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‘of the correct multiple., The multiples are selected using

Several speech sualysis methods wilcen utilise spectral phase data
are examined. -Periodic voiced sounds, for which the spectrum can only be
calculated at the harmonic frequencies, are considered. A fundamental

difficulty is that the phase can only be determined to within an integral

multiple of 2% radians, and some analysis methods require the inclusion

n algorithm

2

ip
in which it is assumed that the first differcences of the phase values ﬁave
magnitﬁdé ieséAthén n rédians; lIf is showh fhdt.é ﬁeéeéséﬁﬁ coﬁdiﬁion

for correct results is proper choice of the time origin. Theoretical
considerations indicate that the time origin is best chosen néar the point
of maximum excitatioﬁ; limited tests confirm this., The aléqrithm gave
correct results for sounds of low fundamental frequency. An improvement

is suggested to increase reliability at higher fundamental frequencies.

An 2ll-pass function, computed from the speech wave, is showm to

be useful for determianing the point of mesdmum cicitation. The all-pass

. function is also used to investigate non-minimum phase transmission during

nasal vowels, Tests showed some evidence of non-minimum phase transmission

but it was difficult to distinguish between glottal and vocal tract

contributions.

The properties of glottal<pulsés are usedixjdefive low frequency

limits for spectral zeros. Several methods are discussed for testing glottal

pulses against minimum phzse and maximum phase assumptions. Asmall sample

of glottal pulses wewe found to be spproximately maximum phase functions.

A method of deconvolving non-nasal vowels into minimum phasc and
maximum phase functions is described. Limited tests chowed that the method

it

approximately separated the glottal. pulse and the vocal tract transmission
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ST N e ey
PRACE

Speech is a familiar means of communication which is never-

+theless a complex nrocess with many asvects which can be sﬁudiéd.

T+ ¢nn be conoidered as passing through various levels: the intentions
of the speakerj thé movenents of the‘vocal organs; transmission of

the speech sounds; detection of the sounds by the hearing of the List-
ener; the listener's interpretation. This thesis is concerned with>
the behaviour of the vocal organs and the nature of the sounds they
produce; in other words the phonetic aspects of speech are considered.
The study of these aspects is motivated by the degire to use>the
acoustic evidence of speech to determine an articulatory description
iﬁ terms of the behaviour of the wocal organs. By Uelking account of
the physica. constraints of the vocal organs it should be poséible to
eliminate redvndant information in the acéustic wave and arrive at’

a more concise description of the speechk. Such a description would

have applicaticns in the efficient transmission and reception'of

speechi.

The relationships between the scoustic and articulatory levels

of speech ars investigated using spectral analysis. Particular atten—

tion is given to the spectral phase to determine the'usefulness o5
retaining phase data. For this reason there dppears to be no point
in considering fricative sounds where the source ¢ excitation is ran-
dorie Indeed random sources are usuolly characteriscd by their auto-

unction, which effectively discaids the phase data. In

Yy

correlation
thic thesis attention is confined to ssunds where random scurces are
insignificent and the scurce of emcitation is the periodic vibration
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Symbol

Notet

-a<t)

b(t)

A_Sh.

c(t)
o

- a(t)
a

£(t)

glt)

ge(t)

n(s)

h|
K{w)

[¢]

GLOSSARY OF PRINCIPAIL SYHMBOLS

Description

H{jw} = 7 { n{e)}

Yinimum phase function .

Maximum phase fﬁnction - A
Spectfél-slope at high frequencies

Periodic functiﬁn with period“ T

n-th coefficient of Foufier series
Time-shifted version of h(t); d(t) = h(t +7%)
Duty ratio of glottis; d = T /T

Vocal tract pressure response to a single glottal
pulse

Volume velocity of a single glottal pulse

Raised-couine pulse

- Typical aperiodic function

Square root of minus one

Integer function of w

K = K(wn)

Harmonic number

Order of lowest-order discontinous derivative
Typical maximum phase function

Queffency

Real part of the spectrwa H(jw)

Comﬁlex frequency; 8 = o+ jw

Time variable

Period ot a ﬁeriodic Tunction

Duration of glottnl pulse

Section wvhere
symbol is
firslt used

Laplace and Fourier transforms are represcnted by capital letters,
for example: ' '

2e242
2.1
.3
2.
7.3

2e2.1



Volume veclocity at outout of K-th tube

@

Volume velocity

3]

t glottis

-Voilume velocity at mouth

Volume velocity at nostrils
Vocal tract impulse response
Typical window function, such as the Hanning type

Acoustic impedance

Log-magnitude-of spectrum

Principal value of spectral phase
Real. constant ( also ¥ (w) =A(w) = A(w) in Chapter 8.3) -
Unit impulse,;. or Dirac function
Ninim;m phase, computed from ofw)
Excess phase; A(w) = ﬁF(w) - GