is dependent

on the mouth or liP oPening anea'

Ihe discnete time sanpled equivalent of Equation 6.1-6 is

determined using the ],rrov¡rr forrn of the r-adiation npdel- j¡ the

z dcrnai¡r. TÏ^ansforning Equation 6.1 i¡rto the time dornai¡, usirg

Equation 2.6 arld 2.7 , followed by a tra¡rsforrnation j¡rto the z

donrai¡, Pnoduces

ur(z) + vr(z) -- znQ)ltJrQ) - vt(z)1 ( 6. 30)

and an application of Equation 6'29 produces

Ur(z)[(1-d) +d"z-l = VM(.r¡-1r+d) +dz-r] ( 6. 31)

Equation 6.31 is the terrni¡ration equation of the acoustic tube

model- relating the forward and bacla¿ard vofume velocities at the

termination.

In the z donai¡, the radiated vofume veloeity waveforrn is

denoted by Vo(z), and defjned as

UnQ) = llrQ) - Vr(z) (6'32)

and the radiated pressure waveforrn is denoted bv P nQ) , and de-

fined as
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Thæefore, in the z donain, Equation 6.1- is ræitten as

P,L

d
(n) = --U

þd

(z) = I o,r. - z-t)u
Atl

(6.33)

(6.34)

(6.35)

(r¿-1) (6.36)

Poe) = 
fr 

trr,2¡+vr(z))

pc
P nQ) = ;- 7 r(z)U o(z)

^'t'l

a¡d usirg t¡e approxi¡ration to the :radiation impedance as descni-bed

by Equation 6.29

nQ)

The time dornai¡r equivalentsof Equations 6.31, 6.32 and 6.35

ane

UM Ø-r) -
d(n)+_v

bdM M

tJoØ)=lJM(n)-VrØ) (6.37)

a¡d

Pr(n) =

acd

AM

(uoØ) - unu-D) (6.38)

respectively. Figr-u'e 6.5 shows the signal fl-ow diag¡am for the

terrni¡ation of the acoustic tube nrodel- when nadiation is descnibed

by Equations 6.36, 6.37 a¡d 6.38.
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In this seetion, a npdel of the naôiation impedance presented

to the terrnination of the hunran vocal tract, i.e. at the lips, tns

been derived. This rodel approxinntes the nadiation from the lips

by a piston i¡ an j¡¡fj¡rite plane baffl-e. It was shor^¡n ttnt' when

the assr-unptions

a) the rputh or 1ip openi¡g has a¡r effective radius which is

srnJ-I ccrnpared with the radius of the head

b) the acogstic vaveforms only contain fnequencies which are

less than 4 kil-oher'tz

a:¡e satisfied, tlren a¡r appnoxirnation to the radiation impedances

is descri-bed by Equation 6.29. This approxjrnation Ïns the simple

forrn of a si¡rgle zero at z = I (or jo = 0) a¡rd a negnitude term

which is dependent on the effective nadius of the nputh openìng.

FYom the nealistic nadiation npdel developed j¡r th:is section,

it is possible to eval-uate the effectiveness of conventionaÌ pro-

cedr:res to overcome :radiation effects. This evaluation is per"-

formed i¡r the following section. Aneal-isticnadiation nrodel also

enables an analysis process to be developed which takes nadiatj-on

i¡rto account, to provide irnprroved acoustic tube/vocal- tract shape

recoveny. The develo¡rnent of such an analysis process is presented

l-aten in th-is chaPter.
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6.3 THE LOSSY TERMINATION AND CONVENTIONAL ANALYSIS PROCEDURES

Accr¡rate acoustic tube sh,ape r€covery fron the ouþut on

radi.ated acoustic u¡avefonn of a set of acoustic tr:bes requires

radiation to be taken into account. ltris section j¡vestigates

the effectiverress of conventional- pre-emphasis prrocedr:res in pro-

viding acoustic tube slnpe recovery when neal-istic nadiation occuns-

Using real speech data to perforrn the evaluations i¡r this

section is not possib]-e, as the gloltal excitation, vocal tract

Iosses and ottren real vocal- tract propepties cloud the results'

Hence, al-l the data used for the eval-uations pnesented i¡ th-is

section are synthetic a¡d generated usi¡g the ideal acoustic tube

rpdel of Clnpter 2 a¡rd the nadiation nodel presented in FigUre 6'5'

The procedure for generating the s5rnthetic data waveforms is pne-

sented in Appendix E, where the only violation of the ideal linea::

prediction/acoustic tube nodel assr,.unptions is the radiation of an

acoustic vaaveforrn, described by the radiation model- presented ìn

Figure 6.5.

Ttre conventional approach to renrovi¡rg nadiation effects from

recover:ed acoustic tube slnpes is to appJ-y a -6 dB pen octave pne-

empËasis to the nadiated pressur€ vnveforrn before analysis' This

conventional pre-emplnsis is generally applied by using a digital

filter , Hn(z), which has a single pole at z = I, i'e'

1
H.Q) = 

-

nr--l
(6.3e)
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For the arnlog case, the p:re-emptnsis filter is an integnaton.

Oonventionally, the glottal a¡rd nadjation Pre-emplesis filters

a¡e combi¡ed when ple-emphasising speech, and so the pre-emphasis

by HoQ) is implicit j¡ a conventional Pre-enphasis of speech

r¿avefor¡ns.

An j¡rdication of the effectiveness of pre-emplnsizing by

HoQ), to remove nadiation effects, is obtai¡ed by applying the

fi-l-ter HnQ) dirrectly to the radiation npdel of Section 6.2, i.e.

muttiplying Equation 6.35 by Equation 6.39 to produce

pc
HnQ) Po(z) = -dUnQ)

^M

(6.40)

Equation 6.40 slpws thrat conventional pre-emplnsis results j¡r the

radiated volume veJ-ocity, unQ), bei¡rg determined to hlith¡'il] a nolr-

nel-ization constant , 
fn, 

a¡rd the nagnitude term, d, of the no::-

rratized radiation impedanee , 7n(z). Hence, the zero of the radi-

ation impedarrce is accounted for a¡d, therefone, if the zero is

the nrost significant part of Ln(z), then accr¡rate acoustic tube

shapes are recovered.

Tl-re ef f ect i-vene s s of convent ional- pre-enpLìasis j¡ accor.urtilg

fo:r radiation effects on the:recovered acoustic tube shape is

fi::stly performed with synthetic radiated Pressure vaveforms

generated as described i¡ Appendìx E, for two sìmpl-e acoustic

tube slrapes. Ttrese two acoustic tube shrapes differ orrly at the

ternú¡ating acoustic tube where one has a rel-atively la:nge cross-

sectiona-l- area wh-ile the other has a nel-ative]y snnlJ- c¡oss-

sectional- a¡ea, ald a-ne referred to as open and closed termin-

ating acoustic tubes, respectiveJ-y. The analysis procedure used
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to generate evaluation resul-ts pnesented i¡ tÌÉs section fi::stly

paSSeS the synthetic nadiated pnessune uaveform tlrough HnQ), artd

then penfonns a Pareor arnlysis on the nesultant volume velocity

vraveforrn, to produce a recovered acoustic tr:be shaPe.

Thre nadiation inpedance of each acoustic tube Slrape is va¡ied

by ctranging the piston nadius, a, o1 the radiation nodel, defined

i¡ Section 6.2, from 0.2 to 2.0 centimetens. Tfr:is range of piston

redius exceeds that sqggested by FIAI'IAGAII [1972] (i.e. 0.5 to 1.3

centi¡reters) as the exhrqnes for lip openilg of typically phonated

vor,refs. Table 6.1 contai¡s the a:rea distances of the recovened

acoustic tube slrapes for both the open and closed tenninating

acousLic tubes and the va1ue of tlre nngnitude terrn, d, of the

radiation npdel-, aS a fi:nction of piston nadius, 4. The best

and r¡cnst acoustic tube slnpes l?ecovered fon the open and cl-osed

terrnilating acoustic tubes alre presented i:r Fig¡:re 6. 6 and 6 ' 7 t

nespectively.

The non-zero area distances j¡ Tabl-e 6.1 imply that i¡accurate

acoustic tube shnpe recovery occuns when usjlg conventional pr:e-

etTtpÏÊsis to renpve radiation effects from the recover:ed acoustic

tube shnpe. Figures 6.6and6.7 slcw tlnt good acoustic tube slnpe

recovery occurs when the piston radius, d., iS snnl-l. T]-ris is ex-

pected, since l-i¡rear pnediction ideally requires a piston nadius,

a, of ze?o. V'ihen the piston radius, a, is la:rge, i'e' near 2'0

centimeters, then a significant difference is observed betr¡een

the recovened a¡rd original acoustic tube slnpes of Figr.r:res 6. 6

and 6.7. Hence, the conventional -6 dB per octave pre-emphnsis

does not completely rencve al-I the nadiation effects from recover-

ed acoustic tube shaPe.
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o.699
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OPEN TEBMINATING

ACOUSTIC TUBES

0.161+

o.292

o.39'
o.\81
o.r55
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o.6T\

o.72\
0.769

o.8og

VALUE OF RADIAT]ON

GArN, d_

0.05

0.10

0 .15

0.20

o.2,
0.30

0.35

0.)+O

o.l+5

0. 50

VALUE OF PISTON

RADfUS, a

o.2

O.l+

o.6

0.8

1.0

a.2

1.l+

r.6
1.8

2.O

.tr
CÀ)
(o

TABLE 6.I: Area distances for conventionaf linear predictive analysis of
acoustic tubes with radiation at the termination'
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T\,,p acoustic tr:be shapes are used i¡ the above evaluations,

i¡ order to deterrni¡e the effects of nadiation on the recovened

acoustic tr:be slrape fon open a¡rd cl-osed terni¡rati¡rg acoustic tubes.

Tab1e 6.1 indicates th,at approxirnately the Same anea distances oc-

crm fon each SÌ¡aPe, and the conparison of origirnl a¡d recovered

acoustic tube shapes of Figunes 6. 6 a¡rd 6.7 suggests thnt sjmiLar

errors arre lrnde j¡ the acoustic tube slnpe r:ecovered for both

cases. Hence, the errr¡rs i¡r acoustic tr¡be Shppe l?ecovery' even

whe¡r conventional- pre-emplnsis is used, appear to be independent

of the absolute value of the cross-sectiornl- area of the terrni¡-

atirrg acoustic tube.

Further evaluation of the effectiveness of conventional pre-

enphasis to account fon radiation effects on acoustic tube slnpe

r€covery is penforrned with ncre colrplex acoustic tr:be slrapes which

approxirnate neal- voca-l- tnact slnpes. Ttrese acoustic tube slnpes

approxirnate five Rrssia¡r vowel shnpes as measured by ¡Ar¡¡ [19601

(see Appendix C), and are used to gene:rate radiated pnessime wave-

forrns as descnj-bed in Appendix E. Analysis of the radiated pres-

Sure r¡raveforms is perfornred by firstly pa.ssing the data through

the preæmplnsis fi1ter , Hn(z), and then perfornr-ing a Parcor ana-

lysis on the resuftant voLume veÌocity vraveform, to produce a re-

covered acoustic tube shaPe.

As with the two simple acoustic tubes used ea¡rfier, the radi-

ation impedance for the five vowel shnpes is varied by clnnging

the piston radius) a) of the radiation npdel- fnom 0.2 to 2.0 cen-

tjnretens. Tabl-e 6.2 pnesents the area distances between the ori-

gj:raf and necovered acoustic tube shepes as a furrction of piston

nadius, a. The original and r:ecovered acoustic tubes shapes for



VOt\IEL

/u/

a.2l+'(

0. \65

0.66\
o.8l+5

l-.019

1.180

1.331

1.1+Tl+

1.608

1. ?37

/o/

0.27l'+

o.\69

0.628

o.T6l+

0.889

1.005

1. 11h

1.218

1.318

1. \15

/i/

o. 581+

0.89\
1.089

r.222
1.3r9
L.392

1. \51

1. 503

L.r\9
1. 591+

/e/

0.280

0. h68

0.610

0.72\
0 .818

0.898

0.96'l

1.o27

1.080

1.128

/al

0 .166

0.303

O .l+19

0.r22
0.615

0.701

o.T8o

o.855

0.92,
0.992

PISTON

F.ADIUS, a

o.2

O.l+

o.6

0.8

1.0

I.2
1.l+

L.6

1.8

2.O

+
+
(¡)

TABLE 6.2: Area distances for conventional- l-inear predietive analysis
ofsyntheticspeechforfivevowe]-sand'arangeofpiston
rad-ius s &s of the rad-iation mod'el-'



444

piston nadii of 0.2 aIù 2.0 centimetec?s (i.e. the best a¡d worst

recovered acoustic tube slnpes) are presented in Figu:res 6.8 to

6.12 for each of the five vowef shnpes.

Observation of Tabl-e 6.2 reveal-s a srnll ctrange i¡ the area

disbances for the SaIrE Piston nadius, d', from one vowel shepe to

a¡rother. fhus, simil-ar area distances ar"e for-rrd for recovering

acoustic tube slnpes fon open terrninating vowel slra.pes such as

lal as for cl-osed tennirnting vowel slnpes such as l"l. Hence,

the corclusion nade earlier that the nadiation effects a:re simil-ar

regardless of the absol-ute cross-sectiornl- area of the ternr-inating

acoustic tube is nej¡rforced by thre nesufts of Tabl-e 6.2.

ITre non-zero are¿t distances of Table 6.1 imply that il]-

accunate tube slrape recovery occurs wherr usjng the conventional-

-6 dB per octave pre-emplnsis to accou¡¡t for radiation from the

ternrination of acoustic tubes. The necovered acoustic tube shapes

displayed in Figr:res 6.8 to 6.12 for a piston nadius, a, of 0.2

centimeters show tlnt goocl acoustic tube shape rôecovery is achieved

when the piston radius, 4, is snal-l-. Tllis agrees with the previous

resuJ-ts for the simple acoustic trrbe shnpes.

For the case where the piston radius, a, of the radiation

nodet is 2. 0 centjmeters, a va:riety of r:easonabl-e and poor acoustic

tube shrape recoveries is observed from Figures 6. B to 6.12. The r"e-

covered acoustic tube shrape" fào the vowel-s l- I , lo I a¡rd l" I have a

close simitarity to tlre onigilal acoustic tube slepe- Tn general,

it is observed thnt the nejor depa.r^tr:res between origina-l- a¡d re-

covered acoustic tube shapes occur at the terrnination end of a1l

the recovened acoustic tube shnpes.
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A comparison of thre relative effects of glottal pulse excita-

tion ard radiation on the necovened acoustic tube shape is possible

by ccrnparing the nesults of this section with those of Section 4'3'

The area distances resulting from a Parcor arnlysis of the slnthe-

tic speech w'ith radiatjon present vany from 5 to 170 when the pis-

ton :radiu1t û, is 2 centimeters. Fon sSrnthetic speech generated

with gl-ottal pulse excitation a¡rd no nadiation, and analysed by

a parcon analysis, Section 4.3 showed tlìat area distances between

3 and 250 resul-ted. Therefore, glottaÌ putse excitation ald lip

radiation can cause simil-ar effects on the recovered acoustic 1r:be

shape

This section has shor,¡n that, when a conventional -6 dB pen

octave pre-erplnsis is used on s¡rnthetic speech with radiation

i¡cl-uded in the generation prclcess, the resuLta¡t area distances

vary between approximately ze¡c a¡rd unity. Fon a conventiot't-1 +12

dB per octave pre-emphasis of synthetic speech with glo1tal pulse

excitations, Section 4.3 sl¡cws that area distances between ap-

proximtely zeno andnineoccur. Hence, it appears that the con-

ventional pre-emplnsis of -6 dB per octave is mone effective at

removing radiation effects thnn a conventional- +12 dB per octave

pne-emplrasis is at :removing gloltaJ- pulse excitation effects from

the recovered acoustic tube shape.

The i¡vestigations performed i¡r th-is section show tlrat a con-

ventionaf -6 dB per octave pre-emphn'sis provides, in some cases'

acceptable crrea furrction recovery when radiation fnom the terrn-j¡ra-

tion of the acoustic tubes is present. fn situations where the

piston r"adius ) a) of the radiation nrodel defined in Section 6'2

is snell-, good acoustic tube shnpe recovery is achieved by using
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a conventiornl -6 dB per octave pre-emphasis. Hot'lever, fon la:nge

piston nadii, significarrt deparbures from the onigirnl acoustic

tube slnpe are observed such that the Ï€covened acoustic tube

shape nay not resenrbl-e the onigirnl acoustic tube slnpe. It

$ras formd that the nost signiJicant departr::res of the recovered

acoustic tube slnpe fncrn the origirnt acoustic tube slnpe occun

near the terrairnting rather tlra¡r the Source end of the recovened

acoustic tube shaPe.

Even thcugh tlre conventiona-l- -6 dB per octave pre-emptn'sis

was shov¡n to be rpre effective at renovilg nadiation effects thrart

the conventional- +12 dB per octave pne-emptrasis is at nernoving

glottal pulse excitation effects, accr.ulate acoustic tube str,ape

recovery is not achieved. It was shov¡rr that the conventional-

pne-emplnsis of -6 dB per octave completely accounts for the

zero of the radiation npdel- as defi¡ed in section 6.2. Thene-

fore, the rerai¡-ing part of tlre radiation model, in Particular

the nagnitude tenm, d, produces signi-ficant errÐl?s in acoustic

tube shape recovery.

6.4 REQUIREMENTS FOR IMPROVED ANALYSIS OF A LOSSY TERMINATION

A rrodel- fon the nadiation firom an open-ended acoustic tube

r^as defj¡ed fui Section 6.2 . Ttre radiation nrodel- is described by

a nadiation impedance with a single zero at z = 1 (or jur = 0), artd

a nagnitucle term, d. Ttre effectiveness of a conventiona-l- -6 dB

per octave pne-emptesis to account for nadiation effects on the

r€covered acoustic tube slnpe l^ras investigated in Section 6. 3,

and it was shovrn that the conventional- -6 dB per octave complete-
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}y neloves the effects of the zero of the nadiation inrpedance'

tlowever:, j¡nccunate acoustic tube shaPe recovery Still occuns'

because the conventiona-l -6 dB Per octave Pre-emph¡asis ccrnplete-

Iy ignores the nagnitude term, d, of the radiation impedance.

Ih-is section considers the rËmner i¡ wtrich the rnagnitude terrn,

d, of the nadiation npdel- nay be i¡cl-uded j¡r the acoustic tr¡be

rpdel vi¿ an aocustic tube ternuination equation'

A converrtional- -6 dB per octave pre-emplrasis of the radiated

pr€Ssur\e waveforrn produces the radiated volume velocity scaled by

ttre crcnstartt F. d (see Equation 6.40). ft is wel-1-]'rror'vn (see

^l.,{

ctnpten 2) that a sca-ling of the waveform befone a l-i¡ear pnedic-

tive anal-ysis does not affect tle resu.fts of the analysis and,

the¡refore, the constant p'a nny be ignored' However' a li¡rea:r
^lt'l

pnedictive analysis requires ],rrowl-edge of the forr^rard a¡rd bacla,'ard

travelli¡g volr.rne velocity v¡aveforrns , ur(ù and ur(n), nespectivel-y,

which camot be deterrni¡red accu:rately fnom the nadiated volume

vetocity if the rnagnitude terrn of the nadiation impeda¡rce is ig-

nored

The relationship between the nadiated pressr::re and volume

velocity is defjned by the nadiation modeL of Section 6.2 as'

pc
( 6.41)

P,L(z) = - 
d(T-z-)uo{z)

A
M

Application of a -6 dB pen octave pre-elnphasis, via the filter

Hn(ù (as defined by Equation 6.39) renþves the zero j¡ the right-

hand side of Equation 6.41, i'e'
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pc
Hnk)Po(z)=-dU oQ)

( 6.42 )
A

M

Equations 6.32 and 6.33 enable Equation 6.42 to be rer"ritten as

[uu(z¡ + vr(z)J = d[uM(z) - vU(z)l (6.43)

which, upon uearrangement, becomes

'Ttre rel-ationship descr"ibed by Equation 6.44 enables the radiated

vol-ume velocity to be described i¡ terrns of Ut(z) as

V (z)=-
M

(6.44)

( 6.4s)

( 6.46 )

( 6.47 )

To penfoprn a l-i¡rea:r pnedictive analysis, discrete time sampled

v¡aveforrn equations a:re required; therefor:e, a tnansforrnation of the

above z donni¡ equations i¡to the discrete dornai¡r is necessary' In

the discrete time donai¡, Equation 6.42 is

2d
uok) = 

,*dut(z)

pc
PnØ) = - dUn(n)

^M

Equation 6.44 is

fil

and Equation 6.45 is

v Ø)=- u
¡,ll

Ø)
t#l

2d
I,rnfu) = 

,*ufrn(n)
( 6.48 )
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Arnlysis pt"ocedr-res such as Ii¡ea:r pnediction ane r:rnffected

by a scaling of the v¡aveforrn befone analysis. Sj¡rce the nragrritude

term, d, of the nadiation rrodel is a consta¡rt for a particr:lan

acoustic tube shape, the scaling terrns F ¿ itt Eqr,ration 6.4ô and,AM

ffi n Equation 6.48 need not be considered in the arntysis process.

Hence, Po@), IJo(n) and tlt(n) can alf be equated, i.e'

PoØ)=Un(n)=Un(n) ( 6.4s )

witlrout eausing eÌTÐ:nS i¡ the 1i¡ear predictive analysis. Hence,

following a conver¡tior¡al -6 dB per octave pre-ernptnsis, as applied

by HnQ), the nesulta¡rt waveforrn lrray be equated to the for¡^¡ard

tnavelli¡g volume velocity at the terrni¡r,ation of the acoustic

tube nrodel, i.e. UrØ).

Ttre bac]<¡,r¡ard tnavellj¡g volune velocity at the terrnination of

the acoustic tube nrodel-, i.e. Vr@), nn:st be ]'cror,n for a linea:r pre-

dictive analysis to be perforrned. Once Urfu) a¡rd the nngnitude term,

d, of the radiation impedance ane loor,,n, then ur(n) is found from

Equation 6.47. The ternd¡ating equation for a l-altice structure

has the form

Vrh) = -ptUt(n) (6.s0)

where y is the te¡rni¡ation nefl-ection coefficient. 0n comparison
M

of Equations 6.47 and 6.50, U^{ *y be defined j¡ terms of d as

bd
uM

L+d

(6. sl)
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Afte¡r the radiated pnressune is pn:e-emphasized by HoQ), the

load impedance, 7r, at the terrnination of the acoustic tubes is

defined by

pc
z d (6.s2)

L
AM

Tt¡erefor:e, Equation 6.51 nay be rer,'ritten as

pc -,

Tt-'L (6.s3)
uM

+7
L

wh-ich is the farniliar form fon the terrni¡ration nefl-ection coef-

ficient, 1lg (e.g. see RABINER a¡rd SCIIAFER [1978])'

Tf the rnagnitude term, d, of the radiation impeda¡rce is zúU-)

the ternì¡ration reflection coefficientr UM, is unity (from Equation

6.51). Tho:efore, the vAvefonn i¡rcident on the terrni¡ation of

acoustic tubes, i.e. Ur(ù, is reflected back i¡rto the acoustic

tubes as Ur(n) with only a phase r:evensal-. Hence the terrnination

is lossless, and satisfies the ideal- assumptions of the li¡rear

pnediction acoustic tube nrodel. For a non-zero ragnitude te¡rn,

d, the npdul_us of UM is less thnn r:nitY: so that a por:tion of

ur@) is nefl-ected back j¡rto the acoustic tubes as ut(n), and

a portion of Ur(n) is l-ost at the terrni¡ation. Ttre l-oss at the

terrni¡ation of the acoustic tubes is i¡ the form of fi¡ite radiated

vol-ume velocity and pnessure waveforrns which, fnom Equation 6.r+6t

6.48 and 6.51' are

pc

ç

UnØ) = (1- ug)Utt(n) (6.s4)
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and

(6. ss)

r€spectively.

In the Pnevious section' it was established tlnt for accurate

acoustic tube shape recovery wherr radiation has occurredt the rng-

nitude te¡rn, d, of the nadiation model must bg j¡rcl-uded j¡ the

ana-lysis ProceSS. Th¡is section Ïns Slrcvfn ttnt a non-zero Irag.li-

tude terrn, d, nesults i¡r a non-u'itY æd, therefone, non-ideal

termilation nefl-ecticr¡ coefficient, !M. Conventional arnlysis

procedures such as linear pnediction do not provide accurate

acogstic tube shape r€covery when the tenni¡ration nefl-ection

coefficierrt Ïras a rpdulus of less tlran unity. Tt¡erefone, when

nadiation is pnesent, thane exists a need for an arelysis pro-

cedu¡e which can provide accr:rate acoustic Shape recoverS/

fon a non-r:nity termination nefl-ection coefficient' Ttre foll-ow-

ing sections rnork tor"nrds the development of such a pnoceÔ']l.e.

6.5 LOSSY TERMINATION ANALYSIS VIA AUTOCORRELATIONS

To r:enpve the effects of nadiation from the recovered acoustic

tube shnpe, it Ïras been slpwn tl6t ' in the first i¡rstance ' a con-

ventiorr,al -6 dB per octave pre-elnPhasis needs to be applied to the

:radiated vø,veforrn. The pre-emplnsized waveforrn must then be a¡la-

lysed by a procedr:re which perrnits a non-r.nity tennination reflec-

tion coefficient, þM. Conventional- Ii¡ea:¡ predictive and other

arnlysis procedures requi-ne a unity terrni¡ation nefl-ection coeffi-

?nØ)=ï.tr uutu)
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cient and, therefore, a neuT ana-lysis procedr-re is necessary. This

section investigates the developrrent of a new analysis procedure

for situations wher"e the terrni¡ration reflection coefficient, UM,

is not r:nity.

The devel-opment of a new aralysis pnrcedure which is suitabl-e

fon real time applications must considen simplicity and computa-

tiornl- efficiency. A pr.ocedr:re based on l-i¡ear predictive lattice

type analyses has the adva¡rtage of simplicity and ease of implemen-

tation on digital computens. Conventiornlly, lj¡rear predictive

arnlyses are perforned via vÊveform, autocoroelation or: covariance

appnoaches. The v¡aveform forr¡n-rl-ation is corputatiornlly in-

efficient when compared with eithen thre autocomelation ol? co-

varia¡ce forrn:l-ation, and the autocoruelation formulation requi::es

less computations tln¡ the covariance formul-ation. Therefore, the

alalysis procedure developed i¡ tlds section is based on the auto-

corrrel-ation implementation of the lattice fornml-ation of linear

pnediction.

6.5.1 DERTVATION OF Al\I ANALYSTS PROCESS

Ttris sectj-on deve]ops the basis for a new analysis procedure

which perrnits a terrnination reffection coefficientr U¡,¡: to have a

npdulus of l-ess tlnn r:nity. Tl-re new anatysis procedure is based on

the simp1-e and computationally efficient autocorrel-ation implemerrta-

tion of the l-attice forrnul-ation of li¡ear prediction (see Clnpten 2).

The forward autocorrel-ation function of the forr¡ard travellirg

vofume velocity i¡r the ith acoustic tube is defi¡red as
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(t)A f u.fu)u,(n-tt)
n=;ø .L L

(6.s6)
,L

and the bacl<vrnrd autocorrelation fr¡rrction of tlre bac]<\^tard tTavel-

ling volume velocity i¡ the ¿th acoustic tr:be is defi¡ed as

@

x (6.s7)ßlUù = vr(ùvrfu-n)
n=-@

where nand¿ ar€ integers. A soss tr:be correlation function be-

tr.Jeen the forward and bacls,¡ard tnavelling volune velocities at the

jr.nction bf the ¿th an¿ (¿+l)th acoustic tr¡bes is defi¡ed as

s, (r) = .- I ^tl,Ø)v rØ-n)L n=-û .L
(6.s8)

where n and ,L AÏ'e irrtegens. Both the forward a¡d backlÀlard auto-

correl-ation fi.¡nctions are always s5rnnetnic, i'e'

Aí(-,1) = ALØ) (6.s9)

and

ßiGtù = B.Ut) ( 6. 60)

for a-l-1 /L but, in genera], the crÐss tube correl-atj-on function,

S¿(¿), is not s5nnnetrie.

The jwrction equations descnibing the rel-ationstr-ip between

the forr^¡a:rd ard baclq^7ard travell-i¡rg volume vel-ocities at the jr:nc-

tion of the ¿th a¡d (¿+1)th acoustic tubes are Equations 2'25 and

2.26, i.e.

u¿*rØ) = (l+u¿)u¿( n) + t;.v i*r(n-1)
(6.61)



V r(ù = -v¡tJr(n) + (l-u¿)V ¡+tØ-1.)

Solvi:rg fon Ur(ù and VrØ) Produces

and

and

A.(t¿) =L

Vr(n) =
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v i*r (r¿-1) -v¡U¡*r@)

(1+u )L

(6.62)

(6.63)

(6.64)

( 6. 6s)

Equations 6.63 and 6.64 al-Iow the vo}¡ne velocities in the ¿th

acoustic tube to be deterrnined from the volure vel0cities iI the

(¿+l)th acoustic tube if the reflection coefficient at the jr:nction

of these acoustic tubes, i.e. lí, is ]'sror^¡n'

substituting Equation 6.63 irrto the defi¡rition of At(n) (i.e.

Equation 6.56), ard simplifying the resutt by usÍng Equations 6'56

to 6.60, produces, for irrteger- z)0

A¡*r@) * ,1si*, (n) - u¿(S¿*r(¿+1) *S¿*r(-,t+r))

(1+u )2.L

A sirni-l-ar substitution of Equation 6. 64 j¡rto Equation 6. 5, and

simplifying the resul-t by using Equations 6.56 to 6.60 produces,

for integer ,L> 0

,Ø) - u¿(s¿+r (¿+1) * s¿*r 1-¿+r))
ß.(tn) =,L

B¡*{n) * ,'y'¡*
(t+u¿)'

(6.66)
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Multiplication of Eqtntions 6.63 ard 6.64, and simplying the ::esuLt

by usilg Equations 6.56 to 6.60 produces

S.(t¿) =L

S¿*, (trr + 1) + ,1si*, 
(+r + 1) - u¿[A¿*r ut) + B¡*{Ð)

(6.67)
(r+u¿)'

for tt>-T. The set of Equations 6.65 to 6.67 is important in the

arnlysis pnocedr-re developed i¡r th-is section, as the forç'ard and

bac]<r^¡ar"d autocorrelations and cross tube corrrel-ations i¡ the ¿th

acoustic tr:be can be deterrni¡red frorn.the fon¡ard and bacla,¿ard auto-

crcrrel-ations and cross tr:be correlations j¡ the (¿+l)th acoustic

tube, provided U¿ is ]'rrov¡n.

In th€ situation where ug is unity, then p. is deterrnined

frcrn a simple relationship with the ],oor^¡rr autocomelation fi:¡rctions

A¡*rØ) d B¿*t(¿) and the cross tube correlation S¿*r(/r) in the

(¿+l)th acoustic tube (see Clnpter 2). Idhen the nodulus of Ug is

l-ess than r:nity, then the ),rrowledge of the forward and baclq^rard

autocorrel-ations ALQL) and 8r(a) and the cr"oss tube correlations

SiQÒ i¡r the ¿th acoustic tube must also be }mornrn, i¡ onder to de-

terrnine p.. However, dwing a]l analysis prrocess, only the auto-

correfations a¡d cross tube corrrelations in the (¿+l)th acoustic

tube a::e lcrown, and so u¿ must be estirnated from these correl-ations'

Ttr-is estirmtion of U¿ is presented i¡r the following section, but the

defi¡rition of a basic procedure for the analysis of a situation

vùrere Ì.rg is l-ess tln¡ unity does not requi::e the ]'cìowl-edge of how

}l¿ is cal-culated, and is pneserlted below'

An anaÌysis procedu:re based on Equations 6-65 to 6.67 j¡itial--

J-y requires the lorowledge of the forward and bacla,,nrd auto-

cornelation functions and the cross tube correl-ation ftnction
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i¡ the f,,lth acoustic tube, i.e. at the terrni¡ation. Ttre fon¡ard

travelling vofume velocity in the frfth acoustic tube, i.e. uufu),

is deterrni¡re from the pre-emphasized radiated pressur€ waveforrn,

as discussed i¡ Section 6.4 ard described by Equation 6'49' Using

the defi¡ition of ArQ), i.e. Eqr:ation 6.56' the fon'nrd auto-

correlation function at the termi¡ation, A'r(n\, is for-nd from

the }cror,vn U^{rù.

Mnltiplication of Equation 6.50 by Equation 6.50, with n- n-tL,

glnTrrLi¡g from -- to *-r ard usilg Equations 6.56 a¡¡d 6'57 produces

M
vTAMQL)

(6.68)I (¿) =

fon irrtegæ ,1. lfuliþlication of Eqr:ation 6.50 by urØ-tt) ' sullrfliJ]g

from -- to *-r and using Equations 6.56 and 6'58 produces

sM(¿) = -utAg(t) (6.6s)

for integer ,1. Ttrerefore, pnovided u, is }rtovrt, 8/\it(/1) and St(t)

can be deterrn-i¡red from AM(¿). Equation 6.69 shows thrat SM(¿) is

sSnrnetnic but, iJ-l generel, Sr(a) is not s5znrneb:ic for icM'

An arnlysis proeedure can now be defined, and the fi:r'st step

is to cal_cuLate AMUL) ' ßr(n) and Sn,(A) fi:om the pre-emplesized

nadiated pl?essure waveform via Equations 6.56, 6.68 and 6.69 and

a J.rror,n Ur. The val-ue of il'-l is estinated from AM(¿), Bt(t) and

SM(4), or calculated j¡r sonre other marìner, a¡¡d used to calculate

AM-I (¿) , BM-l(¿) and SM-t (¿) from Equations 6 ' 65 to 6 ' 67 ' Ttrere-

fore, UM-2 ".. be cal-cul-ated or estj¡nated frorn Ar-t(t)' Bt-r(t)

and Sr-r(¿) which, in turn, perrnits AM-.-Qù, I3r-r(n) and St-r(t)

to be deterrni¡red via Equations 6.65 to 6.67. Repetition of th-is
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process enables U¿ to be identified for 1<¿<¡1'l-t trsm the meast¡red

radiated pressure vaveforrn from a set of acoustic tubes. A recoven-

ed acrcustic tube shape is then identified from the refLection co-

efficientsr U¿r via Eqr:ation 2.16. Figrre 6.13 presents a srlrÏInny

of tlre above pnocedr-re i¡ flow chart fornat'

To er¡sure the analysis prrrcedt¡:re developed above a¡rd described

in Figr:re 6.13 is ccrnputationally efficient, only those auto-

correlations and crcrss tube correlations that are necessarS/ fo:r

the analysis lxocedr:re are calculated. E><ani¡¡ation of Equations

6.65 to 6.67 showsttntthe deterr¡r-ination of A,-QL), ß.(tL) and St(t)

fon 0(¿(q requi:res the loowledge of A¿*tQt), B¡¡¡(¿) for 0(t(q

dS¿*,(¿)fonO(t(q+].Althoughthevalueofqisfixedto

the nnnnen i¡ which u¿ is calcul-ated, it is seen from the above

statement tl¡at the number of autocorrel-ation a¡d cross tube co:r-

relations th¡at need to be ],rrov¡rr i¡r the (¿+l)th acoustic tube is

greaten than j¡ the ¿th acoustic tube. Th-is is consistent with

othe¡ sirnilar autocorrelation arnlysis procedu:reS: €.g. MARKEL

and cRAy [1976], IEROUX and GUEGUE¡TI [1977] a¡rd V'IIGGINS [1973].

A computationally efficient implementation of Equations 6.65

to 6.67 is defi¡ed for a particutar value of i by initially deter-

ruLnr-ng

K¡ =v1 (6.70)

arrd

K2 = (t-ví)' ( 6.71)
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Fo:: each value of ¿

Kg = -u¿(s¿*r1¿+1) *S¿*r(-a+r)) (6.72)

a¡rd

K+ = -u¿(A¡¡{Ð + ß. +{'ù) ( 6.73 )

Using Equations 6.70 to 6.73 perrnits Eqr:ations 6.65 to 6.67 to be

rer^ritten as

- AL*t(,1) + KtBL+t(¿) + Kg

n , \/L.,LK2
(6.74)

(6.7s)

and

si+r (l¿+1) a K1S¿+l(+¿+l) + K3

s (rn) =
(6.76)

,L
K2

respectively'

Additional- reductions jn the numben of aritlrnetic computations

nequi:red to cal-cul-ate ÃrØ), ßr(n) arrd S¿(¿) from A¿+t Ø), Br*r(n)

S¿*, (a) rray be possibl-e once the IIEmnen i¡r which l]¿ is calcul-ated

is lrrovr¡r. The anpr:nt of storage space required to implement Equa-

tions 6.70 to 6.76 is slightly larger tha¡ a¡ implementation of

Equations 6.65 to 6.67 but, in practice, this disadvantage does

¡ot outvqeigh the advantage of ilcreased computational- efficiency.



6.5.2 CÁrcUIATION OF REFLECÎION COEITTCIBITS

The basis for an analysis procedtr::e which IIEy þ used i¡l

sitr¡ations whene the tqrn-i¡ation neflectíon coefficient tras a

npdul-us of less tfen LlrLity !,aS pneserrted in the pnevious section.

Itre rnnnen jn which the nefl-ection coefficient U¿ is cal-culated

was not preserrted on discussed, a:rd this section considers how

U¿ night be deterni¡red So tlnt accr.r'ate acoustic tube shape ne-

cover5/ rnay be achieved.

A gerrerral expnession for U¿ h terrns of autocor':rel-ations and

crrrss tube correl-ations is for¡¡d by nnrltiplyilg Equation 6.63 by

V ¡*rfu-I) and zunrning from -- to +- to produce

)= f u
n=-@ ,L í+t

465

Ø)v (n-n)

(6.77)

A cross jr:nction correl-ation function between the forr¡a:rd tnavel-

ling volume velocity i¡r the ¿th acoustic tube and the backward

travelJ-i¡g vofume velocity i¡ the (¿+l)th acoustic tube is defi¡red

AS

i rt .tu)v . . . tu_r) - 
s¿*r (1) - u¿B¿+r ( 0)

n=-ø .L 'L+ L (1+U¿)

Tl!,Ø (6.78)

Using Equation 6.78, it is possible to nearrange Equation 6.77 to

produce an expression fon u¿ as

vi (6.7e)
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ltultiplication of Equation 6.64 by lJi*rfu) and sr.nrning frrcn

-- to +æ prOduCeS

n=r--'r,n'lJ¡*r(n) =

s¿a1(1) -utAt*t(o)
(1+u¿)

( 6. 80)

(6.82)

A cross jr:nction cor¡relation frmction between the baclq^rard travel-

ling vohune velocity i¡ the ith acrcustic tube and the fonnard

travelli¡g volr.¡ne velocity i¡r the (¿+l)th acoustic tube is defi¡ed

AS

tlr@ = n=r--v í(ùu L+t@-n)
( 6. B1)

Using Eqgation 6.81 above, Eqr:ation 6.80 ca¡r be ner'¡nitten to pro-

vide an expnession for ut as

v¡

Many othen expnessions for I¿ are possible apa.rt from the two

presented above, i.e. Equations 6.79 and 6.82, but all have at

l-east one autocorrel-ation or crosscorrelation which i¡¡vol-ves a vol-

ume velocity vaveforrn from the ¿th acoustic tube. During an analy-

sis process, the volume vel-ocities i¡ the ¿th acoustic tube are not

Ìcrown, or able to be calculated, wùess lr¿ is }rrovn. Therefore,

Equations 6.79 and 6.82 ca¡not be used to deternrine the va-l-ue of

u. i¡r an arnlysis Procedr:re.'L

V,ihen the terrnj¡ation of the acoustic tube is l-ossLess, then

the termi¡ation nefl-ection coefficient' UM, is r.nity, ald Equation

6.68 neduces to
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BM(t") = AM(¿) ( 6.83 )

for all- integer t. Substitution of Eqr:ation 6.83 into Equations

6.65 and 6.66 hrith í=ll-]- produces

(1+u'-r)2AMQÒ - uM- , (sr{rr*r) + Su(-a+l))
(6.84)

)2
AU_, (rr) = (1+ uM-1

a¡rd

IN

(1+ uM_r)24Á{(¿) - UM_ , (s'{rr+r) + sM(-¿+1))
(6.8s)Br-r(n) = (t + uM_r)'

respectively, for all i¡teger ,L. comparison of Equations 6.84 and

and 6.85 shows that

BM-t(¿) = Ar-r(t) (6'86)

for al-f ìnteger rr. Repeating this process for 0<¿<M-2 results

9íQL) = A '(n) (6.87)

fon 0<¿<M and al.l intege-r, tL.

substitution of Equation 6.87 i¡rto Equations 6.79 and 6.82'

and compari¡g the results with Equation 6.82, neveal-s that

dJ¡o, = fl¡'r (6.88)

fon a lossfess terrni¡ration of the acoustic tubes. ff the acoustic

tubes are i¡ theù-rrEl- equilibnium, and the termi¡ati-on is ÌossJ-ess'

an equipa:rtion of enengy occurs arþng the acoustic tubes (BOGI{ER

[tgf z], and BOGNER a¡rd DAVIS [1980]), i.e.
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A¿(o) A¿a1 ( o)

z z

(6.89)

(6.e3)

i i+t

for 0<¿<ll-1, wtene 7, is the accnrstic impedance of the ¿th

acoustic tribe.

squari¡rg both sides of Equation 6.61 ard sljTmi¡g the tirne in-

dol from -- to +@ produces

A¿*r(o) = (1 *vL)'ALrc> * zvtr!{Ð + vlB,+1(o)
( 6. s0)

substitution of Eqr.ntion 6.87 i¡rto Eqr:ation 6.90 pncduces

( 6. s1)

Using

pc
( 6. 92a)zL

AL

and

pc
z (6.92b)
i+t

zvrflr<u = (1- v'¡)A¡+t(o) - (1+u¿)zlrto)

AL*t

Eqr:ation 6.89 is rer,'¡nitten as

(1+ u¿)A¿(o) = (1- u¿

and multiplication by (1+u ') produces

)A¿a1 ( o)

(1 +u.)2|irc) = (1 - u:)A¿+t(0) (6.s4)
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Substitution of Equation 6.94 into Equation 6.91- pnoduces

flu=o
and, hence, from Equation 6.88

dllo, = o (6. s6)

Equations 6.95 ard 6.96 a:re the Cl¡oss Junction Correlation Ttreorems

of BOGNER 11977), and BoGNER and DAVIS [1980].

The CYr¡ss .Tunction Conrel-ation Ttreonems (Equations 6.95 a¡rd

6.96) :reduce the expnessions denived for u' i.e. Equations 6.79

arrd 6 .82,, to

(6. ss)

(6.e7)

Equation 6. 97 expnesses U¿ h terms of l.crown autocorrelation a¡d

crÐss tube corr:elations in the (¿+l)th acoustic tube; thenefone,

li¿ is uniquely dete¡rnined frrcm l.oor^¡n quantities wherever the ter-

rnination is lossless. Using Equation 6.97 in conjunction with the

analysis prÐcess described j¡ Section 6.5.1 defines an analysis

procedr:re to deterrni¡e a unique set of u¿ for 0<¿<M-1 from a¡

acoustic vaveforrn.

For a l-ossfess ternri¡ation of acoustic tubes, Equation 6.87

perrÉts funthen simplification of the equations descnibing the

anatysis pnrcess of Section 6.5.1, i.e. Equations 6.70 and 6.76.

Since the forr¿ard ard reve¡rse autocorrel-ation fi:nctions are equal

(see Equation 6.87), onJ-y one needs to be cal-culated. As Ut is

determined from Equation 6.97 as a ratio of S¿*t(l) to A'+I(0)'
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a scaling of Ai+t(¿) an¿ S¿+f(¿) by the same consta¡rt does not

charrge the value of Vi

Hence, fo:: a termi¡ration neflection coefficient of r:nity, the

set of Eqr:ations 6.70 to 6.76 neduces to the following set of equa-

tions. Fon }ctor,in Ar*r@) ¿¡rd S¿+l(t/r), the refl-ection coefficient

tr¿ is calculated as

(6.s8)

which therr al-lows the ccrnputation of the constants

( 6. ss)

a¡rd

K2 = (t+V2) (6.100)

Ttre autocomelations and cross tube cor-:rel-ations i¡r the ith acous-

tic tube are then cal-culated as

ArØ) = KrAí*rØ) - u¿[s¿+r(¿-r) *S¿*r(-r+r¡) ( 6.101)

and

s¿(t¿) = s¿*1(r¿+1) + u¿s¿+t(+¿+1) - 2vrAr*r(tt) (6.102)

for tÞ 0. A fl-ow chn¡t is presented j¡r Figr:re 6.14 to ill-ustrate

the analysis pnoeess based on Equations 6.98 to 6.102.

The analysis procedu:re described in Figure 6.14 a¡rd by Equa-

tions 6.98 to 6.102 does not present the most ccrnputationaÌly ef-

fj.cient process for: recoverilg a set of refl-ection coefficients

Kt=u1
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:u¡, 0<¿<ftl-1, frcrn an acoustic waveform. Thre analysis prrrcedr.:nes

Of LEVTNSON [1947], DURBIN [TSOO], ANd LEROIX ANd GUEGUITTI IT977),

fon i¡rstance, requi.ne approxinntely one third the ntunber of nmlti-

plications. ftre neason for" the i¡efficiency of the arnlysis pno-

cess defi¡ed by Figure 6.14 is tÌ¡e un¡recessary calcul-ation of the

crass tube conrelations, S¿(¿). EliïLilation of the need to cafcu-

late s'osscortelations is achieved by the arnlysis pnocess of

DURBIN [1960], and LEROLTX arld GUEGUH{ [fgZZ] by using absb.act

quarrtities wl¡-ich have no relation to the acoustic tube model-.

Hence, the analysis pnccess descrj-bed in Figu:re 6.14 is useful-

when the analysis prÐcess needs to be nel-ated to quantities on

the acoustic lribe npdel being identified.

Fo:r a lossy ter'¡ni¡ration of the acoustic tribe npdel, the ter-

rni¡ration refl-ection coefficient has been shov¡n to Ïrave a nodul-us

of less thnn r:nity; thenefone, Equation 6.68 implies that

Ar@) + EMQL) ( 6.103 )

for any 4. Using Equation 6.103 in conjr:nction with Equations

6.65 and 6.66 shrcws thnt

Ar(tt) + B'QL) ( 6.104 )

for.0<¿<M and all t. lrlhen Equation 6.104 is true, then i-t is

easiÌy shor,¡n tlet

rrll', + ¡!l¡o> (6.10s)

from Equations 6.79 and 6.82 and, in general, neither is zeno.

Therefore, in the situation where the terrni¡ation of acoustic
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tubes is Ìossy, tle va-l-ue" "r ffi1) and }l1,0, ane un],oornn and,

hencer I¿ cannot be calculated from Equation 6.79 or Equation 6.82.

To use Equations 6.79 and/on 6.82 in an arnlysis process,

when the terrnination of the acoustic trùes is 1ossy, it is neces-

sary to esti¡nate the val-ue of eithen tlrrr) "" T/$o>. Enpirical-

investigations have slpv¡n tlnt the rnagnitude" or ffil) a¡d /|f0,
are Ïrigþly dependent on the value of UM, i.e. the terrni¡ation re-

fl-ection coefficient. Vühen the nrodulus of U¡¡ is cfose to r:nity,

then both flu¡t, .* Ti$O) are close to zero (and equal to zero

when U, = 1), a¡d thei:r nngnitudes i¡rcnease as the nodu-l-us of UM

decneases from unity. Ttre empirical investigations penforrned

showed that, unl-ess the esti¡nates of tlr@ and/or Tlfrro) a¡re ac-

eu:ate, r:¡rstabl-e acoustic tube slnpes, i.e. negative crÐss-

sectional- ar€.as, r¡ay be recove¡red.

ïhe nesuJ-ts of enpirical investigations suggest tlrat a r€ason-

abte esti¡nat" or fly,<l) and T!!,<o), which nny provide improved
.1-fL 4t L

acoustic tube shape recoveny for a lossy terrni¡ration of the acous-

tic tubes, is to assume tlnt the ragnitude" "t TåT1) and T/-To,

are s.nall- in compa:lison with the autocorrelations a¡d cross tube

correl-ations i¡r anu 1r+1)th acoustic tube. This hypothesis is

true when the npduLus of u¡ is cl-osetounity, when ffitl u"o
_tll t

Ti¡Ol approach zeÍo. The ::est of this section defines a nt¡nber

of alalysis processes wh-ich can be denived from this hypothesis,

and tlre folJ-owìng section evafuates the effectiveness of each of

these ænâlysis processes to provide improved acoustic tube shape

l?ecovery, wherr the terrni¡ation of acoustic tubes is lossy.



Fþcrn the h¡pothesis that É.'¡t, "* Tü,0) a:¡e srnl1 in com-

parison with the autocorrelations and cross tube correlations j¡r

the (¿+]-)th acousLic tube, Equation 6.79 Pennits u¿ to be estireted
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s (1)
i+L

AS

v¡ ( 6.106)

(6.107)

B¿+1(o)

and Equation 6.82 pernits u¿ to be estilated as

Equation 6.106 is necognised as the expression for Ut which rLir¡i-

mizes the fon¡a¡d predictor emol? of the lattice formulation of

l-i¡ear prediction, arrl Equation 6.107 rninj¡nizes the bacloard pre-

dicton error of the 1attice formulation of linear pnediction.

Fon a J-ossy terrni¡ration of a set of acoustic tubes, it has

beerr shror,¡n tlnt, irr general-' A¡*t(0) is not equal to Ba*r(O) (see

Equation 6.104) and, thenefore, the U¿ caÌculated frçm Equation

6.106 is diffenent from tlnt cal-culated from Equation 6.107.

Ttrerefore, two new anaÌysis processes can be defi¡ed by using

either Equation 6.106 on Equation 6.107, in conjunction with

the analysis procedrre defjned j¡r Figr:re 6.13 . Ttre analysis

pnocess defj¡red in Figrrre 6.13 used with Equation 6.106 is nefer-

ned to as the Forr,lard Lossy Terrni¡ration arnlysis procedr:r'e, and

the analysis process defj¡ed in Figlu'e 6.13 used with Equation

6.107 is referred to as the Backln¡ard lossy Ternrirntion analysis

procedi:re.
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Tl¡ene e><ist nrarry other e>rpressions fon U¿ (see MAKIIOUL [1977])

which can be shov¡n to be various combi¡ntions of Equations 6.106

ard 6.1-07. The rpst r,.e11-]qrown a::e the Pancor form

u

the Br-u:g form

25¿+1(1)

Aí*t(o) +8.+1(o)

L

vL

(6.108)

(6.10s)

a¡d the Minimum form

Ìt¿ = SIGI'tr.mi¡
s¿a1 (1) s¿..1(1)

(6.110)
A¿+1 ( o) B¿+1 ( o)

whene SrQ'ü is the sign of S¿+1Q)/Aí+'(O) and si+{D/Bi+t(0),

both have the sare sign sinc" A¿*t(O) arrd 8¿a1(0) are always posi-

tive. It is shor,m in Appendix F tlnt the Mini¡rn¡n fonn of U¿ is

equivalent to the BackbTand forrn of Ut.

Al-1 the expressions for: U¿ pnesented by MAXHOUL [fgZZ] ensune

tlnt the hypothesi" "t fl'1l) and dl¡O, beirg srnl-l in comparison

with the autocorrel-ations and cross tube correlations i¡ the

(¿+l)th acoustic tube is true. Thenefore, numerous lossy Terrni:l-

ation analysis prrrcedu:res can be defi¡red using the numerous ex-

pnessions for U¿ presented by MAKIIQUL ltsllf. However, the four

forrns of Vi pneserited in Equation 6.106, 6.107 ' 6.108 a¡d 6.109

forrn a representive set of the numellous expressions for U¿: and

are ttre only ones considered here. TTre analysis prrccess defined

in Figr.re 6.13 used with Equation 6.108 is neferred to as the
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Parcor lossy Ter'¡nination arnlysis procedure, ard the arnlysis prrc-

cess defj¡red i¡ Figr.r'e 6.13 used with Equation 6.109 is referred

to as the Bac]<r^ard lossy Terrni¡r,ation arnlysis procedu:re.

ltre for-u' l-ossy Terni¡ation arnlysis procedures defi¡ed i¡

this section a.ne evaluated in the following section with synthetic

speech which is generated with the termi¡ration refl-ection co-

efficient t ;u¡.- bei¡rg tlre same as tle.t used in the lossy Terrni¡ation

anaJ-ysis lxocedr.res. The lossy Terrni¡ation procedure wlr-ich pro-

vides the best impnovernent i¡ acoustic tube shape recovery is

for.¡nd frun these evaluations. V'Jhen real speech is being analysed,

the tenni¡ation neflection coefficient, U¡r at the lips is u¡l<rrov¡n.

Therefone, Section 6.5.2.2 evaluates a lossy Terrnination analysis

process when the value of UM is diffenent i¡r the s5znthetic speech

generation process fncrn thnt used i¡ the lossy Terrnilation anal-ysis.

6. 5. 2 .1 Eval-uations with Correct lossy Terrni¡ration

This section evaLuates the for::r Lossy Terrnination arnlyses,

defi¡ed i¡ Section 6.5.2, r^r-ith sSrnthetic speech generated by the

procedr::re detail-ed in Appendix E, for a sampli.lg frequency of 10

kil-ohertz. The excitation used j¡r the genenation of the synthetic

speech is a¡ impu-ì-se (i.e. ideal- white excitation), a¡d thre terrni¡-

ation reflection coefficient, IM, of the acoustic tube model- is

varied fn¡m zenc to unity. The vafue of U,\,1 used i¡ the lossy

Ternrination analyses is the same as tlnt used to generate the syn-

thetic speech bej¡,g alalysed. The acoustic tube shapes used in

the genenation of the s¡rnthetic speech approxirnate the real vocal

tr"act slnpes measr:red by FANT [1970] for five vowel- sou¡rds (see

Appendix C). All- the assumptions of the linear pnediction/acoustic
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tr:be npdel- ane satisi-fed, except fon a loss at the tenni¡ation, so

tlnt effects such as glottal pulse excitation, acoustic tube losses,

etc., do not cloud the eval-uations pnesented i¡ this section.

Thre analysis procedu:re used tlroughout this section is to,

firstly, apply a -6 dB per octave pne-emplrasis to the s¡rnthetic

speech waveform to accor¡¡rt for. the zero of the nadiation impedance

(see Section 6.2). Ttre pre-emplnsízed waveform is then arnlysed

by a conventional- Parcon linea:r pnedictive analysis a¡rd tlre four

lossy Termination arnlyses to deterrni¡re recovered acoustic tube

shnpes. Anea distances between::ecovened and oniginal acoustic

tube slapes ar€ n¡lcul-ated, ard plotted against the vaÌue of UM

used j¡i the lossy Terrni¡ntion arnlyses.

Figure 6.15 preserrts the area distances for the for:r lossy

Terrni¡ation analyses ard a conventional- Parcon li¡ear predictive

analysis (wh-ich assumes a l-ossless terrni¡ration) of s¡rnthetic

speech for the vowel l-l versus the value of uM used i¡r the

lossy Termi¡ration analyses and in generating the sy-rthetic

speech. As expected, al-l- four lossy Terrnination analyses

produce the same a::ea distances as the conventional- Pa:rcor

arnlysis when uU is r:nity, i.e. a l-ossless ternrination. Both

the Baclqñard and Br:rg lossy Termination anaÌyses ane shorn¡rr to

pnoduce larger a¡¡ea distance tlan a conventional- Parcor- analysis,

in Figure 6.15, for U, ranging from appnoximatel-y zero to r:nity.

Ttre Brrg lossy Terrni¡ration analysis only has a significantly

gneater a¡ea distance thnn a conventional Parcor arial-ysis for

Þg less tln¡ 0.6. Hence, for s5rnthetic speech of the vowef l"l
the Bacls¿a:rd and Burg lossy Terrnination analyses do not pnrvide

an improvevnent i¡r acoustic tube slepe necovery when comlnred with
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a conventional Parco:r linea:r predictive arnlysis wh-ich assumes a

lossl-ess tenni¡ration.

Ttre Parcor ard Forward lossy Termi¡ntion arnlyses prrrduce a

neduction in area distances when conpaned with those fon a conven-

tional- Parcon arralysis for certail nanges of UM The Parcon lossy

Terni¡ration analysis onJ.y pnovides a srlel-l neduction i¡r area dis-

tance for U¡ betr¡eerr 0.5 ard r:nity, with much Ia::ger area distances

for U, less tlnn 0.5, when compared with a converrtional Parcon ana-

lysis. In contrast, the Fon¿ard lossy Terrnination al,alysis pro-

duces a J-arge neduction in area dista¡rces il compa:rison w'ith a

conventiona-l- Parcon analysis fon Ut between 0.3 a¡rd r:nity, but

rmeh larger anea distances when Ut is between 0.2 and 0.3. th-

realizabl-e acoustic tube sh,apes (i.e. sor¡re reflection coefficients

Ïeve a npdrllus of greater tha¡r r:nity) are recover:ed by the Forr¡ard

lossy Terrnination analysis when U, is between zero and 0.2.

Hence, fon s5rnthetic speech of the vowel- lal, only tr¡c of the

for:r lossy Ternination arnlyses, nalltely the Forward a¡rd Parcor

lossy Terrni¡ation analyses, provide improved acoustic tube shr,ape

recovery in comparison with a conventional- Parcor analysis. The

improved aeoustic tube shape lrecoveny occuns fon a wide ralge of

ir¡,¡, i.e. ñrom 0.5 to r:nity and 0.3 to unity for the Parcor and

Forward Lossy Terrni¡ration arnlyses' respectively. All- the lossy

Terrnination analyses, except for the Fon¡and lossy Termination

arnlysis when u, is between zero and 0.2, r:ecoven rea-l-iza-bl-e

acoustie tube slrapes, i.e. aLl- reflection coefficients have a

npdul-us of l-ess thran r:nity.
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Ihe a:rea distances between::ecovered and onigilal acoustic

tube shnpes versus 1.rg fon the fou¡r lossy Termination analyses and

a conventiorn-l- Parcor anal-ysis of s5rnthetic speeeh for the vowel

lel, are presented in Figune 6.16. A cornpa:rison of Figunes 6.15

arrd 6.16 slpws simila:r tnends for the analysis of s¡rnthetic speech

of the vowefs lal and l"l by the four Lossy Terrni¡ntion analyses

and a conventional Parcor arnlysis.

Figr:re 6.16 slpws tlnt the Bae]<r¡ard a¡d Br.lrg lossy Termil,ation

arralyses produce larger a:rea distances tln¡ a conventiona-l- Parcor"

analysis for the nange of UM from zero to unity. Thris observation

is consistent with that for. the synthetic speech of the vowel l"l
and, hence, for: both the vowel-s lal and lel, tne Baclc¿ard and Burg

lossy Ternilation analyses do not provide improved acoustic tube

slnpe recoverS¡ in comparison with a conventional- Parcor arnJ-ysis.

Figr-u'e 6.16 shpws that the Parcor lossy Ternrination arnJ-ysis

prodrrces srml-l-er area distances tln¡ a conventionaf Parcor arnlysis

of s5mthetic speech for the vowel le | , when Ug is betr,een unity and

and app¡oxJrnately zero. The Forr¡ard tossy Terrni¡ration analysis pro-

duces much snal-fer area dista¡rces tln¡ a conventional- Parcor alaly-

sis, and the other Lossy Terrni¡ration analyses, when U¡ is between

0.55 and unity. For U, l-ess than 0.55, the Forward lossy Terrni¡ra-

analysis produces Ìarger area distances in compa:rison with a con-

ventional- Parcor anal-ysis, and u¡rreal-izable acoustic tube shapes

when U, is between zero and 0.2.

Hence, onJ-y tr.o of the four lossy Terrnination anal-yses, namely

the Parcor and Forr^'ard lossy Terrni¡ration arnÌyses, produce improved

acoustic tube shape r€covery when compared with a conventionaf
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Pa¡cor analysis of s¡nthetic speech fon the vowel l.l. All the

lossy Terrni¡ntion analyses recover realizabl-e acoustic tube sbapes,

hrith the exception of the Fornard lossy Terrni¡ation analysis fon uU

between zeno and 0.2. In general, the observations for the pen-

fornence of tle for.m lossy Terrnirntion analyses of synthetic speech

fon the vouæ1 l.l ane consistent with the observations for the

porforrnnce of the saue arnlyses of s¡rnthetic speech fon the vou¡e1

l"l.

FigLre 6.17 presents the area distances between necovened and

original acoustic tube strapes versus Ug for the for:r lossy Terînlirr-

ation analyses and a conventiona-l- Pa:¡con analysis of s¡rnthetic

speech for thre vowef lil. A companison of Figr:re 6.17 I^r'ith Figures

6.15 and 6.16, wh¡,ich present eval-uation nesul-ts for the vowe1s l-l
a¡d lel, :respectively, shows nnrked differe¡rces i¡r the general

trends fon the vowel lil from throse for both the vowel-s l"l a¡rd

l.l .

Ttre Bac]c^ard lossy Terrni¡ration analysis is slrov¡rr in Figr:re

6.17 to produce much larger a:rea distances than a conventional-

Pa:rcor arnlysis. The Fonvard lossy Terrni¡ration arralysis hes

slightly largen area distances tha¡r a conventionaf- Parcor a¡r,a-

J-ysis for U, greater thran 0.7, arld slightly srnal-ler area distances

when u, is between 0.55 and 0.7. Unrealizable acoustic tube slepes

are recovered by the Fori,¡ard lossy Terrnì¡ation arralysis when U¡ is

l-ess tln¡ 0.5.

The Burg l-ossy Terrnj¡ration analysis is shov¡r in Figr::re 6.17

to produce slightly snnJ-len area distances tlnn a conventional-

Parcor analysis when U, is between 0.5 and unity, but nmch langer
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area distances when UU is less than 0.5. A Ia:rge reduction in

anea distances is observed irl Figure 6.17 fo:: thre Parcor lossy

Terrni¡ration arnlysis in companison with a conventional Parcor

arntysis of s¡rnthetic speech fon the vor¡el' li I . The reduction

in a¡ea distances by the Pa¡con lossy Terrnination arnlysis ard,

hence, an imprnovement i¡ acoustic tube shËpe recovery' increases

as the value of uM dec::eases from unity to zerrc.

Ttrerefore, orúy two of the for¡r lossy Terrni¡ration analyses,

nanely the BL¡ï'g and Parcor lossy Te¡:mj¡ration arnlyses, lxovide a

reduction i¡ area distances for a wide rarge of Ut, when compared

with a converrtional Parcon arnlysis of s¡znthetic speech for the

vowel- I i I . The Forr^ard lossy Terrnination arnlysis is the onJ.y

l-ossy Terrni¡ntion arnlysis procedure that recovers r:¡lreal-izabl-e

acoustic tube slrapes from s¡rnthetic speech of the vowel- li I . Of

the eva-l-uation nesul-ts presented for the four lossy Terrni¡ration

arnlyses of synthetic speech fon the vowel-s l"l, l"l and lil, onl-y

the Pa:rcor lossy Tærnination arnlysis prr:duces a consistent reduc-

tion j¡r area distances vùren compared with those for a conventional-

Parcor analysis, for a wide range of u^/

A ptot of area distances between necovered ard original-

acoustic tube slnpes for the four lossy Termi¡ration analyses

and a conventional- Parcor anaÌysis of synthetic speech for the

vowef l"I versus li¡,¡ is presented ìn Figure 6.18. The Bac]<r¿ard

lossy Ternrirntion arralysis produces la:rger area distances tlnrr

a conventional- Parcor analysis when U, is greater thn¡r 0.5, but

snal-l-er area distances when Ut is l-ess than 0. 5 . The Burg lossy

Terrnination arnlysis prr:duces sjmilar area distances for Ut between

0.7 a¡d unity, targer area distarces when U, is between 0.2 arrd
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0.7, ard snnlle¡r area distances when U, is less tÌ¡an 0.2, il com-

pa:rison !üith a conventional Parco:: analysis.

Ttre area distances fon a Fon¡ard Lossy Terrnj¡ation arnlysis,

in conparison with a conventiornl- Parcon analysis, are shol,'rn i¡

Figr:re 6.18 to be sÌjghtly snal-len when Ug is greaten thËn 0-5'

b¡t much 1a::gen when U, is less tt¡an 0. 5. lJrrnealizabÌe acoustic

tube slnpes ¿üre recover^ed by the Fonard lossy Terrnination analysis

when U, is l-ess tlnn 0.2. Fon the Parcon lossy Terrni¡ration analy-

sis, a gnall- reduction i¡ a:cea distances, il compa::ison with a

conventional Parcon analysisr occurs for Ut gneater tlran 0-5'

and much largen area distarces occur for Ut l-ess tln¡r 0'5.

Fon s5rnthetic speech of the vowel- lol, orly a snel-l- reduction

i¡r area distarces, in comparison with a conventional Parcor arnly-

sis, occr:rs fon tr^p of the Lossy Terninati-on analyses, rr,amely the

Parcor and Forr^nrd lossy Termi¡ration arralyses, and then only when

U¡,1 is greater than 0.5. Onty the Forward lossy Tenni¡ration analy-

sis :recovers unnealizabl-e acoustic tube shapes, wh-ich occu:l when

Ug is less tÏ¡an 0.2. Of the evaluation resul-ts presented for the

foun lossy Terrnination analyses of syrrthetic speech for the vowels

l-1, l"l, lil a¡rd lol, only the Parcor lossy Termj¡ration analysis

produces consistentJ-y sraller area distances than a conventionaf

Parcor anal-ysis, for a consistentJ-y wide rarge of ut.

The area distances between necovened and onigilal acoustic

tube shapes fon the four lossy Terrai¡ration arralyses and a conven-

tional- Parcon anaÌysis of s5rnthetic speech for the vowef lul are

presented vensus UM h Figr:re 6.19. In contrast to the evaluation

results presented previously, all the lossy Terrnì¡ration ana'lyses
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ane sfrr¡Jn in Figr-ue 6.19 to produce sna]-ler area distances ttra¡r a

conventior¡al- Parcor anlaysis, for lange ranges of UM The Baclc,'nrd

and Burg lossy Terrni¡ation arnlyses prrrduce much mnller area dis-

tances tha¡ a conventional Parcor analysis for U¡ between zero and

un-ity. The Forward a¡d Parcor lossy Termi¡ation analyses produce

sr¡ral1er area distances when U, is gneaten than 0.3 a¡d 0.2, re-

spectiveJ-y, ht mtlch l-arger area dista¡ces otherwise, i¡ conpari-

son with the area dista¡rces for a eonventiona-l- Parcon analysis.

threaLizable acoustic tr:be shapes ane lîecovered by the Forv¡ard

lossy Terrnination arnlysis when U¡,1 is fess than 0.2.

The eval_r:ations with s¡rnthetic speech of five vowels have

slrov¡n that the Backvüard lossy Termj¡ratj-on analysis consistently

produces the largest a¡ea distances of the for:r lossy Terrnilation

arnlyses when U, is gfeater thnn 0.3, and these area distances are

also largen than those for a conventional- Parcon arnlysis for al-l-

but the vonels lol and l"l. Ï-re Bu:rg lossy Terrni¡ration analysis

r¡aS sh¡cr,¡n to produce larger area distances tle¡ a conventionaf

Parcor analysis oven J-ange ranges of U^4 for all- the vowel-s except

the vor^el- l"l. Hence, the Backr^n¡rd and Burg lossy Terrnination

analyses do not, ijr general, provide improved acoustic tube shËpe

r€covery.

A consistent reduction in area distances in comparison with

those for a conventional- Parcor arnlysis is observed fon the

Forr,ard lossy Termi¡ration anaÌysis for al-l the vowels except the

vowef li I . Ttre reduction in a:rea distances alr^rays occurs for Ut

greaten than 0.5 and, irt some cases, for Ug Ereaten tha¡ 0.3. A

nnjor disadva¡tage of the Forward lossy Ternr-i¡ration analysis is

the recovery of unreal-izable acoustic tube Slrapes when U, is s'ral-l.
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Of all the for::r lossy Terrnination analyses evaluated in this sec-

tion, only the Parcor lossy Terrni¡ation analysis consistentfy pro-

duces a neduction i¡ area distances ìn comparison with a conven-

tion¿-l Parcor analysis. This neduction j¡ area dista¡ces occurs

over a wide range of UMr at le¡st from 0.5 to unity and, irr some

cases, from zerr¡ to rnity.

Hence, it is concl-uded ttrat the use of a Parcon lossy Terraj-n-

ation arnlysis j¡r situations where the acoustic tubes have a J-ossy

terrnirntion, h generel, pnoduces improved acoustic tube slnpe l?e-

coverS/ in compa:lison with a conventional Pa¡con analysis- This

inprovernent i¡r acoustic tr.:be shrape llecovery is expected when U¡,¡ is

greater: than 0.5, but rlay occur fon a larger nange of UM

6.5.2.2 Eval-uations rnrith fncorrect Lossy Ternination

Ttre evaluation of the four L¡ossy Terrnination arnJ-yses pre-

sented i¡r the previous section used the same value of u, in the

aralysis procedure and to generate the synthetic speech. In

gene::al, the val-ue of UM used to generate speech waveforms is

unlcrovm; therefore, it is necessany to esti¡ate a value of Ut

for a Lossy Ternú¡ation analysis. Th-is section evai-uates the

penforrnnce of the Parcor lossy Termi¡¡ation alalysis when the

terrni¡ation refl-ection coefficient used j¡r the analysis procedure,

denoted as UM', is different from thnt used to genenate the s5rnthe-

tic speech. Only the Pa¡cor Lossy Terniination analysis is con-

sidered i:t thr-is section, sj¡rce it was the only lossy Terrni¡ation

analysis found in the previous secti-on to consistently produce im-

prrrved acoustic tube shape r€coveny for a wide rarrge of ut.
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Ttre s¡rnthetic speech waveforrns used i¡r the eval-uations pne-

Sented i¡r this section are generated by the procedr¡ne detailed i¡r

Appendix E for a sampling frequency of 10 kiloher-tz, and an impulse

e<citation, i.e. an ideal wÌúte excitation, is used. Ttre acoustic

tube strapes used to generate the synthetic speech e real

voca-l- tract str,apes aS measuned by FAIII [1960] for five vowel sounds

(see Appendjx C). Alt the assr:rnptj-ons of the linear prediction/

ac\custic tube nrodel, except for a loss at the termi¡ntion, are

satisfied so that effects caused by glottal pulse exeitation,

l-osses j¡ acoustic tubes, etc., do not cloud the eval-uations

pnesented in this section.

The arnlysis procedure used throughout th-is section is to,

fi_nstJ_y, apply a -6 dB pen octave pre-emprrasis to the synthetic

speech upveforrn, to accor:nt for the zero of the radiation ìmpedarrce

(see Section 6.2). The pne-emplasized waveform is then arnlysed by

a conventional- Parcor arnlysis and a Parcor lossy Ternú¡ration ana-

lysis to produce a recovered acoustic lrrbe shape. Area distctnces

between necovened and oniginal- acoustic tube shapes are ca-fculated,

and plotted against the value "f UM used j¡ the Parcor lossy

Terrn-ination arn lysis .

Ttre a-::ea distances between recovered and original acoustic

tube shapes fon a Parcon lossy Terrnj¡lation arralysis a¡d a conven-

tional- Parcor arnl-ysis of synthetic speech for the vowel-s l-1, i"l'

lil, l"l and l"l ve¡îsus u,U * presented in Figure 6.20!.6'211, 6'22'

6.23 and 6.24, respectiveJ-y. The synthetic speech wavefonns a1.e

generated with a ternürntion reflection coefficient: U¡9¡: of either

0.9, 0.8, 0.7, 0.6 or 0.5. Si¡rce the conventional- Parcor analaysis

uses a terrnj¡ration refÌection coefficient of urrity, no clnnge in
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area distance occurs for the conventiornl Pancor arn-1ysis as a

finction of ul{'.

Ll}ren uM is less tln¡ 0.9, a sIE1l neduction i¡r a¡ea distances

is observed i¡ Figure 6.20 for the Parcor lossy Terrnirution arnly-

sis i¡r comparison with a conventiornl Pa¡¡con arnlysis of s5rnthetic

speech fon the vowel lal, for Ug and u¡ diffening widely. I,'Ihen u,

is equal to 0.9, then the smal-1 reduction i¡r a:rea dista¡rces ach¡-ieved

by a Parcor loss¡z Terrni¡ation analysis only occuns for a s'nall- nange

of UM near urrity. In general, the reduction in area distances by

the Parcon lossy Terrni¡ration analysis i¡r comparison with a conven-

tiona-l Parcon arnlysis is snal-l-, whr-ich is consistent vrith the

evaluation resul-ts p::esented j¡r Section 6.5.2.1 for the sSrnthetic

speech of the vowel l"l (see Figure 6.15).

For. all- the values of u, considered in Figtt'e 6.2I, a r:educ-

tion i¡r area distances occurs for the Pa¡cor lossy Terndlation

anal-ysis, in conparison wj-th a conventional- Parcor analysis, of

s¡rnthetic speech for the vowel le| and for ut and uM diffening

widely. In general, the range "f uM'for wh-ich a neduction i¡

a:rea distances by tlre Parcor lossy Terrni¡ration arnlysis occurs

ilæeases aS UM decreases, and the anount of a¡ea distance reduc-

tion j¡creases aS UM decreases. The larger reduction in anea dis-

tances by the Pareor lossy Terrnination anal-ysis, in comparison with

a conventional- Parcor alal-ysis, for s¡znthetic speech of the vowel-

l.l thnn for the vor¡el- l"l is consistent with the evaluation ne-

sults presented in Section 6.5.2.7 (see Figr.:res 6.15 and 6.16).
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Figure 6.22 strows a lange neduction i¡r anea distances for a

Parc.on lossy Terrni¡ation anafysis, iJì ccnparison witn a convention-

al- Parcor analysis of s¡mthetic speech fon the vowel lil. The

nange "f u''over which the neduction jn a::ea dist¿ü:ìce occuns j¡-

creases narkedly as the val-ue of UIú decneases and, thæefore, UU'

and u, nay differ by targe ancunts' ard. a decrease i¡r area dis-

tances stil-l occuns. As the val-ue of UM decr:easesr the ancu¡tt

by whr-ich an area distance reduction occurs j¡tcrreases rnrkeðLy,

and is much larger tln¡ thnt observed fon synthetic speech of

the vowels lal arrd lel as pnesented in Figr-ules 6.20 and 6.21,

nespectively. Thris l-atter resul-t is consistent with the nmch

largen neduction jn a:rea distances tlnt occr¡rs for the vor¿e1 I i I

than for the vowels lal and l"l in the evaluation nesults pnesent-

ed i¡r Section 6.5.2.1 (compare Figr:nes 6.15, 6.16 and 6.17).

For U, equaJ- to 0.9, Figure 6.23 shows tlnt onJ-y a smal-l- re-

duction j-n area dista¡ces ovelt a snal-I range "f UM near u¡lity oc-

curs when the a¡ea distances of a Parcor lossy Ternrination arralysis

are compared with those of a conventional- Parcon anaÌysis of s5nrthe-

tic speech for the vowel- l"l. A rmch larger neduction j¡r area dis-

tances occuns when U, is between 0.6 and 0.8, and for a veny large

narge "f U,,,f. However, for Ug equal to 0.5, no reduction i¡r area

distances occurs fon the Parcor lossy Terrnination anal-ysis i¡l com-

pa-nison with a conventi-onal- Parcor analysis. The above obsenva-

tions are consistent with the eval-uation results presented in

Section 6.5.2.1, i.e. Figr:ne 6.18, whene only a srnl-l reduction

in a:rea distances occuns for the Parcon lossy Termination anaÌysis

when U, j-s gneater thar 0.5.
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Thre evaluation nesults presented i¡ Figi:re 6.24 fon s¡rnthetlc

speech of the vowef l"l slpw tlrat a large reduction of area dis-

tances occurs for the Parcor lossy Terrni¡ation arnlysis i¡ com-

panison with a conventional- Parcon analysis, for a wide nange of

Uil'. Thenefore, a t?eduction jn a¡rea distances ca¡ be expected, â1-

tlough Ui ana UM nny diffen rnarkedly. As obsen¡ed for al-l- the

eval-r:ation nesul-ts pnesented i¡ this section' the range of UUi for

wÏ¡-ich a neduction i¡ area distances occuns fon the Parcon lossy

Terrni¡ation arelysis of synthetic speech fon the vowel- l"l il]-

cneases aS UM decreases. Ttre above observations are found to

be consistent l^Iith the evaluation resul-ts pnesented i¡r Section

6.5.2.1, by conpa:rison of Fígwe 6.19 and 6.24.

The evaluation nesu.l-ts presented j¡ th-is section have Sho\,'rr

that a neduction i¡ area distances is ach-ieved by the Parcon lossy

Terrni¡ation analysis in compari son with a eonventional- Parcor 
.ana-

lysis fon Ur'and UM differìng frrrm each other. fhe anpr:nt by wlúch

the value "f UM can differ fnom U, and stjJ-l- provide a reduction i¡r

area distances varies from one vowef sou¡rd to anothe:, and depends

on the val-ue of UM but, in most case", u,U'and uM ney differ widely.

Notabl-e exceptions ane for U, equal to on greater tÌ¡an 0.9, where a

neduction i¡r area distances occurs only for a snal-l- range of Url when

u¡a and u, ane si¡nilar. In general, the s.nal-len the vafue of ÞM'

the J-a:rger the neduction i¡ area distances, artd the nore widely Ur'

can diffen frun U,'J and stilt provide a reduction in a:rea dista¡ces.

Hence, it is concl-uded tlrat the general reduction in area dista¡ces

by tle Parcor lossy Tennri¡ation arnlysis in comparison with a con-

ventiona-l- Parcon analysis shpv¡n i¡r Section 6. 5.2.1 aÌso occuns when

UM -rd Ig are not exactly the same a¡d do not differ by large

anounts.
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6.5.3 PARCOR I.,OSSY TERMII{ATTON AMLYSIS OF REAL SPtrCII

0f the four Lossy Terrnination alalysis prrocedr:res defj¡red i¡

Section 6.5.2, the Parcor lossy Termi¡ntion analysis !'Jas for:nd to

consistently provide a ::eduction of area distance i¡r cornparison

lirith the area distances of a conventional Pareon arnlysis wherr

applied to s¡rnthetic speech fon five vowel sounds. Tfús section

evaluates the Parcor lossy Terrni¡ation arnlysis with neal speech

waveforrns.

Rea-1 speech vaveforms were obtained for the five vowel-s l"l'

l"l, lil, lol and l"l frrom seven Australian nral-e speakens phorntirrg

the vowel-s in a ln-al fname. A nr¡nber of recording sessions,

separated by at l-east one day, a¡d not npre tln¡r thr-ìrty days,

were used, and at each session the vowel-s rnrere spoken i¡r a ran-

dom orden, which clnnged f::crn session to session. Tfre speech

plîessurevaveforrnwas measuned \,Jith a condenser rnicnrphone, and

the resul-ting electrical- a¡nlog sigrnl pa.ssed ttnough a low pa.ss

filten, the cut-off frequency of wh-ich is 4.5 kil-ohertz. The fil--

tered analog signal was then sampled at a frequency of 10 kil-ohentz,

and stored on nagnetie tape r¡¡der the control- of a rninicomputer. A

ful-l- description of the procedtre and conditions unde:: which the

real speech waveforms ane digitally ::ecorded is p:resented i¡r Appen-

dix H.

To deterrni¡re whether an ilprovement in acoustic tube/vocal-

tract slnpe llecovery is achr-ieved when usìrrg a Parcor. lossy TernLin-

ation arnJ-ysis ir comparison with a conventionaL Parcor l-inear

pr.edietive arntysis, the corrrect or origilal- acoustic tube/vocal-

ü.act slnpe must be J.crown. Ttte measr:rement of vocaf tract shapes

is a veny difficul-t and ccmplex process, and the necessary equip-
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merrt to perforn strch rneasunements was not availabl-e; therefone,

ttre vocal þact shape is not ]sror^¡n for any of tlre speech sou¡rds.

In order to penform an evaLuation of the Parcon lossy Termination

anaJ.ysis, the vocal t:act shape fon each of the five vowel sor:rrds

considæed Ì,ias approxiJl¡ated by the vocal tract SItaPeS measr:ned by

FAÀII [1960] witn X-ray photogr:aphy.

On-1y the 1ip ::adiation or loss at the termi¡ntion of the vocal

Eact is considened by the arnlysis process used to produce the ne-

sr:Lts presented i¡ this section, and so the other non-ideal- prÐPen-

ties of the vocal- tnact such as non-white excitation and vocaf tnact

losses are ignoned. Ihe¡:efone, even if lip radiation is correctly

accol.¡¡rted fon, accr:rate voCa-l- t¡act Sþape necovery carnot be ex-

pected. Thre non-ideal prrcperties of the vocal- t:'act not taken j¡to

account cloud the eval-uation pnesented in this section, and so a

ca:refu-l- ìrrterpretation of the evaluation resufts is necessary.

All anal-yses of the :real- speech vraveforrns are performed by

firstly clroosing 300 samples, i.e. a 30 msec tj:rre intenval, of

the particufar vowel- sound, ad applying a Hanrning wi¡rdow (BIACKMAN

ard TII](EY [1958], MARKEL [1971], MAKFIOUL a¡d WOLF [1972]). The

wi¡rdowed data is therr pne-emplnsized by -6 dB per octave to accot¡¡tt

for the zelrc of the radiation ìmpedance (see Section 6.2), and then

analysed by a Parcor lossy Terrni¡ation arnfysis arrd a conventional

Parcor" arrlaysis, to deternr.ìne necovered acoustic tube sh,apes. The

evafuation resul-ts are presented as a¡ea distances between recover-

ed acoustic tube slnpes ald the vocal tract slnpe measured by FÆII

[1960] for the corresponding vowel sor¡¡rd. Ttrese a:rea distances

are then ploüed agalnst the terrni¡ation neflection coefficient,

Ug', used in the Parcor^ lossy Terrni¡ration anal-ysis.
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Figr:re 6.25 presents the area distances versus url fon a

Pa:rco:: lossy Terrni¡ntion analysis of neal speech fon the vowel

l-1. The are¿ dista¡ces presented in Figrn'e 6.25 show a gnadual

j¡cnease, except for one caser as the value "f u^,1'decreases

fncm r:nity. Since the area distances fon Ut equal to unit¡z are

the same as the a:rea distances nesulting fn¡m a conventior¡al Palcor

analysis, in general a neduction of a:rea distances is not achieved

by usirg tlre Parcon lossy Tenni¡ration arnlysis il pnefenence to a

conventiornl- Parcor analysis of neal- speech i,'¡aveforrns for the vowel

l.l.

For real speech of the vowel le | , tfre a::ea distances for a

Parr:o:: lOssy Terrni¡ration aralysis vorsus U^,{'are presented in Figr:re

6.26. Ge¡^renal tue¡rds a:re djfficult to fi¡d jll Figure 6.26' but a

large neduction jrr area distances is obse¡rved in solne cases. Other-

wise, tlere exists a mixture of snal-l- i¡rc¡reases and snal-1 decreases

i¡r area distances. Si¡rce a large a:¡ea distance generally implies

poor acoustic tube/vocal tract slape l?ecovery' the decrease of the

Ìarge area distances "" UM decreases frrcm tmity is sufficient i¡-

centive to use the Parcor lc'ssy Ternd¡ration anal-ysis i¡r pneference

to a conventional Parcor anal-ysis in the case of neal speech for

the vor¡el l.l .

The area distances vensus UU'* presented in Figtr:re 6.27 fon

a Parcor lossy Terrni¡ration arntysis of real- speech for the vowef

li I . A J_a:rge decrease in area distances is observed i¡ Figure

6.27 for all- the speeeh analysed as the value "f UM'decreases

from urrity. Ther^efone, thore exists a significant advarrtage

in using the Parcor lossy Terrni¡ration analysis i¡r preference
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to a conventional, Pa:¡cor analysis of real speech for the vowel li| '
if vocal- tnact stape t?ecover5i is required.

Figr-re 6.28 pnesents tÌ¡e a¡ea dista¡ces versus u,,i for a

Parcor lossy Ternination arnlysis of real speech fon the vowel

l"l. Ð<cept for a few cases, a::eduction i¡r area distances is

observed as Uilf'decreases frrcm unity; the:refore, in nxrst cases'

a ::eduction i¡ a::ea distarces occuns fon the Pa:rcon lossy

Terrnination ana-lysis in comparison with the area distances

fon a conventional Parcor analysis. Hence, ttrere exists an

advantage in using the Parcor lossy Terrni¡ation analysis fon

neal speech of the vowel lol ' :¡ vocal tnact stnpe necoverS/

is :requi:red.

Ttre nesults of a Pa¡rcon lossy Terrnination a¡alysis of neal-

speech fon the vowel l"l a::e presented j¡r Figr:re 6.29 as a:rea

dista¡rces versus uri. As vas the case for real- speech of the

vowef I i I , " J-a:rge reduction in a¡ea distances is observed i¡

Figr:re 6.29r." uM'decreases from unity. The largen the area

distance when Ur'is equat to unity, the 1a:ngen the decnease i¡r

area distances "" UM'decreases fncrn writy. Hence, a significa¡rt

improvement in anea diSta¡ce arrd, hence, voca'ì ttract Shrapes occurs

when the Parcor lossy Terrni¡ration arnlysis is used in pneference

to a conventiornl Parcor analysis of neal speech for the vowel- l"l.

The val-ue "f uM'thnt should be used i¡r a Parcor lossy

TernLj¡ration anaÌysis of neal speech to produce the snaU-est

area distances is highly dependent on the neal speech beilg

analysed. For the vowels lll a¡d lul, and for nx¡st cases of

the vowel lol, tfre snallest area distances occun when ur'is
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FIGURE 6.292 Area distances for a pareor lossy termination analysis
of real sPeech for the vovel /u/.
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less tln¡r 0.7. Fon the analysis of neal speech of the vowel l.l '
scrne of the snall-est area dista¡rces occur for Ut' less tlnn 0.7 ,

whil-eothensoccur when UU' is apprrcxinately 0.85. Fon the vowel

lal, Urgeu ar€a distances occuu ." UM'decreases, and 
"o UM shoutd

be close to r:rrity, to prevent poorer vocal bract recovery by a

Parcor. lossy Terrni¡ation analysis irr ccrnparison with a eonvention-

al- Parcor arnlysis.

Ihe significant improvønent in acor:stic tube/vocal- tract

shape r€coveny achieved by usilg a Parcor lossy Terrnination ana-

lysis of real speech fon the vor^¡eJs lil ana lul and, to a lessen

degree, the vo^¡el- lol, rnequir,es a comprrcrnise between the val-ue of

UM tlrat pnoduces this large reduction in area distances a¡d the

value "f U''wh-ich causes increased a:rea distances for" othen vowef

sounds. A study of Figr-u'es 6.25 thrrcugh to 6.29 nesults i¡ choos-

,t€ UM equal to 0.8 as a suitabl-e cornpromise' So tlat signi-fica¡t

reductions i¡ a:rea distances occur for some vowel-s at the cost of

only a s.nal_l_ j¡crease i¡l area dista¡rces for othen vowel s.

The eva_l_uations pnesented j¡r th-is section fon the Parcon

lossy Terrni¡ration arnlysis of neal- speech v¡aveforms hn've shou¡n

that there exists a significant advantage il usilg a Parcor lossy

Tenrnination arnlysis in preference to a conventiornl- Parcor arnly-

sis, when voca-l- fuact slnpe recovery is the gæf. Qrrly one nrajor

exception was fot:¡rd, ard thnt occr:rs for neal- speech of the vowel

lal, wher:e a snall j¡cnease in area distances occulrs when the

Pa¡cor lossy T'errni¡ration analysis is used. The value "f UM'which

produces the best overall perfornrance for the Parcor lossy

Terrni¡ration arnlysis, as appl-ied to real speech of the vowels

l"l, l"l, lil, l"l a¡d lul, is o.a.
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6.6 LOSSY TERMINATION ANALYSIS VIA A TRANSFER FUNCTION OF THE

ACOUSTIC TUBE MODEL

Section 6.5 considered an analysis via the autocorrelation

fr¡nction of the oufE:t vaveforn fnon the acoustic tribe rpdel Ì^7ith

a lossy termir¡ation. Although a¡ irllprovernent i¡r acoustic üjbe

shape r€covery occuns i:r ccrnparison with conventional linean pre-

dictive analysis, an accunrate }oowledge of the onigirnl tenni¡ration

refl-ection coefficient, Ugr which was pnesent for genenation of the

acoustic veveforrn is necessar5l for a large improvement i¡ acoustic

tube slape recovef,T¡ to be achieved. Ttris section defj¡es and dis-

cusses an analysis pr.oceduu:e lùrich uses a t¡'ansfer- ft¡nction of the

acoustic tube npdel ard does not require the l<nowledge of U¡,¡ to

penform an arnlysis. Thre anaÌysis procedtre pneserrted in this

section is based on a paper presented by the author, BIELBY [1980].

A tra¡sfer function crQ) is defined as the natio of the fon-

wand to backward tz'aveLlj¡rg volimre velocities at the junction of

the (¿+1)th and ¿th acoustic tubes, i.e.

The tr"ansfen fi:nction C (z) is assumed to consist of a numenator
,L

term N.(z) and a denorniator term Dr(z), i.e.

N.(z)
c.(ù'L ork)

(6.111)

( 6.112 )

and therefone, by eombinilg Equations 6.111 and 6.11'2,,

OrQ)Ur(z) = z-t NIQ)YrQ) ( 6.113 )



Using the junction equations betr¿een the (¿+l)th and ¿th

acoustic tubes (i.e. Equations 2.25 arñ 2.26>, Eqr:ation 6.113

carr be ner,rilten as

o¿*r(z) = oiQ) + z-r ttí+LVr(z) ( 6. 114a)

and

N¡*{ù =v¡¡yD¡(z) + z-'NrQ) ( 6.11|+b)

uirich ane recursive forrnulae fon deterrnini¡E Oí*t(z) and N¿1r(z)

from?r(z), N¿(z) an¿ U¿*t. Using the defjnitions of the z tra¡rs-

forms fo'n Dr(z) ard Nt(z), i.e.
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* ,r*r"j!),

i) * n\i\
J-L

a¡rd

ard

(¿+1)
j =f, Q)

0.k) = .î dG)z-i'L J=o J

N .k) = .7 n(l) r-lL J=oJ

( 6.115a)

( 6.1]sb)

o <j <¿ (6.116)

0 <l <¿ (6.117)

the recursive forrnulae for the coefficients of Drk) and Na(z)

therr become

d j

= v¡*Í!n\í+t¡
J

After excitation has ceased, the acoustic tube ncdel requines

that

Oy(z) = I ( 6.118a)



It has been for.:nd that the n\l) *" nedr:ndarrt, and so the following
J

recr:rsive forrnulae can be defined fo:: the ¿\í+t)
J

d\i+L) : d
J

. ! ,G-t¿),,* 

n!ro¡':O*'v¡-pa1r¡+r 
1< i <¿-1 (6 '11ea)
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and

N1(z) = Ur ( 6.118b)

(í)
J

oY*" : uru¿+1 ( 6.11eb)

a[i+r¡ : d[L) ( 6. 119c)

brith d
(.i) + o for 0<1(i-1 ( 6.119d)

and, initia'1Iy, dÍt) : ,- ( 5.119e)

The Equations 6.119 perrnit d\Ð to be r,,ritten i¡l terns of previous'J
A\í-t) ar,¿ the neflection coefficients U¿r or just jn terms of the

J

reflection coefficients as slpum in Appendjx G. SjrniJ-ar expnes-

sions are der:ived by ABDEL MONEÎ{ ll977l for a set of corrnensu:rate

l-ossfess transn:ission l-i¡res with a general- tennination reflection

coefficient.

At the J-ossy terrai¡ration of thre acoustic tubes

Ork)Ur(z) = 0 (6.120)

which ca¡ be written as

(Á,r)

J

M- I
Ld

!=t
j Urfu-i) = -UMI(ù n = M, M+1, , 2(M-1) (6.121)



jn the tjme donai¡. Equation 6.1,21- is recognised as the difference

eqnation for an all pole fi]ter r¿ith coefficients dt[). EquationJ'
6.121 is a set of (M-1) linea¡ sjmulta¡reous equations i¡ (M-1) un-

knowns, i.". ti,e djM)ä, .nA since Ur(ùis the loown radiated volume

velocity, then the vaf-ues of A\M) a:re deterrnined by solving Equation
J

6.12l- with a conventiornl- li¡ean sin¡:ltaneous equation solving al-
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gor"itlrn.

Once the values of d\M) are l.oor^¡n, the set of non-li¡rear
J

eouations of ¿(M) i¡ terrns of the nefl-ection coefficients between.J
the acoustic tubes (see Appendix G) cal be solved to determ:ine the

va-l-ues of those neflection coefficients. Solving the non-lj¡rear

equations produces an infinity of sol-utions in the pr-esent forrn,

sj¡ce there are M t¡rùsrov¡n nefl-ection coefficients and only /t'l-1

equations (the extra unlspwn is UM, wh-ich is assumed as r:nity

j¡ a conventional l-inear pnedictive analysis). If the nwnber

of urùsrov¡ns is to be made eqr:a] to the nu¡bep of equations,

either the vafue of any one refl-ection coefficient must be

chosen to produce Ä'{-1 unl.oovJns i1-i I\'{-1 equations' or an exfra

equation nmst be indueed to prrcduce M u¡rlqlou¡ns in lr,l equations.

Observations of the hunn¡r vocal- tract show that, il regions

near the glottis, large clnlges j¡r cross-sectional- an'ea do not

occur over short distances. Hence, ìrt cases where the samplÌng

frequency is rel_atively large, i.e. at l-east 10 kilohertz, then

the neflection coefficients for an acoustic tube nrodel of the

vocal- tract nea:r the glottis are snaLl. Therefore, the nu'nber

of unlspr^¡ns can be ne.de equal to the nurnber of equations by con-

stnaining the recovered acoustic tube shnPe nea¡ the glo1tis. In

effect, the constrai¡rt ensures the recovered acoustic tube shape
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is cl-ose to the physical construction of the vocal tract nea¡ the

glottis. Conventional 1i¡ear pnedictive arnlyses do not take i¡to

accou¡rt the physical- r"eal-izabiJ-ity of the recovered acoustic tube

slnpe and, hence, h IIEIny cases, no reseniblance occuns between a

physical- vocal tr.act and the recovened acoustic tube slape.

Ttre consþaint applied to the recovered acoustic tube shnpe

is referred to as the physical constnai¡t' arrd the negion of the

vocal tract (and necovered acoustic tube shnpe) to which the physi-

cal constnai¡rt is applied is cal'led the constrraint negion. To ne-

duce the nuurber of ur¡lsrowns so tlnt thene ane M-1 u¡ù<nowns i¡ 
^'l-1

equations, the physicial- constrai¡t is implemented by choosìng the

vafue of one neflection coefficient i¡r the constraint negion. A1-

ternatively, the number of equations can be increased so that thene

are M r.:nlcrrou¡ns in M eqr:ations by implonenting the physical con-

strai¡t as a CONSTRAINT EQUATION.

Once the mlnben of urùsrov¡-rs is equal to the nuntber of equa-

tions, a solution procedr:re is performed to deterrnine the r.rnlsror^¡n

refl-ection coefficients ard, hence, define a recover€d acoustic

tube shepe. The equations are non-li¡lear i¡r the un]cro$m reflection

coefficients, ald so a non-l-ine¿r sol-ution algorithn must be used.

A nnjon problem with sol-ving non-Ii¡rear equations is the u¡rcertain-

ty of the nate of convergence to a solution. The rate of conver-

gence is dependent on the startìry point or i¡ritial guess of the

sol-ution and the flatness of the M-djmensional sr:rface defined by

the non-l-inear equations. A sl-ow convengence to a sol-ution is a

distjrrct disadvantage for real- ti¡re voca-l tract shape recover:y from

speech r,'nveforms.
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Fon each different speech rc.veforrn, a different set of non-

l-i¡ear equations needs to be solved; the¡:efone, the rate of con-

vergence clnnges for arnlysis of djfferent speech vaveforrns. There

also exists the possi-bility tlet the non-Iinea:r solution algonithm

ray diverge and, hence, not lîecoven an acoustic tube shaPe. Con-

vergence to Local solutions i¡rstead of a gJ-obal solution is al-so

possible, depending on the t5pe of non-linean solution algorithm

used and the starting point or initial guess of the solution.

One pnccedr¡:e fo:r implementiag the physicaÌ constnai¡rt is to

choose the value of a reftection coefficient i¡r the constr-airrt

region. Ttre constrraint region of the voca-l- tlract r^as defi¡led as

that rregion near the glottis where on-ly snall clnnges i¡t cross-

sectionaf- at-ea occur; tlrenefone, the nefl-ection coefficients in

the c.onstraint negion should be sneJ-l. In practice, the:refore,

it is convenient to clpose the val-ue of a nefl-ection coefficient

i¡ the constr:airrt region to be zeTo. Using s¡rnthetic speech for

thevowefs lel and lil, an improvement j¡ original acoustic tube

shape recovery is shpr,¡n ìn Figr:re 6.30 when using the above analy-

sis procedr¡:e with the refl-ectj-on coefficient Ìr4 set to zero. The

generation of the sSrnthetic speech assumed a lossy terrni¡ation, and

the terrnination reflection coefficient, U¡, is recovered accurately

The acc¡racy of the recovened acoustic tube shape when assum-

ing a nefl-ection coefficient i¡r the constraint region is ze¡o is

highly dependent on the choice of the constraint region a¡rd size

of the cross-sectional- area changes i.n the constraìnt negion. A

rncne general- and neal-istic constraj¡tt toapply in the constnairrt
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region is to ensune the negnitudes of the rreflection coefficie¡rts

are less tten a certain va1ue. Therefore, a consFraint equation

is defined as

llu¿l < c (6.r22)
L

where C is a consLa¡t and ¿ is restricted to the constraint negion.

Many othen consbnai¡t eqtntions IIEy be fornn:lated, but only the one

defi¡ed above tras beerr used to evaluate ttre accu:racy of necovering

acoustic tube shapes when a constr¡airrt equation is used.

Using s5rnthetic speech for the vowels l.l and lil, Figure 6.31

shows that, by using a constraint equation

lusl +lu,*l <'õoT (6.123)

imprrrved acoustic tube slrape r€coveny occuns in comparison with a

conventional Pancon analysis. Fon each vowel-, the terrnination re-

flection coefficientr I¡,1r is :recovered accurately. A com¡xrison

of the acoustic tube shapes l?ecovel?ed by clroosing a refl-ection co-

efficient i¡r the constnaj¡rt negion and using a constnaint equation

i¡r the const¡.ai¡t negion, i.e. ccxnpa:ring Figunes 6.30 a¡d 6.31'

shows tlnt the latter provides the best acoustic tube shape re-

covery. Investigations have shov'¡rr thnt, in genenal, flþtfe accurate

acoustic tube shape r€covery is achieved by using a constrai¡t

eqr:ation.

A najor advarrtage of a constrai¡t equation is tlat it nny be

applied to any negion, and not necessaril-y to a constr:aint region.

ft is possible to formu.fate and use a constraj¡rt equation to ::e-

strict the size of any recovened r"eflection coefficient. An example
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of using a constnaint equation to restrict the size of a reflection

coefficient is presented in Figr::re 6.32. The acoustic r¿aveform

used to genenate Figw€ 6.32 was tlre measr:red output radiated

vaveforrn frcm three rea'l acoustic tubes (see BIELBY [1980]).

lhe constraiat equation, in th-is case, has the form

lut I < ,tr2 ( 6.124 )

an imprrcved acoustic tube shrape l?ecovery is observed i¡r Figune

6.32 when th-is conshraint equation is used.

Itrer"efone, it has been sTrorn¡n tlnt a tnansfer fr¡nction approach

to analysis, where there is a lossy terrnìnation of acoustic tubeg,

can provide improved acoustic tube shape recovery. To bal-ance the

generalization of a Ìossy terrni¡ration, a physical- consh:ai¡rt is im-

posed on the recove::ed acoustic tube slnpe. Thre best imprrcve¡nents

in acoustic tube shepe recovery were obtai¡ed when the physical

constrai¡t r,as implemented by a constraint equation. The nnjon

advantage of the al,alysis pnrcess considerd in thl-is section jn

conpa.rison with the autocorrel-ation method presented in Section

6.5 is that the terrnination reflection coefficient does not need

to be specified or, in real- situations, guessed, before al anaJ-ysis

takes place. Using a const¡.aint equation based on physical- vocal-

tract requirements also ensures realistic::ecovered vocal- tract

shnpes, wh-ich is not necessarily the case for the autocorrel'ation

analyses presented j¡ Section 6.5.

Before the method described in th-is section ca¡r be used for

general speech analysis, a ntunbe:r of its disadvarrtages must be

ovencome. A set of simul-taneous non-l-inear equations must be

solved, which requires ccrnplex solution algorithms and, hence,
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large nr¡nbers of a:rithmetic computations. The solution algonitlrns

are generally itenative, and the nwnber" of iteretions necessary to

obtai¡r a solution va:ries fon each speech v¡aveforrn arnlysed. Hence,

tlre sol-ution or r"ecovered acoustic tube shape may nequire a la:rge

anpunt of cornputer: time, so tlat neal time applications lrray not be

possible. To overccrne th-is difficulty, specialized solution al--

gonittrns need to be devel-oped for the pa:rticular forrn of the non-

linea¡ equations.

Anothen pncblem wh-ich nelates to tlre sol-ution of the non-

l-i¡rea:: equations is the possibiJ-ity of convergence to a local-

solution rathen thra¡r a global sol-ution. To a certain degr"ee,

this probleln can be overcome by tightenilg up the constrai¡rt

equation, but this confl-icts with the nequì:rement tlnt the con-

strai¡rt equation shoul-d all-ow fon the wide range of physical

shapes of the real vocal- tnact. TÏrenefore, ne\^i constrai¡t equa-

tion forrns which considen a restniction of the recovened acoustic

tube slnpe to physically reatizable slnpes and aLso erùrance con-

velrgence of the non-l-j¡rean equation sol-ution algorithms to global-

sol-utions ane required.

In concl-usion, the arelysis ppocess discussed in this section

has been slpv¡rr to provide improved acoustic tube/vocaf tract re-

covery from reaf speech waveforms, but refj¡ements are necessary

fon it to be an analysis procedr:re wh-ich ca¡ be used in place of

existìng anal-ysis procedures.
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6.7 SUMMARY

Ttris clnpten has considered the effects of a lossy ternination

of acoustic tr¡bes on acoustic tube slnpe necoverS/ by conventiona-l

li¡ear predictive analysis prrrcedr.res. Conventional pr"ocedures,

and a nwnber of new arnlysis tectrrriques, presented i¡r the latter

Ìn-lf of this claptelî, r^rel?e eval-uated to deterrnine thejr effective-

ness at necoverilg the oniginal acoustic tube slnpe when a lossy

tenni¡ation is present.

The conventiornl- radiation impedance for radiation of acoustic

r^aveforms from the open end of a lossless acoustic tube b¡as pre-

sented i¡r detail-, a:.d then simplified by using tlre physicaJ- geometry

of the vocal tract a¡rd the l-i¡nitations of lip opening, Tl¡-is result-

ed in the nadiation impedance at the open end ofanacoustic tube be-

irrg nodelled by a sjngÌe zero at z = I¡ and a magnitude term. A com-

parison of the sinplifie<l r"adiation impedance with the rpre exact

conventional- radiation impedance shor¡ed that significant departures

between the tr¡o on-ly occr.-rrred at high frequencies ' when the plane

vEVe propagation assumption breaks dovn in the vocal- tract.

The conventionaf appr"oach to re¡rpvi¡rg the radiation effects

fnom the r:ecovered acoustic tube shape is to appfy a -6 dB per oc-

tave pne-emphasis befone a lj¡lea¡ predictive anal-ysis is performed.

FY'om the model- of the radiation impedance presented i¡r this cllapten,

the -6 dB per octave pre-emplnsis accor.rnts for the zero at z = 1' but

not the nngnitude term. Eval-uations of the effectiveness of a -6 dB

per octave pre-emplasis to reJnove radiation effects from the recover-

ed acoustic tube sLape shpwed tlnt, in some cases, gæd acoustic tube

shape lîecovery occuns, especially when the magnitude terrn of the sim-

plified radiation impedance is snall-. l,lhen the rnaggritude term is
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la::ge, poon acoustic tube shape recoveny occuns; thereforer the

nragnitude term must be considered irr an arnlysis prrrcess if ac-

ct¡rate acoustic tube shape recovery is to be achieved.

F\¡rther iavestigations permitted the nngnitude term of the

simpJ-ified nadiation impedance to be defi¡ed in terms of the ten-

nú¡ation refl,ection coefficientr il¡, of the acoustic tube model-.

A non-zero nagnitude term, i.e. a fj¡.ite radiation impedance, im-

plies a non-unity terrnination reflection coefficient, 1rM, (li¡ear

predictive arnlyses assume U¡¡ is unity); tlrerefone, improved acous-

tic tube shepe necovery nequi-nes an analysis procedune which per-

rnits a non-unity val-ue for Ut.

A new autocorrel-ation analysis procedr::re r,,as pnesented which

perrnits a non-mity terrnilation refl-ection coefficient, Þy, i.e.

a l-oss can occur at the termination of the origÍnal acoustic tubes.

Ttris new analysis procedure does not specify the nra¡ner j¡ which a

neflection coefficient between adjacent acoustic t'ubes is identi-

fied, but permits autocorrel-ation and crÐsscorrel-aticn fr.:rrctions

to be deternri¡red i¡r an acoustic tube from autocorrel-ations a¡d

crosscorrelation fr¡rctions j¡r other acoustic tubes. Therefore,

not orrly ca¡ th-is arnJ-ysis prÐcess be used with the methods of

deten¡ini¡g reflection coefficients: Ugr presented j¡r this chrapter,

but it can al-so be used with any new methods of deterrnining UM that

nny be developed i:l the future. Thre autocorrel-ation alalysis pro-

cedr:¡e is pnesented j¡ a computational-J-y efficient forrn, which re-

quires a si¡nitar numþ of computations to tlrose requjred by the

lattice forrnulation of l-inear prediction.
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A study of the junction equations of the acoustic tube nodel

shø,¡ed tlat the determination of the refLection coefficient between

tt'n adjacent acoustic tubes nequires the ],rrowl-edge of the cross

junction correlations betwee¡l acoustic waveforms j¡ each of the

acoustic tubes. D::riag an analysis prrrcess, only the acoustic

vaveforms i¡r one of the acoustic tubes a:re }rpwn and, hence, the

cnoss jr:nction correlations ane r:rùoown; therefone, the jr.:nction

between twc acoustic tubes ca¡not be identified. If the terrnina-

tion of the acoustic tubes is lossless, then Þg is r:nity and the

cross jr:nction correlations are always zero) i.e. the CÏ'oss Jr:nction

Correlation Ttreonem. He¡lce, for a fossless terrnination of aeoustic

tubes, as assurned by all conventiorn]- l-j¡ear pnedictive procedures,

the refl-ection coefficient between adjacent acoustic tubes ca¡ be

deterrni¡red from the acoustic waveforms i¡r onJ-y one of the acoustic

tubes; thmefone, an arnlysis can taJce pJ-ace.

Vlhen a non-i:nity ter.mi¡iation reflection coefficient is as-

srrned, then the vafue of the cr"oss jurrction correl-ations must be

estinated in order that a¡ acoustic tube nodel rnay be identified.

Bnpirical lrrvestigations have shown that a neasonable estjmate of

the cncss jr-rrction correl-ations is thnt they are snaller tlnn cer-

tain autocornelations and crÐss tube correlations of the acoustic

waveforms i¡ the acoustic tube which hns been identified. This

estinntion permits the definition of nnny meth¡ods to determj¡re a

va-lue for u' lut orr-1y four were considered her:e whr-ich, when coupled

with the new autocomel-ation arralysis procedure, resulted j¡ the

defi¡rition of for::r Lossy Terrnination autocoruelation analysis pro-

cedr:¡es.
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Itre for:r lossy Terrni¡ation analyses I^¡ere compared with a con-

ventional Parcon l-inea¡ pnedictive arnJ-ysis by ana-lysing synthetic

speech for the five vowels l.l, l"l, lil' lol and l"l. InitiaJ-Iy,

each of the lossy Tæmi¡ration analyses used the same val-ue of UM

as tlnt used to generate the synthetic speech ¡^¡aveforms, and onÌy

one, n¿rmely the Pa¡cor lossy Terrni¡ation arnlysis' !€IS fou¡rd to

provide a consistent neduction j¡ area distances, as companed trith

a conventíor¡al Parcor analysis, fon a wide l?ange of UM

In general, tlÊ vaJ-ue of the terrnination neflection co-

efficient: Igr is not }ctor,rt, and so an estjrnate must be used

vùren perforrnìng a Parcor lossy Termi¡lation arnÌysis. Eval-uations

were penformed to deterrni¡re the effect of usilg a djfferent UM h

the Parcor lossy Ternr-i¡ation analysis from tlet used to gene:rate

the synthetic speech. These eva-l-uations showed that a reduction

j¡ a¡ea distances occuns for a Parcor lossy Terrnirration analysis

in compa.nison with a conventional- Pa¡cor analysis, fon the Ut used

i¡ the Parcor Lossy Termjnation analysis differing widely from that

used to generate the syrrthetic speech.

Eval-uations of the Parcon Lossy Terndrntion arnlysis were

per"formed with real- speech of the five vowefs l" I' l. l, I i I' l" I

and l"l. Reductions in anea distances wene found to be both snnll

and large, with the exception of the vowel la | , where a snal-l i¡r-

cnease j¡ a¡ea distances occurs, when the Parcor l-ossy Terrni¡ration

anaJ-ysis is comlxred with a conventional Parcon analysis of the

r^eal speech waveforms. Therefore, il genenal , there exists an

advantage in usìrrg a Pa¡cor lossy Ternrination analysis in prefer-

ence to a conventional- Parcor analysis if vocal tract sLrape re-

covery is desired. The value of uM which produces the sml-l-est



525

anea dist¡nces fon a Pareo:: Iossy Tenni¡ration arnlysis of all the

nea-1 speech fon the five vovels les deterrni¡ed to be 0.8.

An arnÌysis prrrcedr:re pennittjtrg a non-unity vaLue fon ¡t*
i.e. a loss at the termilation of the acoustic tube model, and

based on a tr^ansfer fi.u-¡ction of the acoustic tube npdel' I¡¡as Pre-

sented. This analysis pnocedure, ilstead of usinganestj¡nate of

lgr places consb:airrts, de¡rived from physical nestnictions of the

vocal tract, on the necovered acoustic tube strape. The potential

of the aralysis procedure I^EIS plesented, a¡rd accurate acoustic

tube shape r\ecovery r¡as shourn to occur. Howeven, problerns with

convergence and large nwtbens of complex ccrnputations pnevent the

analysis p:rccedr:re from being used to arnlyse speech waveforms i¡r

nea] tjme applications.
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CHAPTER 7

AN ANALYSIS PROCESS FOR SPEECH

7.T INTRODUCTION

@nventicnal speech analysis procedi:res' such as linea:r pre-

diction, nnJce assunptions about the properties of the vocal- tract

and speech pnoduction mechanisn which cause Poor vocal- tract shape

recovery. Thris thesis has defi¡red and evaluated new analysis pro-

cedrres wÌ¡-ich Ïeve been shovm to pr"ovide imprrcved acoustic tube/

vocal tract shape recovery i¡ conparison with existing analysis

procedures. This chnpten ccrnbi¡es two of these new arnlysis pro-

cedures j¡rto a sirgle speech analysis procedl:re'

chapten 4 considered the non-ideal- gloltal pu.fse excitation

of the voca-l- tnact and defined a new pne-emptrasis filter, called

the two/tlrnee adaptíve pre-emplnsis fil-ter, which uras shovm, in

chapter 5, to produce ìmprrcved acoustic tube strape necovery il]

ccrnparison with existi¡g pr.e-emphasis techniques. A new auto-

cornel-ation arnlysis procedr.re, called the Parcor lossy Terrnilation

anaÌysis, t^Jas defi¡red and evaluated il] Chnpter 6 and shov¡n to pnc-

duce improved acoustic tube shÊPe recovery comparison with a

conventiors.l- Parcor analysis when the acoustic tubes have a lossy

terrni¡ation. The t$roltlrree adaptive pre-emphasis fj-l-ter and the

Parcon lossy Termination analysis procedu::e are combi¡ed i¡rto a

sirgl-e ne\^/ speech analysis procedr::re in Section 7 ' 2 '
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The new speech analysis pnocedr-me is evaluated hlith synthetic

speech data i¡r Section 7.3, ard with neal speech data in Section

7.+. Ihe evaluation of the new Speech ana-1ysis procedr:re is pen-

fonned by a corparison of area distances between origina-l acoustic

tube shapes and those recovened by the nehl Speech arnlysis pno-

cedure ard conventiornl- 1í¡ear predictive arìal-yses.

7.2 COMBINATION OF PROCEDURES FOR GLOTTAL PULSE EXCITATION AND A

LOSSY TERMINATION

This section combi¡es the tr,uo/three adaptive pre-emplnsis

fil-ter with the Parcor lossy Terrnination analysis procedure to

form a new speech analysis prrrcedure. Althþugh the tvrc/thnee

adaptive pr.e-emphasis fjJ-ten has beer¡ defi¡ed in detai-L in Ctnpten

4, and the Parcor Iossy Terrni¡ation aralysis in Chapter 6, a bnief

neview of each is pnesented hene So tÌìat this clepter is self-

contai¡ed.

The two/thr:ree adaptive pne-emphasis fil-ter consists of two

sepa.rate parts, one defined by the pa::ameter o, which corrects fon

glotta] pulse spectnal sJ-opes between 0 dB arrd -12 dB per octave,

and a¡other defined by the parameter ß which corrects for glottal

pulse spectr:al slopes between -12 dB and -18 dB per octave. In

the z donain, the tr¡c/three adaptive pre-emphasis fiÌter has the

form

(1 - clz*r)2

when defi¡ed by tlre panameter c, ard

(7.1)
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(t-z-r)'(r-ßz-r) (7 .2)

when defj¡red by the parameten ß.

The values of o a¡rd ß used i¡r a particular analysis situation

are obtained frorn enpirical expressions between cr a¡rd R(1)/R(0)

a¡d ß and R(1)/R(0), where R(1)/R(0) is evaluated from the auto-

correlation function of the waveform being analysed. T?tese em-

pirical expressions were deterrnined using a criterion tllat the

snafl-est area dista¡rce (and, hence, the npst accr:rate acoustic

tube shape necovery) occr:rs after a two/three adaptive pre-emphasis

is fol-l-owed by a conventiornl linear predictive -arnlysis. Fon a

rrnveform samplìng frequency between 10 and B kilohertz, irclusive,

the va-l-ue of o is deterrn-ined from the empi-nical- expnession

R(1)
= 3.2I7a - 3.552a2 + 1.339a3

R(0)
(7.3)

which is implernented as a lookup table i:r Appendix D. Fon a v¡aveforrn

sanpling fnequency of 7 kilohertz, the value of o is determined

frr¡m the empirical expnession

R(1)
= 3.025q, - 3.148a2 + I.I27a3

R(0)
(7.4)

which is implonented as a lool:up table in Appendix D.

Ttre empinical expressions between ß ard R(1)/R(0) clnnge sig-

nificantly as the waveforrn sarnpling fnequerrcy changes bett¡¡een 10

ard 7 kilohertz. Fon a waveform sampling frequency of 10 kilohertz,

ttre empi:rical expnession is
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R(1)
ß=-246.791+247.416

R(0)
(7. s)

and for a waveform sampling frequency of 9 kil-ohertz

R(1)
ß = -29+.826 + 295.625 

-
R( 0)

(7.6)

and for a v,raveforrn sampling fi:equency of B kil-ohertz

R(1)
ß = -341.561 + 342.549 

-
R( 0)

(7.7)

a¡rd for a waveform sarnpling frequency of 7 kilohentz

R(1)
ß = -369.261 + 370.372 

-
R(0)

(7.8)

The vafue of R(1)/R(0) for which the two/tlLree adaptive pre-

emphasis fil,ter changes from being defined by either o or ß is

call-ed the transition value or point, ar-td for waveform samplilg

frequencies 10, 9, B and 7 kil-ohertz the tra¡sition values are

0. 99747 , 0. 99730, 0. 99712 and 0. 99700, respectively.

The Parcor lossy Termination analysi-s procedwe is sfuril-ar to

a conventional fattice formulation of linear prediction. A -6 dB

per octave pre-emphasis is first applied to the speech waveform to

account for the zero of the lip nadj-ation i;npedance. The auto-

correlatj-on fi¡rction of the pre-empì-rasized speech waveform is then

cal-culated and equated to Ar(¿) for 0<4<l\''f. A value for the ter-

nrination reflection coefficient, U^,{, i" chosen and used to evaluate

8r(.t) = u^1Ai\{(¿) (7.e)
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SM(¿) = -UMAM(¿)

for 0 (¿( M.

Ttre Parcor lossy Terrnination analysis then continues in a¡

iterative manner by evaluating

s¿."1(1)

ard

A.(¿) =,L

(7.10)

(7.11)

(7 .r2)

(7.13)

(7.14)

uL çro>1TI
A¡*rØ) + v2¡ß¡+t - u¿ (s¿+r (¿+1) + s¿+r {-z+rl)

(1+ u 2
)

.L

B¡*r(tù * v'¡A¡*t - u¿ (s¿*, (¿+1) * S¿*r {-t+rl)
ß '(tt) =,L

s (!n) =L

(1+ u 2

.L

S¿*1(tr+1) + vls¡*t(+¿+1) - vi(A;*r{t) +Br*r(t))

(1+u )2
,L

for í from M-l to one. A computationally efficient vension of

Equations 7.12 through to 7.14 is found j¡r Section 6.5.1.

The Parcor lossy Terrnination arnlysis identifies a set of

reflection coefficients u,, for 1<¿<M-1 which identifies a set

of acoustic tube cross-sectional areas A. via the rel-ationship

A¡+L--^rl+] (7.1s)
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r^rith A0 arbitnarjl,y chosen as unity. The set of A, for" 0<¿<M-1

defi¡es the acoustic tube srjape recovered by a Parcor lossy

Terminatj-on analysis .

Ttre new speech analysis proeedure applies the two/tþree adap-

tive pre-emphrasis filter to the speech unveforrn, alrd then a Parcor

iossy Terrni¡ration arnlysis is penformed on the pre-emplpsized

speech vaveform. A complete description of the new speech analy-

sis procedure is presented in the fl-ow chnrt of Figure 7.1.

7.3 EVALUATION I,JITH SYNTHETIC SPEECH

Ttris section eval-uates the new speech analysis procedure,

which is defi¡ed j¡r the previous section, with syrthetic speech

waveforms gener^ated for a sampl-ing fnequency of 10 kil-ohertz.

The synthetic speech waveforrns are generated with gtottal pulse

r^aveform excitations arrd a lossy ternr-irration of the acoustic tube

npdeÌ, as detail-ed j¡ APPendix I.

The glottal pulse excitation waveforms a-re derived from the

gÌottat pulse rnodels B, C arxl E of ROSHTIBERG [1971], the gl-ottal

pulse modef of FAl.,lT [1979], or digitized glottal pulse waveforms

measured by ROTIINBERG [1971], mlllfR [1959], MONSEN and H{GEBRETSON

[rgzz], SONDHT [197s], SINDBERG a¡d GALIFFIN [1978], and FI"ANAGA]J and

TANDGRAF [1968]. The acoustic tube stepe used to generate the s¡rn-

thetic speech approxinates the real vocal- tract shapes measured by

¡4¡¡¡¡ [1960] for the five vowel-s l-1, l.l, lil, l"l and l"l (see

Appendix C). All- the assurrrptions of the lj¡rear prediction/acoustic

tube model, with the exception of a non-white excitation and a

lossy terrni¡ation, ar-e saL-isfj,ed.
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YIS

T.IAVEFORT{ TO BE ANAIYSED

APPLY THE TIJOITHREE ADAPTIVE PRE-N4PHASIS FILTER

US]NG EQUATIONS 7.1 AND 7.2 WHME O DEFINED BY

EQUATION 7.3 OR 7.I+ AND ß IMTU¡D BY EQUATION

7.5, '1 .6, 7.7 OR 7.8 ¡npnr¡rNc oN THE SAMPLTNG

FREQUENCY.

Appl,y -6¿n pm ocrAVE PRE-EI\4PHASIs

TO ACCOUNT FOR ZMO OF RADIATION
I}ÍPIDANCE.

CALCULATE AUTOCORRELATTON FUNCTTON

an,,(r) r=0,...,M.

DETERMINE
r=0r. .. rM
7 .10.

Bm(r), su(tr) FoR
VIA EQITATIONS 7.9 AND

SET i=M-l

DETERMTNE t-\,4 (r),4 (r), + (t) FROM

EQUATIONS 7.II, 7.I2' ?.13 AND 7.1I+ RESPECTTVELY,

FOR r=0,... ri.

DECREMEI\T i

IS
J 

-^-r-\l,
?

FOR i=2, .. . ,N1-1
FROM EQUATTON 7.I'
Al--L.

DETMMINE At

ASSUMING

RECOVERED ACOUSTIC TUBI, S}IAPE
DEFINED BY A, , i=1, . . . 

'I1-1 
.

FIGURE ?.1: Procedure for new speech analysis process
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The new speech anal-ysis prrccedure is eval-uated by comparing

the area distances for the new SPeech arnJ-ysis procedure with the

area distances fon a conventional- Parcor analysis, and two conven-

tiornl- pre-erptnsis techniques fol-l-owed by a conventional- Parcor

analysis. One of the conventional- pr"e-emplnsis tecÏ¡niques is a

+6 dB per octave pr€-emphasis, which nesul-ts frr:m the Simul-taneous

application of a +12 dB per octave pr€-emPhrasis for gÌottal- pulse

excitation a¡d a -6 dB per octave pre-emplrasis for nadiation of

speech at the lips. Ttre other conventional- pre-emphnsis technique

considered is the adaptive pre-enphasis fj-l-ter of GRAY and ì{ARKEL

[fSZ+] a¡d I"IAKIOUL and VIS[/üANÆH/AN [1974], r'eferred to as the con-

ventional- adaptive pre-emphasis fil-ter, which has the form

(t - yz-r) (7.16)

where

y = R(1)/R(0) (1 .77)

and R(1)/R(0) is evafuated from the autocorcelation fr.nction of

the speech v¡aveforrn.

A value for the terrnination refl-ection coefficient: U¡,: must

be chosen when s5fnthetic speech is genelated by the procedure de-

tailed in Appendix I. fn general, the val-ue of UM used to generate

speech waveforms is unlsror,¡n; therefore, a val-ue of U[, must be es-

tj¡r-rated or chosen for the Parcor lossy Ternúnation analysis. Since

the largest improvement i¡r acoustic tube slnpe recovery for the new

speech analysis procedure is expected when the val-ue of Ui\4 used to

generate the sSrnthetic speech is the same as that used in the new

speech analysis, Section 7.3.1 presents eval-uation results for this

idealized situation. Section 7.3.2 pz'esents evaluations of the new
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Speech ana-lysis when the val-ue of UM used i¡ the new speech anafy-

sis procedr-r'e differs from thrat used to generate the s¡rnthetic

speeeh.

7.3.1 EVAruA'üONS I/'iITlI CORRECT I-,OSSY TERItrIIA|ION

The evafuation resul-ts presented i¡r this section use the same

terni¡ration neflection coefficient: Ugr i-n the Parcor lossy

Terrni-nation analysis part of the ne\^i Speech arnlysis procedure

as used to defi¡re the lossy terrni¡ation for the generation of

s¡rnthetic speech l^Taveforrns. Under this condition, the best acous-

tic tube slepe recovery is nrost likeJ-y to occr:r fon the new speech

analysis pnocedr.:ne.

The sSrnthetic speech vnveforms used to perforrn the evafuatÍons

preserted i¡ this section are generated by the pnocedr:¡e detail-ed

in Appendjx I. Al-f the glottal- pulse waveforms used as excita-

tions for the gener-ation of s5rnthetic speech are derived fuom

glottal pulse model-s or measured glottaÌ pulse wavefornis dtring

phonation (see Section 7.3). Evaluations for the Parcon lossy

Terni¡ration arralysis presented in Chapter 6 showed that the val-ue

of UM whl-ich produces the best acoustic tube shrape recovery depends

on the synthetic speech waveform bei¡tg analysed. However, it was

concfuded tlnt a suitabl-e value of UM u'hich pnovides the best

acoustic tube slape recovery for the five vowef sourrds consider-

ed is O.B. Therefore, the lossy ternúnation used to generate the

s¡rnthetie speech for the eval-uation of the nel^/ speech arral-ysis

procedr.rre is defj¡red with U¡r eQual to 0. B .
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Evaluation of the ne1^7 sPeech analysis procedure is performed

by conparìng a:rea dista¡rces between oniginal acoustic tube shapes

a¡rd those ::ecovered by no pre-emplrasis, a conventiorel- +6 dB per

octave pre-emphasis, a conventional adaptive pre-emphasis (see

GRAY and MARKEL [1974], MAKHOUL and Vrsl^/ArllttlIAN [rsz+]¡, df

followed by a conventional- Parcor analysis, antd the new speech

analysis of s¡rnthetic speech vnveforms for the vowefs l-1, l.l,

lil, l"l and l"l. A1l_ the eval_uation results are pr€sented as

pJ-ots of area dista¡rces versus R(1)/R(0), which is eval-uated from

the autocoruel-ation function of the s5nrthetic speech waveform.

Figure 7.2 presents the area distances versus R(1)/R(0) fon

no pre-emphasis, a +6 dB per octave pre-emphrasis, an adaptive p:re-

emphasis a¡rd the new speech analysis of s¡rnthetic speech for the

vowel l"l. Ttte area distances for no pre-emphasis a:re shov¡-r i¡r

Figure 7.2 to ncnotonically decrease as R(1)/R(0) decreases from

unity, which is the general trend observed for the eval-uations

presented in Chapter 5. No pre-emphasis of the synthetic speech

for the vowel- l"l produces much larger a-rea distances thnn the two

conventional pne-emphasis techniques and the new speech anaÌysis

r^'hen R(1)/R(0) is between 0.9 a¡d unity. I^Ihen R(1)/R(0) is less

than 0.9, the area distances for no pre-emplasis are similar to

those for an adaptive pr^e-emphtrsis and the new speech anal¡zsis

procedure.

Figr.n e 7.2 shows that the +6 dB per octave and adaptive pre-

emphnses produce sjmifar area distances, which are snal-ler thnrt

thoseforno pre-emphasis when R(l)/R(O) is between 0.95 and unity.

l{heri R(1)/R(0) is l-ess t}ran 0.95, the +6 dB per octave pre-emphasis

pr.oduces very large area dista¡rces, which nonotonically increase as
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R(1)/R(0) decneases. Si ilar area distances are produced by the

conventional adaptive pre-emphasis to tlpse of no pre-emPhasis and

the new speech analysis procedure when R(1)/R(0) is l-ess thn:r 0'95'

For synthetic speech of the vowel- lal, tne ne\^l SPeech ana]-ysis

procedu:re is slpv¡rr in I'igr:ne 7 .2 to produce a l-arge reductiolr j¡-r

area distances in conrpa.rison with no pre-emphasis, and a s.na-l-ler

reduction i¡ a:rea distances il comlnrison with a +6 dB per octave

pne-emphasis and an adaptive pre-emplrasis, whenever R(l)/R(0) is

between 0.9 a¡d unity. Inlhen R(1)/R(0) is l-ess tlnn 0.9, the new

speech arralysis procedure produces area distarces which a¡e sirn-il-ar

to those for no pre-emphasis and an adaptive pre-emphasis, but much

ilÊl-ler than tlrose for a +6 dB per octave pr-e-emphasis'

The va¡iation i¡r area distances produced by the new speech

arnlysis procedure is sn'nl-l-en tlen for an adaptive pre-enphasis,

and much snal-l-er tlnn for no pre-emphasi-s and a +6 dB per octave

pre-emphasis. Therefore, the acoustic tube shape recovered by the

new speech analysis procedure is less sensitive to clnnges irr glot-

ta1 pulse excitation waveforrns (the onl-y quantity thnt changes from

one syrthetic speech waveform to the next) tlnn are conventional

pre-emphases. In general, Figure 7.2 shows that the new speech

ana]ysis procedr:re produces a reduction in area distances artd,

hence, improved acoustic tr,rbe shape recovelly, when compared witi-r

conventional pre-emphasis methods for arnlysis of synthetic speech

for the vowel l"l.

Figr:re 7.3 presents a piot of area distances versus R(1)/R(0)

for no pne-ernphasis, a +6 dB per octave Pre-enphnsis, an adaptive

pre-emphasis and the new speech analysis of syrthetic speech for
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the vowel l"I. No pre-emphasis is shov¡rr in Figp:re 7.3 to p¡oduce

area distances wh-ich are much lar^ger tlnn tlpse for the convention-

al pr.e-emphasis techrniques and the new speech analysis procedure

when R(1)/R(0) is cl-ose to r:nity, snal-ler tlnn tlrose for the con-

ventiorral- pre-emphasis tech¡riques when R(1)/R(0) is between 0.95

and 0.99, and sjrn-ilar to tlpse fon an adaptive pre-empÌ-rasis and

the new speech arnlysis when R(1)/R(0) is l-ess thal 0.95.

The a¡ea distances for a +6 dB per octave pr€-emphasis and an

adaptive pne-emphnsis are sirnil-ar wherr R(1)/R(0) is greater tlran

0. 9, and much larger tln¡r the area distarrces for no pre-emphrasis

and the new speech arnlysis when R(1)/R(0) is between 0.9 and 0.99.

l,rlhen R(1)/R(0) is l-ess tlnn 0.6, the area distalces for a +6 dB per

octavearevery Ìarge, and an adaptive pre-emphnsis produces the

snnl-l-est area distances when R(1)/R(0) is l-ess than 0.9.

Fon sSrnthetic speech of the vowel le | , tfre new speech anal-ysis

procedure is sh1gr^n in Figr.u:e 7.3 to prcduce a reduction j¡ area

distarces irr comparison with no pre-emphasis, a +6 dB per octave

pre-emphasis and a]l adaptive pre-emplrasis, when R(1)/R(0) is

greater tlEn 0.9. !{hen R(1)/R(0) is less thEn 0.9, the area

distances for the new speech analysis procedure are much smal-L-

er tha¡ the area dista¡rcesforno pre-emphasis, and slightly larger

than the area distances for an adaptive pre-emphasis' The vari-

ation i¡r area distances for the new sPeech analysis procedr.re is

shou¡n in Figure 7.3 to be much smal-l-er tlnn the va¡riation in area

distances for the conventiona-l pre-emphasis teclrriques. A sin-il-ar

conclusion l^/as draun for the anal-ysis of synthetic speech for the

vowel- l" | .
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In general, Figtine 7.3 shows that the nel,ü speech analysis

procedure produces a reduction j¡r area distances and, hence' an

improvønent in acoustic tube shape recovery, when compared with

the conventional- pne-enphasis techrniques fon R(l)/R(0) greater

tha¡ 0.9. l^Itren R(1)/R(0) is l-ess thari 0.9, the nel^r speech analy-

sis procedure prrcduces a reductiort j¡t area distance only in com-

parison with no pre-enphasis and a +6 dB per octave pne-emplrasis.

The area distances versus R(1)/R(0) presented i¡r Figr:re 7.4

a:re for no pre-emplnsis, a +6 dB per octave pne-emphasis, an adap-

tive pre-emphasis and the new speech analysis of synthetic speech

for the vowef lil. The area distances for no pre-elnphasis of the

s¡nrthetic speech are much s:ral-l-er thn¡r those for a +6 dB per octave

pre-emphasis and an adaptive pre-emplrasis when R(1)/R(0) is greater

than 0.99. The area distances for no pre-emplesis are on-ì-y snnJ-ler

tha¡r those for a +6 dB per octave pre-ernphasis when R(1)/R(0) is

l-ess than 0.5, and snall-er tlnn those for the new speech artalysis

procedure when R(1)/R(0) is l-ess tln¡ 0.6-

Si¡ril-ar area distances occur for the +6 dB per octave pre-

emphasis arrd an adapti-ve pre-emphasis when R(1)/R(0) is greater

thEn 0.9. The adaptive pre-emphasis produces the snall-est area

distances when R(l)/R(0) is less thn¡r 0.9 arrd, therefore' the best

acoustic tube slnpe recovery for R(1)/R(0) l-ess thnn 0.9. The area

distances for a +6 dB per octave pre-emphasis increase as R(1)/R(0)

decreases from 0.9, arrd these area distances are the largest when

R(l)/R(0) is approximateJ-y zero.
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The new speech arnlysis procedr:re is stpv¡n in Figure 7,4 to

produce the snn-l-l,est area distances and, hence, the best acoustic

tube slrape recoveny, wlren R(1)/R(0) is greater thnn 0.95. Ttre

area distances for the nev¡ speech anal-ysis procedure alle always

larger than those for an adapti-ve pne-emphasis when R(1)/R(0) is

l-ess tln¡r 0.95. 'ltre variation i¡ area distances for the new speech

arùaysis procedure is fotnd in Figr-u'e 7 .4 to be snral-ler thn¡ the

variation i¡r area distances for the conve¡-rtional pne-emphrasis,

whe¡r the range of R(1)/R(0) from zero to unity is considered.

This is consistent with the concl-usions drav¿n for evaluations

perforr4ed with synthetic speech for the vowels l"l a¡d l.l.

In general, the ner^7 speech arnlysis procedr.re is shov¡-r in

Fig¡rre 7.4 to produce a significalt reduction in area dista¡ces

ald, hence, an improvement iri acoustic tube shepe recovery when

compared with conventional- pre-emphasis tecLuriques for R(1)/R(0)

greater tlEn 0.95. This is not the case when R(1)/R(0) is less

than 0.95, when the conventional- adaptive pre-e-rnphasis produces

the snal-l,est area distances. For a-l-1 the eval-uation results pre-

sented so far, the ne\^r speech anal-ysis procedure consistentJy pro-

duces the snnl-Lest variation in area distances when R(1)/R(0) is

between zeno and unitY.

A pi-ot of area distances versus R(1)/R(0) is presented in

Figure 7.5 for no pre-emphasis, a +6 dB per octave pne-emphasis

(orrly for R(1)/R(0) greater tlgn 0.3), an adaptive pre-emphasis

and the new speech arral)¡sis of syr-rthetic speech for the vowef l"l'

The area distances for a +6 dB per octave pre-enphasis, when

R(l),/R(O) is less thn¡ 0.3, are not presented in Figure 7.5'

because they are very large. The area distances for no pre-
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qnpÌìasis are sho\^In in Figure 7.5 to be largen tlnn those for the

other conventional pre-emPhases a¡d the Speech analysis when

R(l)/R(0) is greater thnn 0.92. l,ùhen R(1)/R(0) is less tharr 0.9'

the area distances fo:r no pre-emplnsis are simil-ar to tlpse for an

adaptive pre-emphEsis arìd the new speech anal-ysis procedwe.

similar area distances occuu for a +6 dB per octave pre-

emphasis and an adaptive pre-emphasis when R(1)/R(0) is gneater

than 0.95, ar¡] these area distances a:re l-ess thnn tlrose for no

pre-emplesis, but greater tlnrr those for the new speech arnlysis

prrceedure. Vrlhen R(l)/R(O) is l-ess tha¡r 0.9, the ar€a distances

for a +6 dB per octave pl"e-emphasis j¡crease dranatically as

R(1)/R(0) decreases, ard the area distances for an adaptive

pre-emphasis are simil-ar, but s]-ightì-y larger, tha¡ those for

no pre-emphasis and the new speech analysis procedure.

Figu:re 7.5 shows tlat the nelJ speech analysis procedr.re pro-

duces area distances which are smaffer tlnn those for a +6 dB per

octave pre-emphasis a¡d an adaptive pre-emplnsis, lvhen R(1)/R(0)

is between zerÐ and urritlz. A large reduction i¡ area dista¡rces

occurs for the new speech analysis prÐcedune in comparison with

no pre-emphasis when R(1)/R(0) is greater t¡Ën 0.85', and siniilar

area distances occ'rur when R(1)/R(0) is less tha¡ 0.85. T}-le vari-

ation in area dista-.rces for the new Speech ar-ral--ysi-S PrÐcedure iS

found in Figure 7.5 to be much small-er tlnn the variation in area

distances for the conventional pre-emphases. This is consistent

with the concfusions drarin for eval-uations performed with s¡rnthetic

speech for the vowefs l-1, l.l and lil.
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Thre evafuation results presented in Fig¡re 7.5 fon the analy-

sis of s5rnthetic speech for the vowef lol show, in general, that

the new speech anatysis procedr.:re produces reductions j¡r area dis-

tances, rarrgi¡g from veny large to veny Smal-l-, when compared wì-th

the conventional pre-emphases. A s.nal-Ier va:r'iation i¡r area dis-

tances also occurs for the new speech arnlysis procedure when com-

pared witn tnat fon the conventional pne-emphases'

For sSrnthetic speech of the vowef lul, tne area distances

versus R(1)/R(0) are plotted in Figru'e 7.6 fon no pre-emphasis,

a +6 dB pell octave pre-emphasis, an adaptive pne-emphasis arid the

new speech arralysis procedure. Figr:re 7.6 does not contain any

evafuation resufts for R(1)/R(0) Iess thnn 0.5, as no glottal-

pulse waveforrns could be fomd to produce an R(1)/R(0) l-ess then

0.5. The area distances for no pre-emplnsis are shov¡n fü Figure

7.6 to be much larger than tlpse for the other conventional pre-

emphases and the nel^/ speech anal-ysis procedure when R(1)/R(0) is

gneater tlpn 0.95. No pre-emphasis produces the snal-l-est area

distances when R(1)/R(0) is l-ess tln¡ 0.95'

\,rihen R(f )/R(O) is greater than 0.95, similar area distances

occur for the +6 dB per octave pre-emphasis and an adaptive Pre-

ernphasis, and these area distances are less than tlpse for no ple-

emphasis, but greater tl-lan thpse for the new speech anal-ysis pro-

cedure. The area distances for a +6 dB per octave pre-emphasis

increase dramatically as R(1)/R(0) decreases from 0.95' a¡d the

area distances for an adaptive pre-emplnsis are l-arger ttnn those

for no pne-emphasis a¡d the new speech analysis procedure when

R(1)/R(0) is less tlen 0.95.
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Figr:re 7.6 sh¡ows tlnt the nevü speech analysis procedure PrÐ-

duces snall-er area distances tlnn tlpse for a +6 dB per octave

pre€mpÏÊsis arrd an adaptive pre-emphasis. A reduction in area

distances by the nel^7 speech arnlysis prrreedure in comparison with

no pr€-emphasis orrly occurs when R(1)/R(0) is greater tlnrì 0.95.

The vaniation i¡ a¡ea distances produced by the new speech analysis

procedrre is sÏ¡cr^¡n in Figure 7.6 to be much snal-ler tlnn that for"

the convéntiornl- pre-emphases. This is consistent with the con-

cl-usions drawr for evafutions perfonned with s5rnthetic speech for

the vowel" lal, l"l, lil and l"l.

In general, the evaluation resul-ts presented in Figure 7.6

for syrrthetic speech of the vowel l"l show that the new speech

analysis procedu:re produces reductions j¡r area distances artd,

hence, improved acoustic tube shepe recoverY, h comparison with

conventiorral pre-emphasesr when R(1)/R(0) is greater thr:r 0'95'

A reduction in area distances by the new speech anal-ysis prrccedure

only occr.rs in comparison wittr a +6 dB per octave pre-emphasis

and an adaptive pre-emphnsis when R(l)/R(0) is less than 0.95.

Ttre evaluation resufts presented j¡ this section for s¡nrthetic

speech of the vowels l-1, l.l, lil, l"l and lulslcrv th.rt tl're I'rew

speech anaÌysis procedure prcduces consistently sre'ì-J-er" area dis-

tances then those for conventional pre-emphasis techniques, when

R(1)/R(0) is greater tlnn 0.95. I^lith the exception of a few iso-

l-ated cases, the area distances for the new speech analysis pro-

cedr,rre are always snelfer then tlrose for a +6 dB per octave pre-

emphasis for the five vowels and R(1)/R(0) between zero and unity'

Similar area distances occur for no pre-emphasis, an adaptive pre-
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emphasis and the neI^l sPeech analysis procedr:re, except for s5fn-

thetic speech of the vowel lil, wnen R(1)/R(0) is less tlnn 0.9.

The variation j¡ area distance va.l-ues fon the new speech

arntysis procedtrne is much slel-len tÌìan tlnt fon the convention-

aJ- ana-1ysis procedr:res, and occurs without exceptiolr for all- the

s¡rnthetic speeeh uaveforrns of the five vowel- sounds. Hence, the

acoustic tube slnpe recovered by the neht speech arnJ'ysis pn:cedure

is l-ess sensitive to clnnges i¡ the glottal pulse excitation wave-

forrn (the only qr:antity tlrat clnnges from one s5rnthetic speech

waveforrn to another) thn¡ are the acoustic tube slnpes recovered

by conventional- analysis procedures. Thr-is is an irnportant at-

tr^ibute of a speech analysis process which is requined to recover

slowty varyìng parameters from the speech waveform: e.g. l-ow bit

nate speech transrnission systems.

In concfusion, the evaluations presented in this section have

shol^n that there exists a distj¡ct adva¡tage ì:r using the new sp='€-ch

arralysis pr.ocedi:re in preference to conventional- pre-emphasis, wnen

analysi-ng synthetic speech waveforms for the vowels l-1, l.l, lil '

l"l and l"l.

7 .3.2 EVALUATTONS I,{ITH INCORRECT LOSSY TERMINATION

In the application of the new speech alal-ysis procedure to

the analysis of real speech, a vafue for the terrnination refl-ection

coefficient, !,t{, used il the Parcor Lossy Termi¡ration analysis must

be estimated or chosen. This section evafuates the effects on the

acoustic tube shape of different vafues of UM beilg used j¡r the new
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speech analysis procedure and ttrat to defi¡e the lossy termination

of acoustic tubes. The value of the terrni¡ation reffection co-

efficient used in the new speech analysis procedure is denoted

as uM

All the s¡rnthetic speech waveforms used to prÐduce the evalu-

ation results pr:esented i¡ tnis section are generated by the pro-

cedu¡e detail-ed i:r Appendjx T. The glottal pulse excitation vrave-

forms used to generate the synthetic speech ane derived from glot-

tal puJ-se npdel-s or measured glottal pulse wavefonns dr-ping phona-

tion (see Section 7.3). The lossy ternri¡ration of the acoustic

tubes is defined with the terrni¡ation reffection coefficient,

ugr eQual to 0.8, i.e. the satne as i¡ the previous section.

The eval-uation resufts are pr€sented as plots of area dis-

tances betr^¡een recovered anC original acoustic tube shrapes versus

U,,i for various val-ues of R(1)/R(0). The ratio R(l)/R(0) is

eval-uated from the autocoruel-ation function of the syrthetic

speech uaveform being analysed, and evaluation resufts are pre-

sented for val-ues of RQ)/R(Q) as cfose as possible to 0.4, 0'6'

0.8, 0.9, 0.95 and 0.98. Synthetic speech waveforms for the vowel-

sounds l"l, l"l:' lil, l"l and l"l are used jl] the eval-uations pre-

sented in this section.

Figure 7.7 presents the area distances versus U,,i for various

vafues of R(1)/R(0) when the new speech analysis procedure is used

to analyse s¡znthetic speech for the vowef l"l. For a]ly value of

R(1)/R(0), the area distances are observed in Figure 7.7 to j-ncrease

nonotonical-Iy for decreasing UM. The relatj-ve increase in area dis-

..,tances a" pld changes from tnity to 0. 6 increases as the vafue of
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R(1)/R(0) j¡icreases. In gene::al, Fig¡re 7.7 i¡rdieates tlnt, fon

the new speech anal-ysis of synthetic speech for the vowel- la|, a

decrease i¡r area distance nay be achieved if UM is larger tlnn Ur.

Figr.:re 7.8 pnesents the a¡rea distances versus R(1)/R(0) for

no pre-emphrasis, a +6 dB pe:r octave pre-emphasis, an adaptive pre-

emphasis (obtai¡red from Figr.rre 7 .2), and the largest area dista¡ce

presented in Figr:re 7.8' i.e. when U,r,tl= O.O. A comparison of

Figru.es 7.8 and 7.2 shows that the perfornnnce of the new speech

analysis procedure, when analysing synthetíc speech for the voweÌ

lal, :-s not significartly affected when U,,,, ard U^i differ widely.

A plot of area di-sta¡ces versus u, for- various values of

R(1)/R(0) is presented in Figure 7.9, when the new speech analy-

sis pr"ocedure is used to arnlyse sy-rthetic speech of the vowef I " I '

V/lren R(1)/R(0) is less tln:r 0.9, Figr-loe 1.9 shows a very snall in-

crease in area dis[ance as Ujfi decreases from r:nity. Decreasing

and then j¡rcreasing ar'ea distances, as U,tt' decreases from r-lrrity,

are observed in Figr-re 7.9 when R(1)/R(0) is greater tlnrr or equal

to 0.9. The rrri¡rimum area distances wherr R0)/R(0) is greater than

or equal to 0.9 occur at simil-ar vafues of u[i, which are,stightty

l-ess thnn the value of U,,,4 used to defj¡e the lossy terndnation

during the syr-rthetic speech generation.

Except for R(1)/R(0) = 0.98, only a very snall- change i¡r area

distances is observed in Figure 7.9 for a relatively large change

in the value "f UM. A comparison of the area distances presented

ì¡ Figure 7.9 and those for the conventional pre-emphasis tech-

niques presented in Figure 7.3 shows that the perfornerrce of the

new speech analysis procedr.re, when arralysìng s¡¡nthetic speech for-
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the vowel- le | , is rrot significantly affected when U, ut'td Uil differ

widely

Figure 7.10 presents a plot of area distances versus Ur'for

va:rious values of R(1)/R(0) when the new speech arnlysis procedure

is used to analyse s5rnthetic speech fon the vowel lil. Only a

g"nall- change j¡r area dista¡ces occurs when R(1)/R(0) is equal to

0.4 and 0.98; otherwise an increase to a maximum and then a de-

crease i¡ area dista¡ces is observed in Figure 7.10 as Ur'decreases

from uriity. The val-ue of U¡ at which the rnaximum i¡r area distances

occurs varies over a wide rarge, but is l-ess than the val-ue of uM

used to define the J-ossy terrni¡ration during the generation of the

synthetic speech. This is si¡nilar to the concl-usion drav¿n for the

values of UM at wh-ich a minjmum area distance occurred for analysis

of s5rnthetic speech for the vowel l"l (see Figure 7'9)'

The evaluation resufts presented in Figr-re 7.10 show thÉt,

whenever u, dìfrers sig¡ificantly from uff which defi¡es the lossv

terrnj¡ration duri:rg s5rnthetic speech pr-oduction, then either a snalf

change or a large decrease i¡ area distances occuns. Therefore,

it can be concl-uded thet the perfornance of the new speech anal-ysis

procedure, when analysil]g s5T rthetic speech for the vowel- | i | , is

either unaffected or improves when 1,,1'and irg differ widely. This

conclusion is not consistent with those d¡av,n for syrthetic speech

of the vowefs lal and l.l.

A plot of area distances versus url for various vafues of

R(1)/R(0)ispresentedinFigrrreT.llwhenthenewspeecharraly-

sis p¡ocedune is used to analyse sr,ri rthetic speech for the vowel

l"l. In generai-, Figure 7.11 shows that the area dista¡ces i¡-



l E+Dt

2.1

1 .20 À

0.30

555

0
A

E

n

00

Â

R(r)/R(0)
x 0.r8

+ 0.95

D 0.r0

0 0.81¡

A D.6ll

e 0.40

ô 0

A

0
Â

ooolg

À

+

0

0

A

+

0

+

old
uzc
t-
o
H
o
(¡
l¡l
E(¡

Ä

0ô
E

++
0

Â++

A

0

À

{

+

0

A.

0

+

E

0

À

0¡

+ E

+

+
D

Â

ô

+

+

Xxxxxxxxxxxxxx

VVVVVvvVIvvVYV

+

x

9

+

x

!

+

x

v

0.ss 0 .'t0 0.8s 1.00

In

FIGURE 7.10: Ner,r speech analysis of synthetic speech for the vowel- /i/ .



556

D

0 ,90

0.80

0.60

0.40

4
fi

D

!

I¡

x
3 .20

x

Á

Â
A

2.00

v
v

0.55 0 .'t0 0 r .00

ln

5

r ,/R( 0

0.e8

0.95

R(

x
+

t¡

o

Â

v

l¡l
uz
{I
l-
UI
H
o
c
ltl
E(¡

x

00
+

lxoo
1.n

ô^I¡*fTEuEsE
1x+Irrt

ti*tti

Ä

Â

v
i

1

I

/

I

A AÂÄ¡
Â¡aaaôÀ

V,p YvvrvTvvvyv

FIGURE 7.11: New speech analysis of synthetic speech for the vowel- /"/



557

crease aS UM decr:eases from unity. Thr-is is consístent with the

eval,uation resul-ts p:resented for tlre vowef l"l in Figu:re 7.7, !'¡ith

the exception thnt a largen chnnge j¡r area distances for Ut clnng-

ing from gnity to 0.6 does not necessarily occur for ilcreasing

R(1)/R( 0) .

no pre-emphasis, a +6 dB per octave pre-emphasis, an adaptive pre-

emphasis (obtajned ñrom Figr:re 7.5), and the l-argest area distances

p:resented in Figure 7.II, i.e. when UU= 0.0. The new speech anal-y-

sis p¡ocedi¡re is shor^¡n ir Figrre 1.I2 to have a sj-rnil-ar perforrnance

to that of a adaptive pre-emphasis i¡r this worse case situation'

A conparison of Figr.II'es 7 .I2 and 7.5 shows that the performance

of the new speech analysis procedure, when analysing s¡rnthetic

speech for the vowel lol, is not significantly affected when u]\,

a¡d U^a differ wideJ-Y.

Figr:re 7.13 presents a pJ-ot of area distances versus U,,i for

various values of R(1)/R(0) w-hen the new speech analysis prÐcedure

is used to analyse synthetic speech for the vowel- l"l' The area

distances for R(1)/R(0) equal to 0.4 are not presented in Figure

7.13 because of the lack of gloltal pulse excitation waveforms to

p¡oduce this value of R(l)/R(0). Except for the case when R(l)/R(0)

is equal to 0.98, tl€ area distances are slcvnr in Figlme 7'13 to de-

cl?ease as the value of Ulí decreases from r:nity. VJhren R(1)/R(0) is

equal to 0.98, the a¡ea distances decrease to a ni¡rimum, and then

incnease as uM' decreases frrcm unity.
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!,ilren R(1)/R(0) is less tha¡r r:nity, the evaluation results

presented in Figure 7.13 i¡dicate that a neduction in area dis-

tances ÍEy occur when the value of U/d is less tlnn the value of

l¡,¡, which defined the lossy terrni¡ation during the generation of

the syrrthetic speech. i-lence, it is concluded that the perfornnnce

of the ne\^r speech arnlysis procedure impr:oves sl-ightly whet1

R(1)/R(0) is rpt close to unity and Ut is l-ess thnn u,,''

The evaluation resul-ts presented j¡ this section have shoun

that the general trends of area dista¡ces versus U¡i chalge frrcm

one voweÌ sound to another and for charrges jn R(1)/R(0). For the

vowel-s l"l and lol, tfre area distances r:esulting from a new speech

a¡al-ysis i¡tcnease as the value "f ui\,{ decneases from r¡rity and, for

the vowel lul, ttre area distclnces decrease as the value of Ut de-

creases from urrity. Ttre area distances for a nevü sPeech anaÌysis

of the vowef l.l decrease to a nrinimurn and then j¡rcrease as Uni ae-

creases from r:nity, ancl the area dista¡rces for the vowef lil i1.1-

crease to a nexjmum ald then decrease as U^/'decreases fr"om unity'

with only a few exceptions, the changes of area distances

when the new speech arnJ-ysis procedure is used to analyse synthe-

tic speech for five vowef sounds is relatively sneJ-l for a r€fa-

tively large change h ur,j from r:nity to 0. 6. Even when the largest

area distances presented in tnis section are collpar€d with those

for no pre-emphasis, a +6 dB per octave pre-elnphasis a¡d a¡r adap-

tive pre-emphasis (see Section 7.3.1), the new speech a.¡ralysis

procedure, in generaÌ, provides smaffer area distances and, hence,

improved acoustic tube slnpe recovery. The relativeJ-y snnll- change

i¡ a::ea distances that occurs for clnnges fo U,,i ildicates tlnt the
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acoustic tube slape recovered by the nel^7 Speech analysis procedu:re

is not strongly dependent on the val-ue "f uM"

In general, it nay be concluded tlnt the penforrnance of the

nehT Speechanalysisprocedure, h eomparison with convention'al pre-

emphasis teclniques, ir only slightly affected when il/\¿i and Ìrg do

not diJfer widely. Unen U¡i and UM differ widely, then the perform-

ance of the new speech analysis procedure nny impnove, depending on

the vowel sound bei¡tg aralysed' the relative sizes "f UM aJ-ìd UM, artd

the value of R(1)/R(0).

7.4 EVALUATION h'ITH REAL SPEECH

The new speech anal-ysis procedure has been e'¿aluated with

synthetic speech vaveforms of five voweL sor:nds, and this section

presents eval-uation resufts for the new speech analysis procedure

when used to arnlyse real speech vnveforms of the same five vowel-s.

lr,lhen neaf speech waveforms are used to perforrn a¡l evafuation

of the ne\,v speech arnlysis procedr.rre, it is very difficult to ob-

tain results for the wide range of R(1)/R(0) val-ues that wene pre-

sented for the eval-uations with synthetic speech j¡r Section 7'3'

Therefone, the evafuation results presented in this section, il

general, only cover a rel-atively snel-l range of R(1)/R(0) values'

A nnjor problem encounteredwhernusilg real- speech waveforrns

to evaluate an arral-ysis procedure is the l-ack of Ì'rrowledge of the

vocal- tract slnpe used to produce the speech sourrd. Measr:ring

vocal tract shapes is a very difficult and complex process, as dis-
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cussed in Clnpter 1, and so the recovered vocal- tnact shepes are

compared witn tne vocal tract shrapes measured by FAItrT [fg6O] for

corresponding vowel sounds. Hence, some diffenences exist between

the corrrect vocal tr^act slepe a¡rd those measuned by FA\IT, which

necessitates a carefuf interpretation of the evaluation resu]ts

presented j¡r this section, i.e. najor trends shoul-d only be con-

sidened, and not the fine detail

Real speech vaveforrns were obtained for the five vowel sourrds

l-1, l"l, lil, l"l a¡d l"l from seven Austral-ian nale speakers

p¡or,uti,.'g each of the vowe1s in a ln-¿l frame. A number of re-

cording sessions were used, separated by at l-east one day but not

npre tha¡ thirty days, and at each reconding session the five

vowefs were spoken i¡r a ra¡rdom order, which changed from one re-

cording session to another. Al-1 the speech waveforrns \^iere recorded

with a condensor microphone, and the nesulting electrical arralog

signal 1ow pa.ss fif-tered to 4.5 kil-ohertz. The filtered analog

signal was then sampl-ed at a frequency of 10 kilohertz and stored

on magnetic tape r.rnder the control of a minicomputer. A full- des-

cniption of the procedure and conditions under whj-ch the speech

waveforrns are digitally recorded is presented in Appendix H.

All the eval-uation results presented i¡r this section use 300

sampl_es, i.e. a 30 msec tjme interval, of the speech waveform which

is wi¡rdowed by a Hamrúng window (Bf,ACiq{AÀl and T'tllGY [1958], MARKEL

[1971],MARKELandtnlol,F[1972])'Thewindoweddataisthenarn-

lysed by the new speech analysis prr:cedure, or the conventional'

pre-emphases fol-lowed by a conventional- Parcor anal-ysis (always

implied, altlrough no explicitly stated i¡r rËmy cases), to produce

the eval-uation results presented in this section'
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The evaluation results alre presented in two di-fferent forms,

i.e. as plots of area distances versus R(1)/R(0) and plots of area

distances væsus UM'. When a plot of area distances versus R(1)/R(0)

is presented, then tlre ner¡ speech analysis procedu:re i',"" UM equal to

0.8, and contains the resu-tts for the conventional- pre-emphases fol-

lowed by a conventional- Parcor analysis. For plots of area distances

,r
ver.sus Ug', onlV resul-ts for the new speech anal-ysis prrrcedure ane

presented for various values of R(1)/R(0). The eval-uation nesults

presented i¡ these two plots provide i¡-forrnation on the penforrnance

of the new speech analysis procedure to produce improved vocal

t::act shrape recovery for a wide range of R(1)/R(0) and Ug'values'

Figure 7.14(a) presents aIlea distctnces versus R(1)/R(0) for

the new speech arnlysis prrrcedure' no pre-emphasis' a *6 dB per

octave pre-emphasis a¡d an adaptive pre-emphasis of neal- speech

vnveforms for the vowel- l"l. TTre area dista'ces for a +6 dB per

octave pre-emplnsis a¡d an adaptive pre-emphasis are shovn-r j¡r

Figr.rre 7.14(a) to be much larger than those for the new speech

analysis procedure a¡d for no pre-emphasis. Vrlhen R(1)/R(0) is

cfosetounity, then the are¡ distances for a +6 dB per octave

pre-emphasisa¡danadaptivepre-emphasisareasjmiÌar,butas

R(1)/R(0) decreases from unity the difference between the area

dista¡ces for these pre-emphases increases. This latter result

is consistent with the evaluation results presented for the analy-

sis of sl,nthetic speech for the vowel l"l'

Except for a few cases, the area distances for the new speech

allal-ysis procedr.re are shown in Figure 7.14(a) to be sinr-ilar to,

but sl-ightly larger thEn, the a¡ea distances for no pre-emphasis

of reaf speech for the vowel l"l. Si¡ce the actual vocal tract
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shape is not loourn, the evaluation resul,ts pnesented i¡ Figune

7.14(a) do rrot necessa:rily slow that no pre-emphasis prrovides

betten vocal- tract shape recovery thnn the neI,J Speech analysis

procedure. Howeven, it can be concluded tlnt the new speech ana-

lysis prrccedr:re produces better vocal tract shape recovery fon the

vowel- sound lal tfnn a +6 dB per octave pne-ernphrasis a¡d an adap-

tive pre-emplnsis. The variation i¡ area distances that occurs

for the new Speech arnJ-ysis proeedtne is si¡l-ila¡r to tlrat for no

pne-emphasis, but considerably less tlnn that for a +6 dB per oc-

tave pne-emphasis or an adaptive pre-emphasis'

A plot of area distances versus Uri fon various val-ues of

R(1)/R(0) is presented in Figrre 7.14(b) for the nehl speech analy-

sis pnocedure when used to ara1yse real speech for the vowef l"I'

The particular val-ues of R(1)/R(0) considered in Figu:e 7'14(b)

were chosen so that the range of R(1)/R(0) presented in Figure

7.14(a) is sparrned at appnoxirnately equal- intervafs. with the

exception of R(1)/R(0) = 0.86' onl-y a snnll clnnge i¡r area distances

is observed i¡ FigL'e 7.14(b) for U,,i cha'ging from unity to 0.6' A

decreasi¡g area dista¡ce is observed in Figure 7.14(b) for al-l

val_ues of R(l)/R(0) as U¡i decreases from r-rnity, suggesting that an

improvement in vocal tract shape recovery may be possibl-e if snrall-

values of p are used.
M

A comparison of Figun-e 7'14(a) and 7'1-4(b) shows that the

variation in area dista¡ces produced ¡V Uli changing from 0.6 to

u¡ity is sn'la1l compared with the differences between the area dis-

ta¡ces for the new speech analysis procedr:re and those of a +6 dB

per octave pre-erphasis or an adaptive pre-emphasis' Therefore'

iri general, the performance of the new speech anai-ysis procedure
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in comparison with a +6 dB per octave pr€-eJnplEsis or an adaptive

pï'e-errplEsis is not significantly affected by UM' va:rying between

0.6 and unity.

The new speech analysis procedr:re lras been slror^¡n to produce

improved vocal tlract slnpe r€covery in compa-nison with the convert-

tional- +6 dB per octave a¡rd adaptive pre-emphrases, but simil-ar

vocal tract shape necovery in comparison with no pne-emphasis'

when are-l-ysing real speech for the vowel l- I ' The va:riation i¡r

area distances for: the new Speech anal-ysis t'¡as shor^¡n to be rel'a-

tively snal-L for changes i¡r both R(1)/R(0) al-d UM. The evaluation

resufts presented swgest tlnt the new speech analysis procedr:re

nay produce improved vocal- tract shnpe recovery from real speech

of the vowel- lal, if ut is l-ess than 0'6'

Figr.re 7.15(a) presents the area dj-sta¡rces versus R(1)/R(0)

for no pre-emphasis, a +6 dB per octave pre-emphasis, an adaptive

pr-e-emplrasis and the new speech analysis procerlure used to analyse

real speech of the vowel- l.l. In general, Figure 7.15(a) shows

the area distances for the +6 dB per octave and adaptive pre-

emphasis to be much langer thn¡r the area distances for no pne-

emphasis a¡d the ner^/ speech analysis procedure. The area distances

for a +6 dB per octave pre-emphasis are generally l-arger than those

for a¡r adaptive pre-emphasis of the real speech for the vowel ltl'

Ttpse observations aLe consj-stent with those presented previously

for analysis of real speech for the vowef l"I'

Except for a few cases, the area distances for the new speech

arnlysis of real- speech for the vowel- l" I are shov¡n in Figr:re

7'15(a)tobegnal]-erthn¡t}csefornopre-emphasis.Tlrel.arge
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neduction i¡ area distances when the area distances for the new

speech anatysis procedure are ccsnPaned with tlpse for the conven-

tional +6 dB pen octave and adaptive pr€-emphasis (see Figure

2.15(a)) i¡rdicates that the net^r speech arnlysis prrccedr:ne produces

impnoved vocal tract ShaPe l?ecovery in comparison with those con-

ventiornl pre-emphases, frcrnreal speech of the vowel- l.l. Ttlese

observations are consistent with those pnesented pneviously for

analysis of :real- speech for the vowel- l"l'

A plot of area distances vel?Sus U¡'fon va¡rious values of

R(1)/R(0) is pnesented in Figur:e 7.15(b), when the new speech

arnlysis prrrcedr.rre is used to arr,alyse neal- speech for the vowel

l.l. The val-ues of R(1)/R(0) conside¡red in Figr:re 7.15(b) v¡ene

chosen so that the range of R(1)/R(0) pnesented i¡ Figr:re 7'15(a)

is sparrred at appncxirnately equal j¡rtervals. Except when

R(1)/R(0) = 0.81, only a snnl-l- clnnge i¡ area distances occurs

for u, changing from 0.6 to unity. The area distances preserrted

in Figure 7.15(b) slow, in general, a decrease to a m-i¡rimum a¡d

then an increase as U¡i decreases from unity. The val-ue of Ur'fon

which the r,ri¡imum area distance occurs varies between 0.65 and

0.125 and, hence, a small improvement j¡r vocal tract shnpe recovery

ney be achieved by using u,rl = o'7 ínstead of 0'B [as used to gener-

ate Figure 7.15(a)) i¡r the ne\^i speech analysis procedure. Except

when R(1)/R(0) = 0.81, the perfornnnce of the new speech arralysis

procedure to recover vocaf tract shnpes' in comparison with that

for conventional pre-emphasis, is onJ-y sI-ightly affected by ur'

changing from 0.6 to unitY.



569

The new Speech a¡,alySis prÐCeSS was shot'rt to produce impnrved

vocal- tract shape recoverôy when compared with the converrtj-onal- +6

dB per octave and adaptive pre-emphases' ald si¡rilar vocal tract

recovery to that for no pre-emphasj-s of neaÌ speech for the vowel

l" I . Thj-s is consistent with the concl-usion d¡rannn fon anaÌysis of

real speech for the vowel l"l. The area distances nesultir.lg from

the new speech arnlysis prrrcedr:re have a nel-ativel-y snall vari-ation,

in comparison with those for a conventional pre-emphasis, over the

r?anges of R(1)/R(0) and U,,,i consiaered i¡r Figr:re 7'15' The srnallest

area distances for the new speech arnlysis procedr::re alîe n'rost l-ike-

ly to occun ror ug near 0.7 when analysing real speech of the vowel-

l"l.

For real- speech of the vowef lil, Figu:re 7.16(a) presents the

a:rea distances vensus R(1)/R(0) for the new speech analysis pro-

cedi:re, no pre-emplrasis, a *6 dB per octave pre-emphasis and an

adaptive pne-emphasis. Figure 7.16(a) shows that the +6 dB per

octave and the adaptive pre-emphases produce larger area distances

when R(1)/R(0) is greater rln¡r 0.9, and snnl-ler area distances

when R(1)/R(0) is l-ess tlnn 0.9, ill comparison with the a¡ea dis-

tances for no pre-emphasis and the new speech arnlysis prccedure.

This obser:vation is not consistent with that for the analysis of

real speech for the vowel-s l"l a¡d ltl'

with on-ì-y a few exceptions, the area distances for the neiv

speech analysis procedr.re are shown in Figure 7.16(a) to be small-

er thran those for no pre-emphasis. l{hen R(1)/R(O) is greater tl-nrr

0.9, then the area distances for the new speech analysis procedure

are smal-ten tha¡r those for the +6 dB per octave and adaptive pre-

emphases, but sligJrtlylarger when R(1)/R(0) is less than 0.9. The
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variation i¡r area distarces fcnr tt¡e nel^t sPeech analysis procedr.Fe

is sh,cr^rr in Figure 7.16(a) to be snal-l-en thnn the va:riation j¡r

area distances for the conventional pre-enplrases. This obsenva-

tion is consistent with ttrat fc¡c tlre anJ-aysis of real speech for

the vor¡¡el-s lal and l"l.

The area distances versus U,,,1 for various values of R(1)/R(0)

are presented i¡ Figure 7.16(b) for the nehT speech analysis prÐ-

cedu::e used to alalyse real speech for the vowel- li|. The values

of R(1)/R(0) presented i¡r Figr:re 7.16(b) spa.n the range of R(1)/R(0)

presented in Figr:re 7.16(a). fn contrast with the evaluation re-

sul-ts p::esented in Figu:res 7.14(b) and 7.15(b), a relatively large

change j¡r area dista¡ces occurs when Ur'changes frr¡m 0'6 to unity'

With the exception of the area distances for R(1)/R(0) = 0'98, all

the area dista¡ces decr:ease "" UM decrease from unity, suggestìng

that snel-f area distances rËry occur for u, fess thnn 0.6. A com-

parison of the area distances for Ur'= 0.6 presented in Figure

7.16(b) wi-th those presented j¡r Figure 7.16(a) suggests that the

area distclnces for the new sPeech anaÌysis p¡ocedtrre IIEIy be the

snellest if Ui is l-ess tlEn 0. 6. In general, the variation i]]

area distctnces for the new speech analysis proced¡re is snal-l-er

tharì thet for the conventioral pre-emphasis techniques, which is

consistent witn ttrat for arnlysis of real speech for the vov¡els

l"l a¡d l.l.

The evaluatj-on resufts presented in Fig¡rre 7.16 show that ' 1n

general, the new Speech anal-ysis procedure produces a smalf improve-

ment j¡ vocal tract shnpe recovery irr comparison with conventional

pre-emphasis techrniques. The variation i¡r anea dista¡ces for the

new Speech aralysis proced¡re \^/as shown to be smal-ler than that
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for the eonventional pre-enphases. Except when R(1)/R(0) is close

to r:nity, the snallest a¡ea distances for the neI,J sPeech analysis

procedure a::e npst likeJ-y to occr:r when ur' is less tllan 0.6.

The area dista¡rces versus R(1)/R(0) are presented in Figure

7 .I7 G) for the real- speech of the vowel l" I analysed by the new

speech analysis pnccedure, no pre-emphasis a¡d the +6 dB per octave

and adaptive pre-emphases. Ttre area distances for the +6 dB per

octave and adaptive pre-emphases a.r:e shornzn in Figure 7'17(a) to

be larger than those of the neI¡J speech analysis procedure and no

pre-emphasis. In general, the area distances for a +6 dB per oc-

tave pre-emphasis are J-arger tln¡r those for the other alalyses con-

sidered in Figr:re 7 .I7 G). These observations are consistent with

those for the arnl-ysis of reaL speech for the vowefs l"l and l.l.

Figure 7 .I7 (Ð shows that the area distances for no pre-

emphasis are snall-er thnn those for the new speech anal-ysis pro-

cedure (which uses Uni= 0.8), an-rd therefore, under the conditions

used to gener:ate the evaluation results for Figr;re 1.I7 (a), the

ne\^r speech anal-ysis procedr.rre nlay not produce the best vocal tract

shape recovery. A slightly larger va¡iation in area distances is

observed in Figr.¡:e 7 .I7 (a) for the new speech anal.ysis proced''rre

i¡ comparison with no pre-emphasis, but a much snaller area dis-

tance variation in comparison with the +6 dB per octave ar-ld adap-

tive pre-emPhases.

Figr-r.e 7.17(b) presents the area distances versus U,,i for

various values of R(l)/R(O) when the new speech anal-ysis procedr.rre

arral-yses real- speech for the vowel- l"l. The values of R(1)/R(0)

considered in Figure 7.17(b) span the val-ues of R(1)/R(0) presentecì
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jrr Figr.u'e 7.It|G,) at approxirnately equal i¡rcnements. A ntunber of

different tnends a:re obsæved i¡r Figr:re 7 .I7 $) for" area distances

t r--' in genenal, it rÊy þ concluded thr,at snaller a:reaversus ugr DUT:

distances occur wnen Ug'is l-ess tharr 0.6. \¡lhen the ar.ea distances

presented in Figr:re 7 .1-7 (b) ror u¡ = 0. 6 are companed vùith those

presented in Figure 7 .77 G) for the conventi-onal pl'e-errPhases '

the new speech analysis procedune is found to produce, h general-,

the srnl-l-est area distarces. Thenefore' \^Jhen ut is less than 0'6'

ìmproved voca-l tract sbEpe recovery is achieved by the new speech

ana]ysis procedi:re in compa.rison with conventionaì- pre-emphases '

In general, Figure 7.17(b) shows that the va:riation j¡r area dis-

tarrces for the ne\^t speech arnlysis procedr.re is not as large as

for othen conventionaÌ pre-ernphases Presented in Figure 1 'rl G) '

IYom the evafuation resufts presented in Figtrre l -I7 , the new

speech anal-ysis procedure produces a significant ìmprovement in

vocal tract slEpe recovery when compared with the conventional +6

dB per octave and adaptive pre-emphases' and, irr In:Iny casest a

snrall improvement in vocal tract shape recovery in comparison with

no pre-emphasis of real speech for the vowel l"l' The variations

i¡i area distances for the new speech analysis pnrcedure are rnuch

snalfer tln¡ those for a +6 dB per octave and adaptirre pre-emphasis'

but simil-a¡ to tlet for no pre-emphasis. The best vocaf tract shape

recovery is most J-füely to occur when the new speech arralysis pro-

cedure is used with u¡i l-ess tha¡ 0 ' 6 '

Figure 7.18(a) presents the area distances versus R(1)/R(0)

for analysis of reaÌ speech for the vowel l"l by the new speech

analysis procedure and for no pre-emphasis, the +6 dB per octave

and adaptive pre-emphases. The range of R(l)/R(O) presented in
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Figur€ 7.18(a) is much s.naller tha¡r the ranges of R(1)/R(0) for

the other vowels considered in this section. In general, Figr:re

7.18(a) slpws the area distances for the +6 dB per octave and

adaptive pre-emphrlses to be si¡nil-ar. to each other, but much s:rnl-l--

er tÌìan the a¡ea distances for no pre-emphasis. This observation

contrasts r,rith those for the other vowel-s considered i¡ this sec-

tion.

The new speech analysis procedtpe is shor^¡rr ì-n Figure 7.18 (a)

to produce the snal-l-est anea distctnces in al-l but a few cases. In

genenaJ-, a large reduction j¡ area dista¡rces occurs wlten the area

distances for the new sPeech analysis procedure are compar€d with

those for no pre-emplnsis, wl^r-ich differs from the observations for

the othen vowel-s when similar a¡ea distances occr¡:ru'ed. The vari-

ation in area distances for the new speech analysis pn:cedr:re is

shov¡n in Figr:re 7.18 (a) to be signíficantly sr,nlier tlnn that for

the conventional pre-emplkrses. This observation is consistent \^rith

that for the other vo',vel-s considered in this section.

Figr:re 7.18(b) presents area distances versus Uni for va¡ious

val-ues of R(1) /R(Ù for the ne\¡r speech analysis procedr.ire when

used to analyse real speech for the vowef l"I. Ttre values of

R(l)/R(0) considered in Figrre 7.18(b) are chpsen to spar the

range of R(1)/R(0) presented i¡r Figure 7.18(a) with equal- i¡rcre-

ments. A mrmber of differ.ent ttrends of area dista¡ce versus Ur'

are observed i¡ Figure 7.18(b) which prevent a general concfusion

being made about the val-ue "f UM that prcduces the smaÌlest area

distances for the range of R(1)/R(0) considered in Figure 7.18(b).

The variation of area distances observed in Figure 7.18(b) is snnl-l-

when compar.ed with tlx¡se presented ìl Figure 7.18(b); hence, the
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perforrnance of the new speech analysis procedr::re to produce jm-

proved vocal- tract slnpe recovery is not significantly affected

by a change in urj between 0.6 and r.mity when anal-ysing real speech

for the vowel l"l.

The evafuation resul-ts presented i¡r Figr::re 7 .18 shpw tlnt the

ner^/ speech arralysis procedure is expected to produce improved vocal

tract shape recoveny in compa:rison with no pre-enrphasis and the +6

dB per octave and adaptive pre-emphases. The va:niation i¡r area dis-

tances for the nevl sPeech arralysis procedu:re is also slcr"n in Figure

7.18 to be significantly snral-l-er tlnn that for no pre-emplesis and

the +6 dB per octave and adaptive pre-emphases. Hence, improved

vocal tract slnpe recovery with a relatively mrall variation i¡r

the necovered vocal- tnact shape occurs for the neln speech arial-ysi-s

procedure when anafysjng real speech for the vowe] l"l'

T?re eval-uation nesults presented j.jn this section have shov'¡n

that the new speech analysis procedure produces, for the analysis

of real speech for the vowef l.l, l.l, l"l and lul, much snal-l-er

area distances than the +6 dB per: octave and adaptive pre-emphases.

For analysis of real speech for the vowef lil, tne new speecha:ra-

lysis procedune produces simitar area dista:lce to tlx¡se for the +6

dB per octave and adaptive pre-emphases. The area dista¡ces for

the new speech analysis procedure and no pre-emphasis were shor¿n

to be simifar for afl- vowel-s except the vowe-l- lul, where the area

distances for the new speech anal-ysis procedure are much snaller

than those for no pre-emphasis- Hence, it carr be concluded that'

for a-Il the real- speech considered in th-is section, the new speech

anal-ysis proced'.re is significantly better at producìlg snnller

atea distances ald, hence, improved vocal- tract shape recovery'
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than conventional- pre-emphases foll-owed by a conventional Pa¡cor

analysis.

In general, the va:riation in area distances for the new

speech anal-ysis procedr-rne r,as shown to be gnal-l- when ur'is be-

tween 0.6 and r:nity, hence orùy causlng snall- chnnges in the per-

fornnnce of the nel^r Speech arnlysis procedure to provide impn:ved

vocal- tract slnpe recovery. It was shoun tlnt a 3.fnll reduction

in the area distances for the nel^/ Speech arralysis procedure nray

occur when a¡ral-ysing real speech for the vowels lal, l"l, lil and

lol, with u,'4'less tlnn 0.6. For anal-ysis of reaÌ speech for the

vowel lul, no general- reduction i¡r area dista¡ces was observed for

U,,i between 0.6 and unity. Therefolfe, a slight improvement in the

perfornelce of the new speech analysis prrccedure fltty occur 'f uM

is approxirnately 0.6 or fess.

In conclusion, th¡e eval-uation results p::esented in this sec-

tion for arralysis of real speech for five vowef sounds from seven

Australia¡r male speakers have shourn a general jmprr:vement in vocaf

tract shnpe llecovery when the nev,r speech analysis procedr.:re is

used instead of conventional pre-emphases foll-owed by a convention-

al Parcor arnlysis. fn general, the va¡iation in area distances

for the new speech anal-ysis procedure is small-er tha¡ that for

conventional pre-emphases fol-l-owed by a conventional Parcor ana-

l-ysis. This is an important property of the new speech analysis

procedr.re for application to areas where slowly varying parameters

are required to b,e extracted from the speech waveform, e'8. l-ow

bit rate tr.ansnission systems. This section has, therefore, shown

a distinct advantage for usirrg the new speech analysis pn:cedure
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in preference to conventional pre-emphases foll-oved by a conven-

tional- Parcor analysis i-f vocal tlract shaPe lîecovery is required.

7.5 SUMMARY

This clnpter combined the tr,o/tlree adaptive pre-emphasis

filter, developed il Chapter 4, with the Parcor lossy Terrnination

arnlysis, developed in Clrapte:r 6 , to form a nel^7 speech alalysis

prrrcedr:r'e. The tvo/three adaptive pne-emphasis f ilten \,fas defined

to renpve glottal- pul-se effects from the recovered acoustj-c tube

shape, and the Parcor Lossy Terrni¡ration analysis hTas defi¡red to

rernove radiation effects from the recovered acoustic tube shape.

The new speech analysis prÐcedune r^as first eval-uated with

s¡nrthetic speech generated from the ideal- acoustic tube nrodel '
with glottal pulse waveforrns as excitations and a lossy ternri¡a-

tion, for five acoustic tube slnpes which approxinrate vocal tnact

slnpes for the vowefs l-1, l"l, lil' l"l a¡rd l"l. The val-ue of

the terrnilation reflection coefficient used i¡r the Parcor lossy

Ternü¡ration analysis I^ES denoted as Uir,{', and the initiaf evaluations

l+ere perforrned with U^.,'equal to the Lig used to generate the s¡rnthe-

tic speech. The glottal- puJ-se waveforms used as excitations wer€

chosen such thrat the vafue of R(1)/R(0) varied from zero to unity.

In general , the new speech arnlysis procedu:e \^Jas shov¡n to

produce snell-er area distances than no pre-emphasis a¡d the +6

dB per octave and adaptive pre-emphases followed by a convention-

aI Parcor arnlysis. Except for a few isol-ated cases, the new

speech analysis procedure alraays produces snaffer area distances
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tlnn a +6 dB per octave pre-emphasis. l,rlhenever R(1)/R(0) is ]'ess

than 0.9, simila:: area distances occur for the new sPeech analysis

procedr::re, no pre-emphasis and an adaptive pre-emphasis, with the

exception of the vowel li|.

Ttre variation i¡r a¡:ea distances for the new speech analysis

procedure was slprnn to be considerably snaller tlnn tlrat for the

conventional pne-emphases, fon all- the five vowel sounds. There-

fore, the acoustic tube shape recovered by the new speech analysis

procedr-ure is less sensitive to clranges in glottal pulse excitation

thran the acoustic tube shapes recovered by conventional- pne-

emphases fol-l-owed by a conventiornl Parcor analysis '

Eval-uation nesu-lts were pr€sented for the new speech analysis

procedure used to analyse synthetic speech of five vowefs for the

situation whene U, is not equal to the ternúnation reffection co-

efficient used to generate the synthetic speech. In genenal, the

trends of area distances as U¡i charrges were slown to differ" for

different vowef sounds. Area distances were shoum to decrease

as uM decreases from un-ity for the vowels l"I and lo|, uut to
.ti¡rcrease as U^i decreases from unity for the vowel l"l. For the

vowel- sound lel, tne area distances were shov¡n to decrease to a

ndrrimum and therr j¡lcrease 
"= UM decreases, and for the vowel- sound

li | , increasilg to a nnximum a¡d then decreasi¡rg area distances

were shourn as uM decreases from r.rnity.

In generaÌ, the variation j¡r area distances for the new

speech analysis procedr:re was slou¡n to be rel-atively snn'll when

UjU arrd the terrni¡ation reflection coefficient used tc generate

synthetic speech do not differ widely. Iìence, the perfornmce
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of the ne\^J speech arnJ-ysis procedtre to pnrduce a reduction of

area distances wtren compared with the area distances for conven-

tional pr€-emplases is not significantly affected j¡ tnat situa-

tion. If ui and the terrnj¡ation reflection coefficient used to

generate synthetie speech differ widely, poor acoustic tube shnpe

recovery, i.e. large a:rea distances' Inay resul-t.

The new speech analysis procedure was evaluated with neal-

speech of the five vowel sounds l-1, l"l, lil, lol and l"l fnom

seven Austral-ian male speake:rs. T?tese evaluations show thnt the

ner^l Speech analysis pnocedure prduces much snalfer area dista¡ces

tlnn those for tle conventional- +6 dB per octave arrd adaptive pre-

emphases follor¡ed by a conventional- Parcor analysis, for real speech

of the vowefs l-1, l.l, lol arrd l"l. For the real- speech of the

vowel lil, simifar area distances occur for the new speech analysis

procedure a¡rd the conventional- +6 dB per octave and adaptive pre-

emphases fol-l-owed by a conventionaf Parcor arnlysis. Sjrn-ilar area

disfances occur for the new speech anai-ysis procedure and no pre-

emphasis for aÌl- vowels except the vowef sourrd lr,,l ' rvhen the area

distarrces for the new speech anal-ysis procedure ane much snnll-er.

A rel_atively snalJ- change in area distances was shovnn when u,

varies from 0.6 to unity, which, in general, does not sippificantly

affect the perforrnance of the new speech analysis procedr-rre irr com-

parison with conventional- pre-emphasis methods. The evaluatj-on re-

sufts presented showed that the srnall-est area distances for the new

speech analysis procedr-rre are nost likely to occur when ur' is ap-

proximately 0.6 or, j¡r some situations, less thìan 0.6.
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A eomparison of the evaluation nesufts for synthetic speech

a¡d real- speech vaveforms shows a consistency of the eval-uation re-

sults for aLl- five vowel- sounds. This suggests tlnt tlre general

trends occuming for thre eval-uations with s¡rnthetic speech for"

R(1)/R(0) between zero a¡rd unity may also occun for real- speech

if R(1)/R(0) were extended to cover tlnt nange. AJ-though the

general trends of area dista¡rce versus Ug are diffenent for real

ard synthetic speech, the nel-atively snalt vaniation in area dis-
.,tances when Ur'clnnges from 0.6 to unity slcws that the perforrnance

of the nel^/ speech arralysis procedure, in compa.nison with conven-

tioraf pre-enphasis methods, is not significantly affected by

,
cnanges rfl uM

In general, the evaluation nesul-ts presented j¡r trris chppter

Lave shov¡n thet the nehT speech analysis procedr.re produces sirnilar,

or significarrtly snalfer area distances than conventional pre-

emphases fol-lowed by a conventional- Parcor anaÌysis r^'hen anafysirrg

rea-l andslmtheticspeechof thevowel-sounds l-1, ltl' lil' l"l

and l"l. The snal-Ler a1.ea dista¡ces produced by the new speech

anayJ-sis procedure generally jrnply improved vocal tnact/acoustic

tube shrape recovery. The variation jrr area distances for the new

speech analysis procedure is much smafler th¡an thìat for conventional-

pre-emplnses followed by a conventional- Parcor analysis, tn'hen ala-

lysing real- and synthetic speech of five vowef sornds. This l-atter

conclusion is important when the ner^/ speech analysis procedure is

applied to areas where slowly varying parameters ¿Lne required to

be exLracted from the speech waveform, e.g. low bit rate speech

transnris sion systems .
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In conclusion, this clnpter has shov¡n ttnt there exists a

distinct advantage in using the new speech anal-ysis procedr:r'e in

pareference to no pne-enphasis, a +6 dB per octave pre-emphrasis and

an adaptive pre-emplnsis foll-or^red by a conventional- Parcor arnlysis

i:F vocal tnact/acoustic tube SIraPe reeovelS¡ is r:equíred from neal

on s5rnthetie speech waveforrns.
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CHAPTER 8

CONCLUS I ONS

Tl-ris thesis has examjned the lj¡rear prediction/acoustic tube

npdel a¡rd the li¡rear pnediction analysis procedu:res to develop new

arnlysis procedr.res which produce impnrved acoustic tube slnpe l?e-

covery from the vaveform radiated fnom a set of acoustic tubes.

These new analysis procedlines consider some of the properties of

the hunnn vocal tract and speech pnoduction mecha¡ism, so thnt im-

proved voca-l- tract shePe necovery is possibl-e from the speech wave-

forrn.

A l-ossless acoustic tube ncdel- a¡d l-inear predictive analysis

techrriques \^Iere reviewed, and the relationship between the resu-l-ts

of a linear predictive arralysis and the l-ossless acoustic tube

nrodel- r¡ere defi¡red. T?re necessary conditions thnt a set of acous-

tic tubes nust satisfy for a l-i¡rear predictive analysis to recover

its slnpe were defined. 0f these necessary conditions' rÊny are

not satisfied i¡r the hunnn vocal tnact or during the production

of speech, so a l-inear predictive analysis of the speech waveform

does not identify an acoustic tube shape r^'hich is sjmil-ar to the

vocal- tract slnpe. Thenefore, if vocal- tract shape recovery is

required from the speech waveform, new analysis procedures must

be devel-oped, and those presented in this thesis achieve improved

vocal- tract slnpe recovery.
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To deterrnine whether a new anal-ysis procedure produces a¡ im-

provement in acoustic tube/vocal tnact shape recovery, it is neces-

sary to lnve a quantitatíve measr¡:re of the si¡nil-arity or dissirnil-a:r-

ity of two acoustic tube shapes. Ihny of the existing distance

measures used in the speech fiel-dr e.8. those for speech recogni-

tion, were fournd to be u¡rSuitabl-e, and So a nel^7 distance measure

was defj¡ed. The new dista¡rce measure is basicalJ-y a nornal-ized

Eucl-idean dista¡ce, and is cal-l-ed an area distance because it pro-

duces a scala¡ quantity whr-ich is the measure of simil-arity on dis-

sinilarity between thre crrcss-sectional- a¡eas of ttrc acoustic tube

shapes. The norrnal-ization of the area distance is performed with

respect to the original acoustic tube shnpe, so tllat the area dis-

tances for a ntunber of acoustic tube shapes recovered by different

analysis procedures can be compa.red, to deterrn-i¡e whi-ch arralysis

procedure produces the best acoustic tube shape recovery.

Linear prediction requìres that a set of acoustic tubes be

excited by a white excitation waveform for it to recover the acous-

tic tube shape but, in general, and especial-1y for the production

of speech, the excitation is non-white; therefore, investigations

wene perforrned to deternrj¡re the effects of non-wh-ite excitation on

the acoustic tube sb,aps recovered by linear prediction. The results

of these investigations showed that, in general-, poor acoustic tube

shrape recovery occurs when the duration of the excitation is much

la:rger thnn the round trip propagation delay within a single acous-

tic tube.

fnvestigations performed with slmple acoustic tube shapes,

i.e. ones with relativety few cross-sectional area changes, led

to an understa¡ding of the effects of certai¡r non-white excitations
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on the acoustic tube shape recovered by linean prediction. As a

r€sul-t of these iavestigations, special acoustic tube shnpes l^lere

defi¡ed, and two arnÌysis procedu¡res hler€ presented which prr:duce

good special acoustic tube slnpe recovery for certain non-white

excitations. Special acoustic tube slnpes and thei:r necovery pro-

cedr:res do not have any djrect application to the recovery of vocal

tract slnpes from the speech waveform. Howeven, the investigations

penformed provide an undæstalding of the lIËrnner by which l-j¡ear

prediction, a basic speech analysis tool, identifies acoustic tube

shnpes from an autocoruel-ation function.

In generaf , it was slprnrn thnt very poor acoustic tube shape

recovery occurs when conventional- li¡rear prediction anaÌySes wave-

forms generated from sets of acoustic tubes excited by glottal

pulse waveforms which are sjrnil-ar to throse used to excite the

vocal tract dr.uring the production of voiced speech. A nurnber

of procedures have been proposed to overcome this poor acoustic

tube shape recovery, and the effectiveness of these existing prro-

cedures to provide accurate acoustic tube slepe recovery was eval-u-

ated. These evafuations showed, irt general, that accurate acoustic

tube shape recovery \^/as not achieved when the wide range of glottal

puJ-se vaveforms thrat occur fon the production of the wide range of

voiced sourrds and from different speakers is considered.

A new adaptive pre-emphasis filter, caì-led the tr¡o/tlree

adaptive pre-emphrasis filter, was designed specifical-Iy to provide

improved acoustic tr-rbe shape recovery when glottal pulse excitation

is used, or is present. The two/thrree adaptive pre-emphasis fifter

consists of tr¡c parts, one part defined by a parameter ct, corrects

for gtottal puJ-se spectral sÌopes between zero and -12 dB Fer oc-
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tave, and the othen part' defined by the parameter $, corpects for

glottal pulse spectral slopes between -I2 dB and -18 dB per octave.

Ttre val-ues of a or ß used in a particul-ar analysis situation are

obtai¡red frcrn empirical expressions between the parameters cr a¡d

ß, ard the val-ue of R(1)/R(0), where the l-atter is evaluated fpom

the autocorrrel-ation function of the waveform bei¡rg pre-emphasized.

These empirical expressions are deternri¡ed as the best fit curves

to the data points (cr, nf r>/R(O)) and (ß', R(1)/R(0)) , where d arrd

ß'¿efine the two/three adaptive pr:e-emphasis filter such t-hat the

glottal pulse vnveform when pne-emphasized by the two/three adap-

tive pre-emplnsis filter a¡d foll-or,ved by a linear predictive analy-

sis results in the snal-l-est a:rea dista¡rce between recovered and

oniginal acoustic tube shapes.

A m¡nber of different waveform sampling frequencies betvleen

10 and 7 kiÌohertz, ilclusive, I\rere considered, ald v¡er:e shou¡n to

affect the empirical- relationships between o'and R(1)/R(0), a¡d d

a¡rd R(1)/R(0), to various degrees. The empirical relationship be-

tween d and R(1)/R(0) was found to change significantly when a

sanrpli¡g frequency near 7 kil-ohertz is used. Therefore' one lîe-

l-ationship defines o'in terms of R(1)/R(0) when the waveform

sampling frequency is between 10 and B kifohertz, inclusive, and

another when the waveform sampling frequency is 7 kilohertz. The

empirical- refationship between ß'and R(1)/R(O) was for:nd to clnnge

significantly as the waveform sampling frequency chnnges, and so

empirical relationships were defi¡red for waveform sampling fre-

quencies of 10, 9, B a¡Ld 7 kil-ohertz.
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The two/tlnree adaptive pne-emphasis fj-fter v\¡as evaluated by

conpæing the area distances for no pre-emphasis, a +12 dB pen

octave pre-emplasis, an unvoiced/voiced adaptive pre-emphasis

a¡rd the two/three adaptive pre-emplasis fol-l-owed by a convention-

al li¡ear predictive analysis. Evaluations performed with glottal

pulse waveforms derived frcrn glottal pulse nrodel-s and from measured

glot-ta1 pulse waveforms, fon a sanpling frequency of 10 kilohertz,

shcn¡ed thet the tl^¡cltlree adaptive pne-emphasis filter is signifi-

carrtly betten at accor¡nting for. glottal pulse waveforvns thnn exist-

ing pne-emplrasis methrods. EvaLuations l^/ere presented for glottal

pulse waveforms sampJ-ed at 9, B and 7 kilohertz, wh-ich showed tlnt

the two/three adaptive pre-emphasis fifter has been designed such

thrat changes in samplìng frequencies between 10 a¡rd 7 kilohertz,

i¡cfusive, do not significantÌy affect the perfornnnce of the tr¡c/

three adaptive pre-emphasj-s filter to accor:nt for glottal pulse

excitation v'nveforms.

Eval-uations ürere perfor"med with s5mthetic speech waveforms

generated from an ideal- acoustic tube nodeJ-, the shape of which

approixnates the vocal tract slnpes for the vowel-s l-1, I.l, lil '

l"l and lul, and which are excj-ted with glo1.tal pulse waveforms.

These evaluations showed a significant reduction j¡r area distances

for the two/thr"ee adaptive pre-emphasis fil-ter in comparison with

the area di-stances for the +12 dB per octave and unvoiced/voiced

adaptive pre-emphnses, for all five vowel sounds. The tr^¡clthree

adaptive pre-emphasis, when compared with no pre-emphasis, r,'ras

shovm to provide a reduction i¡ area distarìces for the votçef

sou¡rcls l- L l.l a¡rd li I . S1íght1y larger area distances occur

for the two/tlree adaptive pre-emphnsis in comparison with no

pre-emphasis for the vowel sornds l" I arrd l" | .
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EValuation resul-ts ü7ere Pnesented for the two/three adaptive

pre-snphasis of synthetic speech sampl-ed at frequencies of 10, 9,

B and 7 kilohertz, which showed no significa¡t clnnge in the per-

forrnance of the two/three adaptive pre-emphesis fíl-ter for vowel-

sounds l"l, l.l, lil arìd lol. For synthetic speech of the vowel-

lul, a significant clnnge in the perfornnnce of the tr¡o/tlrree

adaptive pre-emplnsis fi-lter vras observed for clnriges in sampJ-ing

frequency between 10 and 7 kil-ohertz, ìnclusive.

In general, the eval-uations pr-esented for the a¡alysis of

synthetic speech for five vowels shor^¡ed thnt the variations i¡r

area distances for the two/three adaptive pre-emphasis fiÌter

are rmch snal-l-er tlnn those for existìrrg pre-emphasis methods.

Therefone, the acoustic tube shape recovered after usilg a tr^¡cl

thnee adaptive pre-emphnsis filter is fess sensitive to charges

il glottal pulse excitation waveforrns than those for existing pre-

emphasis methods.

Evafuation results were also presented for analysís of real-

speech for the five vowefs l-1, l"l, lil, lol and l"l sgrken by

Seven Austral-ian r."ales. fn general , the two/tltree adaptive pr-e'

emphasis filter r,,ns Shot^':t to produce a large reduction in area

distances when compared with existing pre-emphnses for the vowel

sounds l-1, l.l a¡rd lol, and sirnil-ar area distances for the vovel

scunds lil and l"l. The variations j¡r area distances for the two/

three adaptive pre-emphasis were slou¡n to be smaÌÌer tln¡ those

for existing pre-emphases. A comparison of the eval-uation resufts

presented for real speech and syrthetic speech waveforrns showed a

sirnil-arity of general trends for the area distances as a function

of R(l)/R(O) for each pre-emphasis method.
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It can be concl-uded, from the eval-uation nesults presented'

tlnt there exists a significant adva¡tage in usilg thre tr¡o/three

adaptive pre-emplnsis filter il pneference to existing pne-ernplnsis

tec¡niques, f acoustic tube/vocat tlract Shape recovery is requi:red

frcrn synthetic/real- speech waveforms.

The radi-ation of acoustic vaveforrns from the open end of a¡r

acoustic tube was examined, andanpdel of the foss ñrom the acous-

tic tube due to radiation descríbed. A nadiation impeda¡ce defi¡red

by a single zero at z = 1 and a rnagnitude term was found to be a

good approxjrrrat-ion to the comect radiation impedalce, at ail bttt

higþ frequencies. Eval-uation resufts were presented which showed

tlnt a conventional -6 dB per octave pre-emphasis fol-lowed by a

conventionaL linea:r predictive analysis does not accurately recover

the acoustic tube shape from s¡rnthetic speech waveforms generated

with a l-ossy termination as descnibed by the simplified radiation

impedance. The conventional- -6 dB per octave pne-emphasis v¡as

shovm to accurately correct fon the zero, but not the magnitude

terrn of the simplified radiation impedance. hlhen the nragnitude

term is defi¡red i¡ terms of the acoustic tube nodeÌ terr,ri¡ration

reffection coefficient, UM, then a non-zer\r magnitude term, i.e.

finite loss due to radiation, implies a non-r.rnity ternúnation re-

fl-ection coefficient .

The basis for a new autocoruel-ation analysis procedure l^las

presented, w)^r-ich pernr-its a non-unity terrnilation refiection co-

efficient, i.e. a Loss at the tenni¡ation of the acoustic tube

nrodel-, and requires a comparabl-e nurnber of computations to that

of a lattice formufation of U¡lear prediction. Vrlhen the ternri¡ra-

ti_on reflection coefficient, ui,,, is non-unit¡2, then the cross
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jr:nction correl-ations are unlcrov¡n (when UM = 1 the cross junction

correlations are zero), and thenefore the junction between tu¡o

acoustic tubes cannot be deterrni¡ed from the ]arowfedge of acous-

tic vaveforms in only one acoustic tube. Bnpirica-l- investigations

slrowed tlnt a¡ approxirnation of the cross 3urretion correlations,

which generally produce stable acoustic tube shnpe lrecoverV, is

to assume the crrcss junction cornel-ations are much snnller tlnn

certain autocornel-ations and crr¡ss tube corrrel-ations i¡r one acous-

tic tube. This apprroxi::iation nesulted in the defi¡rition of for:r

lossy Termj¡,ation autocomelation anaÌysis procedunes '

Ttre fou:l lossy Terrnirntion arralyses l^lere evaLuated by a com-

pa:rison of area distances with those for a conventional- Parcor

ana¡-ysis, using s¡rnthetíc speech for the vowef sourrds l.I , l. I ,

lil, l"l and l"l. The value of the terrnlnation neffection co-

efficient used j:r the lossy Ternúlation analyses v@s the same

as tlnt used to generate the s}''rrthetic speech' These evaluatíons

showed thrat orr-ty one lossy Ternrination analysis ' cal-led the Parccr

lossy Terni¡ration analysis, consistently produces sneller area

distances than tlpse for a conventional Parcor alalysis for a

wide rarrge of ternrinatio¡l reflection coefficients.

The Parcor l_ossy Ternúnation analysis was shov,m to produce

snall-er area distances tlnn a conventional- Parcor analysis, Prc-

vided the value of the ternrination refl-ection coefficients used

j¡r the Parcor Lossy Terrn-irration analysis and to generate the s¡rn-

thetic speech do not differ widely. Evaluation resufts were pre-

sented for arralysis of real speech waveforms for the vowel sounds

l-1, lul, lil, l"l and lul, arrd showed that the Parcor l.ossy

Terrnination analysis produces snnfler area distances tln¡ a
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conventiorËrl Parcon analysis for the vowel sounds l"I, IiI ' l"I

a¡d lul, 5r-1t slightly langen a¡ea distances tlnn a conventional-

Parcor arnlysis for the vowel sound l"l. ft was therefore con-

cfuded that ther:e exists a significa¡t adva¡tage ìn using the

Parcor lossy Terrni¡ation analysis in preference to a convention-

al- Parcor l-j¡ear predictive analysis when a loss occurs at the

terrnination of the acoustic tubes or vocaf tract.

An analysis procedure perrlLitting a non-unity terminatj-on re-

f]ection coefficient, a:rd based on a tnarsfen function of the

acoustic tube nrodel, was presented. This analysis procedure pJ-aces

ccnstraints, which are denived fncm physical restrictions of the

vocal- tract, on the recovered acoustic tube shnpe. In nnny cases,

accurate acoustic tube shape llecovery lÆs obtaj¡red when usilg this

arralysis procedure, but pnoblems with convergence and large mmtbers

of complex computations prevent the analysis procedure frrcm beìng

used to arnlyse speech waveforrns in neal time applications.

The two/three adaptive pr.e-emphasis fil-ter and the Parcor

lossy Terrni¡ration arral-ysis were combi¡ed to produce a ne\'v speech

analysis procedure. The nel^7 Speech analysis procedure \,'7as evaÌu-

ated by comparirrg the area distances for the ne\^r speech analysis

procedure with those for conventional pre-emphases' i.e. no pre-

emphasis, a *6 dB per octave pre-emphasis and a conventional adap-

tive pre-emphasis of s5rnthetic speech waveforms. Tn general, the

new Speech anatysis procedure I\ÊS shovn to produce either smaÌler,

or si¡n-ilar area distances to the conventional pre-emphases when

the termj¡lation refl-ection coefficient used i¡r the new speech ana-

Ìysis procedr-rre is the same as that used to generate the s5rnthetic

speech. Eval-uations al-so showed thnt the ne\^/ speech analysis pro-
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cedure prduces, in general , snal_len, or: similar, a:lea distances

than thpse fon conventional pre-enplnsis, lxrcvided the terrni¡ration

neflection coefficient used i¡ the neI^r speech arnlysis procedure

does not differ widely frcrn tlnt used to generate the sSrnthetic

speech.

The new speech analysis was eval-uated h/ith neaì- speech v'ave-

forrns for the vov,eI sou¡ds l-1, l.l' lil' lol and l"l spoken by

seven Austral-i¿n nafes. T'hese evaluations show that the new speech

a:ralysis procedure, i¡ general-, prrrduces glnller area distances

than the +6 dB per octave and adaptì-ve pre-emphases. The area

distarrces fon the ne\^J speech arralysis procedure aLe sirn-il-ar to

those for no pre-emphasis, except for the vowef lul, where they

are much snall-er tlnn those for no pre-emphasis. The area dis-

ta¡ces for the nel^t SPeech analysis procedr:re were shornrn to clnnge

by :relativeJ-y wnal-l- amounts for clnnges i¡r the terrnination reflec-

tion coefficient used i¡r the new speech aralysis procedure.

The variation i¡r area distances for" the ne\^7 speech analysis

procedure was shor^¡n to be consistently snnller tlran the variation

irr area distarrces for the conventional pre-emphases when anal-ysing

either real or s¡rnthetic speech of the five vowef sounds l"l, l.l,

I i I , l" I a¡d l" | . Ttris is an i:nportant prgperty of the new speech

analysis procedure when applied to aneas whene sl-owly varyìng

pa.rameters are requi-red to be extracted from the speech waveform'

e.g. J-ow bit rate tra¡rsnission systems.

In conclusion, it has been shown that there exists a signifi-

cant advantage ìn usilg the two/thrree adaptive pre-emphasis fi1ter,

the Parcor lossy Ternri¡ation analysis, or a combilation of both jn
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the form of tþe ne\^l SPeech arnlysis procedr:re, h prefenence to

conventiona-l- Pne-enìPlnses and li¡ear pnedictive anaLyses' if

acoustic tube/vocal- tnact shaPe recoveny is requined from s)¡nthe-

tic on rea-l- sPeech vaveforms.
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APPENDIX A

IMPULSE RESP0NSE 0F Tl"l0 ACOUSTIC TUBES

The sigrnl- flow diagnam fon two colrnensunate acoustic tubes

satisfying the aszumptions of the acoustic tube nxcdel (see Chapten

2) is pnesented in Figu:re 4.1. IYom Figr:re 4.1, the following set

of eqr:ations (i.e. A.1 to 4.6) completely defines all- the acoustic

vol-ume velocities witldn the acoustic tubes:

û/Ì (r) = ft/ô (¿) (A.1)

woz) = *rl*-L)

wie) = (1 + ur )rdi lr -t) + v{lt-zk -tJ

u\G) = -uroi l--t)
wäu) = 2utilr-â

wG) -- -(tilz -g

+ (1- w)UJi t 4l
c)

4.2)

(A.3)

(A.4)

(A. s)

(A.6)

(A.7 )

where U1 is the refl-ection coefficient between the acoustic tubes'

and is defined as

Az-At
uI = 

-
A2+ A,

with A1 and A2 the cross-sectional areas of the fjrst a¡d second

acoustic tubes, respectivelY.
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Substitution of Equation 4.3 i¡rto Equation 4.5 produces

WäG) = 2(I+¡r1)[Ji t 2r.l

-te) + 2y7lrl-2 t- 2r-1

-tc)
(A. B)

(A. e)

(A.10 )

(A.12 )

Sirnilarly, a substitution of Equation 4.1 into Equation 4.7 pnc-

duces

wäG) = z(r+ p1 )ui l- -+) + 21t{r2lr -+)

Equation 4.6 is nev¡ritten as

on substitution of Equation 4.3, and Equation 4.10 becomes

wG) = -(1+p1)oi ?-+) - ptwz?-")

w2G) = -(1 + p1)øfi 
l- -+) - vr)rzl- -+) (A.11)

on substituti-on of Equation 4.1.

A substitution of Equation 4.11 i¡to Equation 4.9 produces

I
WäG) = 2(1+ Ur )I(-u

0
- zulwzlr-+]

l¿ ' 
rhr*,6 [t

_z(l¿+t)L
c

Another substitution of 4.11 into 4.12 this tirne produces

wäG) = 2(t* ur )nÍo(-ur )
orô - zvl(trzlr I (A.13 )

Repeated substitution i¡r this na¡ner enables the output acoustic

vol-ume velocity, Wä( l), to be r^¡ritten as

u)ä(Ð = 2(r+ ur )¿Eof-ut I l¿['ð (A.14 )
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Ttre excitation of the tr¡c ccnrnensr¡rate acoustic tubes is tlre

volurne veloctiy vaveform ûJô(¿). Hence, the impulse resPonse of

the ccinnensr:r'ate aeoustic túbes is obtai¡red fi:om Equation 4.14

by setting W6G) eqr:aI to a¡ impulse, i.e.

ûrô(¿) = 6(f) (A.1s )

wttere

ô(t) =
1 (A.16)

Substituting Equation A.15 i:rto Equation A.14 prnduces the impulse

response as

t:0
t+0

wàG) = 2(r+ ur )¿io<-ur lþo 
I

(A.17 )
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APPENDIX B

GENERATION OF SYNTHETIC SPEECH DATA

l,lITH NON-l^lHITE EXCITATION

Synthetic speech data is used j¡r p::eference to real- speech

when the effects on prrcperties of the speech produetion system

need to be controlled. Ther.efone, the eval-uation of an analysis

process to account for a certain feature of the speech prrcduction

system can be performed without other features of the speech pro-

duction system clouding the resul-ts. Another advantage of s¡rnthe-

tic speech data is that al-l- the properties of the generatìng system

a¡e lOOr,.rr arrd, therefore, art aCCUrate cOmpariSOn of reCOver:ed a¡d

origìnal- features is possible.

Synthetic speech data is generated usjng the l-ossl-ess acoustic

tube model- described in Clnpter 2. The syr-rthetic speech waveforrns

gene::ated a¡e volume velocities, so the basic equations used i¡

the generation process are the junction equations of the acoustic

tube nrodel described in Chapter 2, i.e. Equations 2.25 and 2.26.

Only sampfed waveforms are generated with a sampting period equal

to Í where T=L/cfor8- bejng the length of each acoustic tube

(i.e. corrmensurate acoustic tubes are assumed), arrd c is the

velocity of sound.

A non-wh-ite excitation of the acoustic tubes is assumed and,

in general, the non-white excitation is defined by the glottal

pulse nrodel-s of ROSHiIBERG [1971] and FANT [1979], or derived from

pubJ-ished gtottal pulse rvaveforrns measr.red cluring phonation. Hence,
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the non-white excitation is defi¡red by a set of parameters for a¡r

acoustic tube nodeI, or as a h¡¿rveforrn derived f::om pubJ-ished l^rave-

forms.

The non-white excitation of the acoustic tube nrodel is the

only violation of the assumptions of the linea¡ predictive/acoustic

tube nx¡del; hence, the terrni¡ation of the acoustic tubes is l-oss-

Ìess, i.e.

v (vr) Ø) (8.1)
M

The acoustic tube nrodel contains M lossl-ess acoustic tubes, and N

discrete s¡rnthetic speech data values ane generated. An oniginal

acoustic tube slnpe used j¡r the gener:ation Prrccess is either de-

fined by their cross-sectional alreas, Aí,t' on indirectly by the

reflection coefficients t V¡t between adjacent acoustic tubes,

Once the original acoustic tube shape a¡rd the non-wb-ite ex-

citation have been defined, then the procedure detail-ed i¡r Figure

8.1 is used to generate the syrthetic speech ¡,'aveform.

:.uThe cross-sectional area of the acoustic tube at the source is
always assumed to be unity, i.ê. the acoustic tube cross-sectíonal
areas are normaTized to the acoustic tube at Èhe source.

-uit
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YES

Procedure fon generating synthetic speech
with non-white excitation.

FIGURE 8.1
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APPENDIX C

ACOUSTIC TUBE SHAPES AND REFLECTION COEFFICIENTS

FOR FIVE VOhIELS

One of the reasons fon using synthetic speech data to

evaluate speech anal-ysis pnocedr.res is ttlat al-l- of the properties

of the generating system are Jsroun and, hence, an accurate compari-

Son of the recovered and original features is possible. For such

evaluations and comparisons to be consistent with the results of

arntysi¡g neal speech, it is essential tlrat the features used i¡r

the s5rnthetic speech genenation process be as cfose to the real-

speech situation as possi-ble. This appendix defines a ntunber of

acoustic tube shapes (used in Appendix B to generate syrthetic

speech data) whrich are derived dj:rectty frrcm measurements of real

vocal tract shapes.

A number of researchers have meaSr:red vocal tract slnpes for

va¡ious speech sounds, with the early measurelnents being performed

with X-nays. ùre of the first studies presentirg a ì-arge nturber

of vocal tract shnpes for a wide range of speech sourrds \^las per-

formed by FAITXT [1960]. Althrugh these vocal- tract s]epes were

measured for Russia¡ vowels, rnsals, fricatives, etc. ' rËmy ne-

searchers hnve used them as sta¡dards for comparing the resul-ts

of thejr vocal- tract shnpe recovery procedu:res. Because of thejr

w-ide use, the discrete acoustic tube shrapes pnesented i¡ this ap-

pendix are derived from the Russian vowel shapes measr¡:red by FAIXI

[1e60].
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It is well }rrovun tttat absolute sross-sectiorral a¡eas of the

vocaL tr.act cannot be obtained di-nectly fncrn the speech waveforrn.

Therefor.e, .when an acoustic tube shape is defi¡red to approxinate

a vocal tract slnPe, then only relative clnnges i¡r acoustic tube

cross-sectional- area ane important. In general, the acoustic tube

Shape is normalized with nespect to the crcss-Sectional a:rea of

the acoustic tube at the source. A justification for chroosing

the acoustíc tube at the Source to nornnlize the acoustic tube

shnpe is thnt the cross-sectional- area of the correslrcnding sec-

tion in the vocal- tract, i.e. just above tlre glottis, is relative-

ly constarrt.

The neal vocal- tract slnpes used to generate discnete acoustic

tube slnpes ane the five Russian vowel sln'pes l-1, l"l, lil' l"l

a¡d lul measured by FAIII [1960]. Assurnìlg the velocity of sound

is 34 cms/sec, and a vocal tnact length of 17 cms, then a sampling

frequency of 10 kilohentz implies thnt the r^eaf vocal tract shape

is model-led by 10 conmensunate acoustic tubes. A compa:rison of

the real vocal tract shnpes and the discrete approxin'ntions used

thrroughout th-i-s thesis for five Russian vowels is pnesented i¡r

Figr-ure C. 1 .
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APPENDIX D

LOOKUP TABLES

FOR TWO/THREE ADAPTIVE PRE-E|VIPHASIS FILTER

Ttre two/three adaptive pre-emplrasis fil-ten developed and de-

fi¡led j¡ clnpter 4 is desqribed by two parameters, o and ß. The

val-ue of a or ß which produces a ni¡imrn area distance aften a two/

three adaptive pne-emplnsis of a glottal pulse vaveform is denoted

by o'or d, respectivel-y. The investigations of clrapter 4 dis-

covened that d and ß' can be fou¡rd approxì-nately frrcma relationship

vrith R(1)/R(0) of thre vaveform being arnJ-ysed. The relationship

beti¡een d an¿ R(1)/R(0) is a simple one, and ß'is easily determined

for a particuJ-a:r value of R(1)/R(0).

A rel-ationship defini"g " i¡r terms of R(I)/R(O) was found to

require excessive nathenntical complexity and, henee, complex nËthe-

natical- computations, to determ-ine d from a particular R(1)/R(0)'

The inverse rel-ationship, i.e. R(])/R(O) in terms of oo, is found

to have a relativeJ-y simple forrn, but the computational cost

necessary for fj¡rding d from this i¡verse relationship is exces-

sive for real- time applications. All-eviation of the necessity to

sofve for o'frrcm a relationship of R(1)/R(0) j¡ terms o'is achieved

by usilg a Ìookup tabte. This appendix defines the form of the re-

quired lookup tabÌes for implor,entation of the two/three adaptive

pre-emphasis f i-l-ter .
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Investigations performed i-n chrapten 4 showed tlat samplirg

frequencies between 10 and I kiloher"tz, incl-usive, have little

effect on the rel-ationship between o' and R(1)/R(0). However,

a signifieant change j¡r the nelationship between cr'and R(1)/R(0)

occurs fon sampling fnequencies of l-ess tln:r B kil-ohertz. Altlrough

it r^as concl-uded in Ctapten 4 that the variations i¡r d for sampling

frequencies of l-ess thnn B kil-ohertz ane snall when the relation-

ship for the 10 to B kilohertz case l^las used, a lookup table for

a sampling frequency of 7 kiloher-tz is j¡rcl-uded here for complete-

NESS.

A nnjor disadvantage with loolcrp tabl-es is the necessit¡l to

al-l-ocate a fixed part of computer melnory to store the table. If

the lookup tabl-e contains a large number of elements, e.g. to pro-

vide an accr:rate representation of an equation' then a l-arge stor-

age space in computer mellpry is required, which may create najor

probl-ems in snel-1 merncry systems. Hence ' a contradictory set of

requironents may occur as, on orre hand, an acurate representation

of an equation requires large melnory space for the loolc.rp table

and, on the other hald, snal-l- memcry systems require a coarse

representation of the equations.

The relationshj_ps between o'a]ld R(1)/R(0) deterrnined in

chapter 4 are obtai¡ed by finding a best fit polyrromial- to a

set of data point" (o, R(1)/R(O)) genenated from glottal pulse

waveforms. rt was concluded j¡r ch,apter 4 th6t, because of the

significant spread of data poínts around the best fit poly:ronial,

the val-ue of o computed frcr, the best fit polynomial is not neces-

sarily the one prrrducing the required rninimum area distance, i.e.

0'. Therefore, there is no advantage in producirtg a lool.erp tabfe
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r,ùrich rep::esents the rel-ationship between cl'a¡d R(1)/R(0) to a

high degnee of accunacy. Thus, the contnadictony nequirements

discussed above do not necess¿¡niJ-y apply here, as a nelatively

coanse representation of the rel-ationship between d and R(1)/R(0)

is acceptable.

Taking j¡to account the spread of data points (o' nff>UntOl)

about any of the best fit polynorLials presented il Chapten 4,

specifying the va-l-ue of o to withjn 2 significarrt figr:res provides

suitabl-e accuracy. Ther:efone, the lookup tabl-e which enabfes o to

be deterrnined from a given R(1)/R(0) contai¡s approximately one

hundeled el-ements, which repnesents a rel-atively s.nall- me:rory aI-

location nequi:lement for nost computing systems.

The relationshr-ip between o'and R(1)/R(0) deternú¡red i:r

Chnpter 4 for sampling frequencies between 10 and B kilohertz,

i¡cl-usive, is Equation 4.45, i.e.

R(1)
= 3.2I7(o) - 3.552(cr')2 + 1.339(cr)3

R(0)
(D.1)

Si¡ce d is only required to tv¡c significant figures, orrly the

val-ues of d from 0.00 to 1.00 at j¡rtervals of 0.01 are present

i¡r the lookup tabl-e. For these val-ues of ct', the R(1)/R(0) va'lues

ane determined via Equation D.1, and the resultant data prairs are

presented j¡r Table D.1.

Ttrere ar€ nulnerous procedures tlnt can be used to deternine

the val-ue of a from a lookup tabl-e, given a value of R(1)/R(0).

The procedure which is n'pst efficj-ent is highly dependent on the

ccnrputing system in which the lookup table is implemented, e.g.



At_t_,HA' R(1)./R(O)

o.7â
Q,77
0.7s
ö,'7ç
0. flo
0. BL
0. []3
0. B3
0,84
0. []l'r
0. ËìCr

0, tJ7
o. sB
o. f]?
o.90
0.91
0.9?
0.93
0.94
0.95
0.9ó
4,97
o. ?8
ö,99
l. .00

o,9776
ç,9790
0.9804
0 , 9817
0.99?8
0.9839
0.9Bii0
0.9[]59
0.9[]óËt
o,9t3'7'7
o. ?uB5
0.9893
o.9900
0.9?08
o. 9915
0.99??
0.9930
o,9937
0.9945
0,9953
0.9?ó?
o ,99'7 r
0.9981
0.9991
I .0000

AL-FTHA' F:(1)./R(O)

o.ril
O ":i?0.:i:5
0.:i4
o . lii:;
0. lió
o. ii7
0,1T{l
0, Li?
0. ó0
0,ó:l.
0.611
0, ó:J
0. ó4
0. Crlj
o, óó
0. ó7
0. ó$
0, ó9
0,70
0,71
o. .7?

0.73
0,'74
0.7S

0. $[]:3Ël
0. ËÌ904
0, Ë]9ó$
0,90:l?
0.90Ëìó
0 " ll4l.
0.9J.?4
0.9^î14-T
í\ . c)._)q)^

0. 9}:3:;
0.93':/7
ö ,9 4I'7
0.9455
0.9490
o.9514
0.9555i
o. ?5814
0.9ól?
0.9ó3S
0,9óó:,1
0.96ËÌ4
0.9705
0.97:15
0.974.1
ö,97ê,ö

rìL. l:il_liy R( :t ),/R ( 0)

o,;,Ìó
0 .:17
ö. ilti
0.;,19
0.:T0
(.t o .j .[

0,;Jll
0 " .I:T
0..54
fl,;I:ri
t,l a Jô

0,;3f ì

1't o'Jr'.)

0.40
0.41.
l'\ . 

^''.1
0 ,4.,5
fl"44
0,41i
Q ,46
0,4.7
0 ' 4i:ì
i'\ - ¿q,

i'\ t::' I \

0. :;?4:l
0"ót.l:l
O, (:Ì'7 â
0 . C¡4i1ó
0, ó:i90
0 . ó:/;39
0. ótil{:14

0. 7ü:13
o,71li9
ö,'7:!90
o "'/ 4'1 6
0,./li3fl
0,7óiié;
t_\ ,'7'7'7 0
ö,'7fÉ:/9
0. /'gËlLi
0. f;l0Élf:
0,$1.ËJ4
0. Ël;.179

0, Ë13å9
0, f34lii:i
o, fJli:iËì
0 . Ëì6 1.8ì

0.8ó1¿i.i
o, $7ótJ

rì|...Ë'FlA' l-i:( 1. )./11( 0 )

ü.01.
t'l . l\')

\J o ll.1
0"04
0, ölj
U o t,rf:

L\,07
0. Ofl
/ì . fiQ

0"J0
0.:l1.
0.:[?
ü. .l_.1

0,14
ù. J.5
(,r + .'. ò
0 " l.;/ti.1B
0,:l9
0, î0
(i , :.1 l.
/\',)-)
0.;ilì3
'3 ' I'14

o-2ii

r'/ o (JtJ (J 

",10 . 01. ócr
Q ,l)4'7 4
0. fi7f:Ì:,:
0 . l. ötJ:5
0 , :[.3 71_'

Q, .l l:&4
+,.1.t/44
0,;l;,1l.{:}
0 ' :.f ¿'f:l:.i

o "?;'" 
îIh

0 " ,{ûo l.
/ì . ï'.)¿()
0 . :.{4!7 J
(\ . -'1'7 ',:r' .1

ö , .39 i::i.7

') - .4l. []1.
í,,\ ,4'399
ii . 4¿; J.:,1

0 , 4f11 ÊÌ

0.liOl?
ü . :;:ll l. li
0.l.i/+011i
0 " riti90
0.l.i 7/.-,?

O)o
@

1']\BLE D.1 (u' , lì (f )/ll(O ) ) data points f'or lookup table when the sampling
flrequenc;¡ is between lO and B kilohertz, inclusive.



609

the computational attlributes, memory access times, etc. The ef-

ficiency of a loo]<up PrÐcess is also dependent on the data'

especia.lly vihen the probability of ce¡taj¡ data values occur-

rìng is much highen tlnn fon other data val-ues. Thris situation

appears to be the case for the deterrni¡ation of d fnom R(1)/R(0),

as tlre irrvestigations penforrned in Chapter 4 show a l-arge Propor-

tion of the data points (a, n<l>ZR(0)) concenl:'ated near an a'of

Unity. The pnocedr:re used tlrrouglrout th-is thesis to perform the

looÌ<up p.ocess frrcm a tabl-e is a successive appnoximation proeess,

and the implementation of the successive apprrcxirnation process as

a FORIRAITI subroutine is presented in Figu:re D.1.

Ttre data presented i¡r Table D.l and Figure D.1 are for wave-

form sampling frequencies of between 10 and B kil-ohertz, ilclusive.

Investigations perforrned in Chapter 4 slrowed thatr fon a waveforrn

samplilg frequency of 7 kilohertz, a different expression between

d and R(1)/R(0) tten defi¡ed by Equation D.1 should be used. This

expnession is

R(1)

- 
= 3.025(cr') - 3.148(o)2 + r.727(d)3

R(0)
(D.2)

The l-ookup tabJ-e fon Equation D.2 so tlnt cr' can be deterrni¡red

for a given vafue of R(1)/R(0) has the same requirements as the

lookup tabl-e for Equation D.1, and is impl-emented in the same nran-

ner. The va-l-ues of cr'are required to tr,'ro significant figr:res, a:-td

so the values of o'are pr€sented from 0.00 to 1.00 at i¡terval-s of

0.01. For these val-ues of 0', the R(1)/R(0) vafues are determined

from Equation D.2, and the data points (o, nff>/R(0)) are presented

in Tabl-e D.2.
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ö .'71,481
ç,7'].7'J
o.7391
o,7ao7
o,7619
o,7727
o,783?
0.79:13
0. Bo30
0 , 81i¿4
o.8?1.5
0.8303
o,8387
o, g4ó8
0.854ó

l\l-.ËiHA' tt ( :t ),/lt ( 0 )

0. ö1.
0. O?
0.03
0.04
0.05
0. oó
o,o'7
0. oB
0.09
0, L0
0.LJ.
0.1;l
0.13
0.14
0.15
0.1ó
Õ,L7
0, LB
0. 1.9
0, ?0
0.21
0 . ;l:l
0, ?3
0. ?4
0. ?5

0.000Õ
0"0L:i0
Q,ö44'7
0,073ó
0,L0:;t0
0 . l;;llJtl
c, - f.ä7 0
0,LB.3ó
Q , i?.o9 ó,

0. i1350
0. ?59t3
0 . :184l.
0. ,1078
0 . 331.0
0.:5153ó
o,3'717
o. 3973
0, 41f13
0 ' 4:Tf:]fl
0.4588
ö,4'783
Q,4<?'73
0.5LSEl
0.li:3;59
0 . Sli J.4

c,.)
tsH

TABLE D.2: (o.-, n(f )/n(O)) data points for lookup table when the saüpl-ing
frequency is 7 kilohertz.
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the looiqrP Pï\lcess used tlrougþout this thesis vñen the

sanplilg frequency is 7 kilohentz is the successive approxi.rna-

tion proceduï€. The implementation of the successive apprrcxirna-

tion process with the data pnesented in Table D.2 is presented as

a FORIRAItr subrouti¡e in Figure D.2.
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LI}OKUF ( RR I llt-FHA I MMAX )

TAETLE TO FINTI
R(1),/R(O)

hIITH Ct=3.0?g C?=-3.148 C3=1 't?7

x
*
x
I(
*
*
x
x
x
l(
ï(
I(
t(.

*
Ir
)|(

)|(

i(
*
fr
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cül{HtlN /LLlr'/ R1R07 ( 101 )
nATô R1R07 (L> /O.0OOOrO'0150r0'Q447 tQ'Q736r0' 1O?0r

ó, ttçg rO. 1570 r 0' 183ó I O' ?09ó I 0' ?35Ov

o,ispgr 0 o?841 r 0. 3078 I 0. 3310 r o' 3536 I
O,lZgZ ¡O,39731 0' 41B'J I O' 43BB vO' 4588 r
0 . 4783 t Q , 4973 r 0 ' Ii 158 I O ' 5339 I O ' 5514 I
ö. g¿eg r 0. 583i1 r 0, ó01? r o' 61ó9 c 0' 632?t
O . *AZO I 0 o 6ó 14 I 0 ' 67ij4 v 0 ' ó8Ëì9 v O ' 7O? 1 I

0' 7l4fJ I 0,'7?7?t O,7391 r 0' 7lj07 tQ'7 âL9 t

il,zzltr o. 7tlJ? r 0. 7933 r o. tl030 ¡ 0' Ê1134 r

O.Ë]11ÌLSr 0.8303 r0'8387 r0'84éSv0'854ór
0. Bó?1 v0 oÊló93 tQ'87â? r0'ËlË?9r0'8892r
i:.8çg.l v 0.901? v 0. 9067 r 0.91?l' r 0 '?J'7t t
0.9:l;10r 0,9?CrótO. 9310rO'9351r0'9393 r

0'94.ï0r 0. 94ó6 r0.9500rO'953?r0'?5ó?I
ii . çliç l. r 0 . ?ó l8 v 0 . 9ó44 r o . 9óó8 v 0 ' 9ó91 I
O'9'71.3 I 0,ct733r O' 975? t O'977Ö ttJ'9787 t

0. ?ß0? t 0. 9[lL7 I O. 9831 r 0 n 9Ü45 I 0' 9857 I

o. çr¡àç r o. 988o ; o. 9891 ro o 9?01 v 0' 991 1 v

l¡,q,?p.l r o. ggJoro' ?94o ¡ o,9949 I 0' 9958 I
O,99é,2 tQ,997610' 9985 I 0'9995¡ 1'0O00 I

1 .0000./
R.[ T,=ó4 .
FtTNü=ó4.
$A'*,93'7iJ
ft [ f,l[)::,ft I Nt.:./.? .

lrTF'=SA-tttl
Ttr:'( IIJF: ) l"ily l4 r L5
ft1"f'n[{I1-tt].NI
1..1.::::'l Nl' ( lT T T+0 " 

g )
ftül'(.) 1.3

f{'l"f':rH T]"}H I Nü
.1.'f':='l' frl'f' ( ft I 1'+0 . 5 )
rt:'(Rl:NC.L-Ë-.0*5) G0l'0 t4
Tfr( Il'.G'l'- 1.0L ) f J'='101
$A--'tt 1R07 ( I I' )
tìcll't) I I
l:tï ( II'. GT - 101) lT=101
6¡-[rfi¡l:=[:[-0Éì'f ( I ]'- l. ) ./ L O0 '
tt[:]'LlftN
ËNTJ

FORTRAN subroutine to perform a lookup for cl' given
n(f )/n(O) r¿hen the sampling frequeney is T kiÌohertz'

11.

.r ty

.L r-t

'.1:]

13

J.4

FIGURE D.2:
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APPENDIX E

GENERATION OF SYNTHITIC SPEECH DATA

l''lITH A LOSSY TERMINATION

s5rnthetic speech data is used in preference to real speech

when the effects or properties of the speech production system

need to be controlled. Using s5rnthetic speech perrnits the evafu-

ation of an analysis process to accor:nt for a certai¡r featr':re of

the speech pnoduction system to be performed without other features

of the speech prrrduction system clouding the nesuLts' Another ad-

varrtage of sSrnthetic speech data is that all- the properties of the

generating system are }q.tov¡n and, therefore, an accurate comparison

of recovened and original features is possibl-e'

The s)rnthetic speech data is generated using the lossless

acoustic tube model- described j¡r Chapter 2. The s¡rnthetic speech

waveforms are sampl-ed waveforrns with a samplirg period of T, and

T=L/c, where Z is the Ìength of each acoustic tube (i.e. al-l- the

acoustic tubes ar'e cormensurate) and C is the velocity of sound in

the acoustic tubes. The synthetic speech waveforrns generated are

vol-ume velocities, so the basic equations used in the generatj-on

prr:cess ar.e the junction equations of the acoustic tube model- of

Chapten 2, i.e. Equations 2.25 and 2.26'

A lossy terrni¡ration of the acoustic tube model is assumed,

and tle form of the lossy ternrjnation is defi¡ed in Chapter 6.

In terms of the vofune velocities at the terrni¡ration, i.e. ur(n)

and t/r(n), the lossy ternrination is defj¡ed as
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v^(ù = -urur(n) + (r - u!{) (vr<n-t> - u'(n-l)) (E. 1)

wlrere Ug is the termi¡ration nefl-ection coefficient defi¡red by

Eqr:ations 6.51 a¡d 6.53 of Chapter 6. Si¡rce il¡¡ is a refl-ection

coefficient, its nrodulus must be less tln¡ or equal to r:nity, and

for a l-oss to occur at the termj¡ration: Ug III'rst have a modul-us of

l-ess than r:nity, i.e. lU^/l . f-.0. The nadiated volume velocity is

derroted as |Jnfu), and defined bY

Ur(n)=UM(fi-Vrtu) (E.2)

The lossy terrnjrntion is the orrJ-y violation of the assr.unptions

of the ljnear prediction/acoustic tube nrodel-; hence, the excitation

for the acoustic tube npdet is an impulse. The acoustic tube model

is assumed to contaÍn M lossfess acoustic tubes, a:rd the nunrber of

discnete s¡rnthetic speech data val-ues generated is N. The original

acoustic tube shape is either defined by their crÐss-sectional-

areas , Aír?'r or i¡rdi¡rectly by the refl-ection coefficients , :u¡,

between adjacent acoustic tubes.

Once the origfual acoustic tube slape and the terrni¡ation re-

flection coefficient a¡e defj¡ed, then the procedure detail-ed irr

Figune E.l is used to generate the synthetic speech waveforms'

t', The cross-sectional area of the acoustic tube at the source is
always assumed to be unity, í.e. the acoustíc tube cross-sectional
areas are normal-ízed to the acoustic tube aÈ the source.
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COEFFICIENT , It,¿

ON

INITIALIZATTON
sEr n=0 AND {,l.li)=v¡(j)=o
FoRO<j<l'J-1 r<i<M

FORO<¿<[I EVALUATE

EQUATTONS 2.25 ,2.26 ,E -t
AND E'2 }lrrH u (o)=1 AND

Uo (j)=6 1 <i < Ñ-1

DATA VALUE OF THE SYNTHETIC

SPEECH DATA
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YES

Pnocedure for generating synthetic speech

with l-ossy tenmination.
FIGURE E.1 :
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APPENDIX F

EQUIVALENCE BETWEEN BACKlllARD AND lIINIlvltjlvl F0Rrl 0F fz

MAK{OUL llgll) pnesented a large nwrber of different expres-

sions for calcul-ati:rg the refl-ection coefficient between the ¿th

and (¿+l)th acoustic tuÞes, li, from the autocornelation and cross-

corn'elation fr.rnctions i¡r the (¿+l)th acoustic tube. For a lossless

termi¡ation of the acoustic tubes, all the expressions for p ' pre-

sented by I,IAKIOUL [1977] ar^e equival-ent. However, for a lossy ter-

rni¡ration (as defi¡red jl Chnpter 6), differmt val-ues of ¡r' are de-

ternrì¡ied, depending on which expression for U¿ is used. Tl-ris ap-

pendix slpws the equival ence of the BACIA,IARD and MINIMUM forrns fon

Þ¿ as defi¡ed by IIAKHOUL [1977] for both a lossy and l-ossless ter-

mi¡ation of acoustic tubes.

The junction equations defj¡ring the forward and bac]<wa¡c

volume velocities at the junction of the ¿th and (¿+l)th acoustic

tubes is given by Equations 2.25 and 2'26 as

L|¡a1Ø) = (1 + u¿) urb) + v¡v ¡+t( tt - 1) (F.1)

and

(F.2)
V rØ) = -v¡U.r(n) + (1 - u¿) V i*r(n - I)

respec.tively. Equations F.1 and F.2, in conl¡nction with the

definition of the forwa¡d autocorrel-ation function.. A'('t), (i'e'

Equation 6. 56) Produces
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A.Gn) =L

A¡*{n)*v'¡B¡*t(n)-u¡(s¿*r (¿+1) * s¿*r ( -¿+r))

)2(1+ u

(F.3)

(F.B)

L

Similarly, Equations F.1 and F.2, j¡ conjr.:nction with the defi¡li-

tion of the baclq,ard autocomel-ation fr.:rrction, 8r@), (i'e'

Equation 6. 57) Produces

BrGn) =

ß¿*7(n) + v2¡A¡+t (n) - u¿[s¿+r(¿+t) *S¿*t(-t+r))
(F.4)

(t + u¿)2

The terrni¡ration of the acoustic tubes by the nrodel described

in Chnpter 6 has

VrØ) = -v[Áui,(n) (F's)

squa:ning Equation F.5, sr.rffning n frr¡m -- to +æ and using the

defi¡ition of ßr(n) and Ar(t), i.e. Equations 6.56 and 6.57'

respectively, Produces

8M(o) = ufilr{ol (F.6)

Equation F.6 is a special- case of Equation 6.68. The ternd¡ration

refl-ection coefficient u, satisfies

o< luMl<1 (F.7)

and so

o<ufr<r

hence, Equation F.6 can be uritten as

B/\4(o) <AM(o) (F. e)



Both A/u(o) and B/u(o) must be positive quarrtities, and so Eqr-:ation

F.9 beccrnes

o < 8/!t( o) < AM( o) (r.10)

At this Point' it is assi.uned ttrat

B¿..1(o) <A¿..1(o) (F.11)

and, sinc. A¿*t(O) and Bí*t(O) must be positive, then

0= B¿*r(0) <A¿..1(0) (F.12 )

Ttre refl-ection coefficient between the ¿th and (¿+l)th acoustic

tubes is U¿, ard Ìras the ProPertY
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o< lurl <1

thenefore

o<(1-ui)<1

ItuÌtiplying Equation F.l-1 by Equation F'14 produces

Q - v1)Bi+l( o) < (1 - u;)A¿+l( o)

(F.13 )

(F.14)

(F.1s)

(F.16)

which can llearranged to

Bí*r(o> + ul|¡+1(o) = A¿*r(0) + u:ß¿+r(0)

-2u¿S¿*, (1)

Addition of the factor

(F.17 )
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and division bY the facton

(1+u
,L

which is greater tlran zs.o, to Equation F.16 prrcduces

2) (F.18 )

ßí*, <o> +v|A¡+1(o) - 2u¿s¿*r(1) _ Aí*rto + v1ß¡+1(o) - 2u 's¿*, (1)

. (r + vi),(1 +u ).L
2

(F.1s)

Equation F.3 vrith ¿= 0 shows tllat the night-hand side of

Eqr:ation F.19 is equal to Ar(0), and Equation F.4 l^7ith ¿= 0 shows

thet the left-hand side of Equation F.19 is equal to B¿(0) and,

hence,

ß¿(o) <4.(o) (F.20)

Both A¿(0) a¡rd B.(0) must be positive quan-Lities, and so Equation

F.20 becomes

0<8.(0)<4.(0) (F.21)

The above has proved by induction tÌìat, in general'

o* uj(o) <Aj(o) (F.22)

for al_l i satisfyi.tg O<i<M. Ttre prrrof does not place al]y

special conditions on the refl-ection coefficients other tlnn

the requirernent thet the acoustic tube shape be real-izable,

i.e. o< luZl <1 ensr:res that al-] A'>0' Hence, EquationF'22

is tme for any real-izable acoustic tube shrape '
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Ttre MINIMUM form for U¿ as defj¡ed by l'lAKllOUL [fgZZ] is

where 316ü is the sign of S¿*t(.1)/A¡+t(O) or SL+{l>/8í+1(0)'

Eqr:ation F.22 stpws that the n-i¡imun of lt¿*r(1)/A¿+t(0)l and

ls¿*r(0)/8¿+r(0) | is ls¿*r Q)/Ai+r(0) I , and so Equation F'23

u¿=srclr.ni¡il#l ,l#l]

reduces to

(F.23)

(F.24)

Equation F.24 is the BACIOTIARD form of U¿ as defi¡red by I'ÍA}G{OUL

l7g77f, a¡d so, regardl-ess of the acoustic tube shPe, the BACI(V'IARD

and MINï}4UM forrns of U¿ are equivalent'



NON-LINEAR SIMULTANEOUS EOUATIONS

FOR TRANSFER FUNCTION ANALYSIS

An analysis method was devel-oped in chapter 6 which used a

tnansfer fi¡nction of the acoustic tube ncdel to perform the analy-

sis of acoustic waveforrns. The denominator of this tra¡sfer

fi:nction rl¡as shov¡n to form the basic part of the analysis process'

Tl-re denorninator coefficie nts djÐ were shov¡n to satisfy the fol-l'ow-

ìng recr.rsive set of equations

d :d (i)
+ d
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APPENDIX G

(i-l¿)
j -l¿

(¿+ 1)
j

J
I

lz=I
ví-l¿+tu¿+t 1<1<'t-1 (G'1)

dQ+r) : UtU¿+t
,L

a[í+t) : d,')

with d
(L) + 0 for 0<i <¿-1

and, initially dÁt) - 1

(G.2)

(c.3)

(c.4)

(c. s)

(G.6)

For tv,¡c acoustic tubes of equal length, Equations G.1 to G.5

define the denominator coefficients as

d[') = ]

(
Id
2)

= utuz (c.7)
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llhen three acoustic tr-¡bes are present, then Equations G'1 tO G'5

define the denoni¡aton coeffieients as

dÁ3) = l (G.B)

3(
0

) (c. s)

(c.10)

(c.11)

(c.12)

(c. 13 )

(G.14)

(c.1s )

(G.16)

(c.18 )

d = Uru2 + lzue

(
2
3)d = utu3

Fon foW. conrnenstrate acouStic tubes, the denomi¡rator co-

efficients ane-deterrni¡ed fnom Equations G.l to G.5 as

dá4) = l

df4) = ulu2 + UzU¡ + l.rglrq

dt4) = UtU3 + UzU,* + UrUzUgU+

(
3
4)

d = ulu4

For five corrf,nensurate acoustic tubes, the denorninator co-

efficients are determi¡ed frrrm Equations G.1 to G.5 as

(
0d
s) -1

dft) = H1u2 + uzu3 + u¡u4 + u+us

d55) = UrIs + UzÌ.r4 * u¡us + utuzug1-r+ +

uluzU4us + uzu3uqu5

d5t) = UlU4 + U2U5 + Uruzu¡tts + UrþaUr+Us

(s)
4d = UlU5

(G. 1s )
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As the va]ue of i j¡cneases, i.e. the nr¡nben of aeoustic

tubes, thren the eonplexity of the denorni¡rator coefficients ar(¿)

increases dranntically and, henee, the diJficu]ty in determ-ining

thre nefl-ection coefficients from the }crov¡n dii) ut=o incneases

drarnatically as i i¡rcreases. FYom the equations presented above,

it is seen tlnt, i' gene'a1, the equations of ui i¡r terrns "f dii)

a:re alr^rays non-l-inear. It is possible to defi¡e a general expres-

sion for oÍt, 
^ 

terms of the refl_ection coefficients, but th-is is

also veny ccrnplex. Ttris general expnession foo aji) is obtaj¡ed i¡

a simila¡r nËrr¡ner to tlet used by ABDEL MONH{ [1977] fon a set of

corrîensunate lossl-ess transnission l-ines'
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APPENDIX H

PROCEDURE AND CONDITIONS

UNDER l,'lHICH REAL SPEECH ì^IAVEFORIVIS ARE

DIGITALLY RECORDED

Thnoughrout this thesis, neal speechwaveforms for a nt¡¡nber of

different vowel sourrds are used to eval-uate the perfornnnce of valri-

ous pre-emphasis fil-ters and speech analysis procedures. Thris ap-

pendix details the procedures and conditions u¡der which the real

speech v¡aveforrns ar'e digitatly reconded'

seven nnle speaker.s who are nati-ve to Australia, and ranging

in age from rnid-twenties to nid-fifties, \^reI€ used to produce the

real speech waveforms. The recording of the real- speech took place

at a nt¡nber of sessions, which were setrErated by at least one day'

but not nrore tlran tlr-irty days' At each session' one speaker was

asked to phonate twelve vowels so'nds j¡r lt-t-¿l frames, with the

vowel sound being sustai'ed. The lft-¿l f:rame was used nather than

CVC (consona¡t vowel consonant) frame si¡rce studies by STRAIIGE et

a1 [197a], 6OTTFRIED a¡d STRANGE [1980], and especially MILI'AR and

A1NSVüORTH ll:g72), ÏEve shrown that the lt-t-¿l frame provides the l-east

modification to the vowel sound while perrnitting a 'tspeech-l-ikerl

stimul-us to the speaker. The i¡itial li-t-l is excited by noise and

coarticulates alnrost ccxnptetely with the fol-lowing vowel, and the

l-¿l has a stabl-e and confined coarticuJ-atory pattern associated

with the preceding vowef.
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Thre twel-ve vowef sor¡nds r¿ene lil, lf l, l.f l, l"l, l¿l' l3l,

l¡1, lr'rl, lul, lol, lrl, lal, uut onlv the five vowel sounds l-l'

l.l, lil, lol, lul are used tlroughout this thesis' The order j¡r

which the speaker. phonated the twe1ve vowels i¡r the lt-t-¿l fpame r¡as

randomly ongenized, so that the order was diJfenent for each speal<-

er and each tjme the speaker nepeated the procedure on a different

day

AlJ- speech recordi¡rgs vreLe made i¡r a quiet ' but not norse-

free, envjronment. The speech pressure waveform ü7as measured with

a gRilEL and KJAER tuecision Sourrd Level Meter T\rpe 2203, with a

BRiIEL and KIAER condense:r microphone \rpe 4165 providing a fre-

quency r€sponse fr,om 10 hentz to greater ttìan 15 kilohertz' The

output analog signal from the sourid l-evel mete:r was filtered by

a¡r arrtial-iasing filter, which is a seven section elliptic low pass

fil_ter with a cut--off frequency of 4.5 kilohertz, and is over 20 dB

dov¡n at 5 kilohætz. The anial-iasing filter perrnits a sampling fre-

quency of greater tln¡ or equal to 10 kil-ohertz without significart

aliasilg occwrilg.

After the speech waveforrn had been filtened by the anti-

aliasing filter, a NOVA@ 2/10 minicomputer sampled the a.alog

waveform at a frequency of 10 kilohertz, artd stored the salrpJ-es

on nagnetic tape. The actual sampì.ing was penforrned by a 12 bit

analog to digital converter under the control of the mj¡icomputer'
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APPENDIX I

GENERATION OF SYNTHETIC SPEECH DATA

WITH A NON-hlHITE EXCITATION AND A LOSSY TERIVIINATION

Synthetic speech data is generated using the I'ossl-ess acoustic

tube ncdel described in chaptet 2. The sSrnthetic speech waveforrns

are sampled v¡aveforrns where the sampling peniod is T, which is

equal to Z.L/e, where t is the length of each acoustic tube' i'e'

ccxnnnensurateacoustictubes are used, and c is the velocity of

propa.gation in the acoustic tubes' The basic equations used

togeneratethesyrrthetì-cspeecha-nethejr:nctionequations

of the acoustic tube nrrcdel, i.e. Equations 2.25 a¡rd 2.26, astd

these equations are for volume vefocites, so thnt the s¡rnthetic

speech v¡aveforms a:re also vol-r¡ne vel-ocities'

The non-white excitations are glottal pu.l-se vn'veforms gener-

ated from the gl-ottal pulse mode1s of ROSENBERG [1971] and FAlt¡I

IfSZO¡ or the digitized gtotta] pulse u¡aveforms meas'red by vari-

ous researchers. In the case of the glottal- pulse ncdel-s' a nuln-

ber of pa.rameters are specified, and the non-white glottaÌ pulse

excitation waveform is generated from equations describing the

glottal- pulse model. For glottal pulse waveforrns derived frr¡m

published waveforms, each v¡aveforrn is digitized at the appropriate

frequency and stored ready for input to the acoustic tube model-'

Thelossyterrrr-i¡rationoftheacoustictubencde]-isthesame

as thrat defj¡red in chapter 6. In terms of the volume velocities



628

at the terrni¡ation of the acoustic tube nrodel, i.e. tlt(n) and

VUØ), the lossy terrni¡ration is defi¡ed as

vr(ù = -urur(n) + (r -u¡) (vr<n-t> -ut(n-l)) (r'1)

whe¡re l,lg is the termi¡lation neflection coefficient defi¡ed by

Equations 6.51 and 6.53 of Ctrapter 6' For a loss to occr:r at

the terrni¡ration of the acoustic tubes, the terrn-i¡ration neflection

coefficient nmst have a modul-us of less tlnn unity' i'e' lrn¡l tf'O'

The nadiated vofune velocity is denoted by tlo(n), -d defi¡ed as

UnT)=LtN(n)-Vrtu) (r.2)

A non-white excitation and a lossy terrni¡ation are the only

viol-ations of the assuunptions of the tjnear prediction/acoustic

tube nrodel. TTre acoustic tube model is assumed to contai¡ M foss-

fess acoustic tubes of equat length, and N discrete synthetic

speech data values are generated' The origìnal acoustic tubes

are defi¡ed by either their cr"oss-sectional- areas, Air" or i¡-

directly by the reflection coefficient, U¿r between adjacent

acoustic tubes.

once the original acoustic tube shape, the non-white excita-

tion waveform and the termi¡ration reflection coefficient, ugr are

defi¡red, then the procedr:re detailed i¡r Figure I.1 is used to gener-

ate the syrthetic speech waveform'

f, The cross-secti-onal area of the acoustic tube at the source ís
always assumed to be unity, i.€. the acoustic tube cross-sectional
areas are normalized to the acoustic tube at the source'
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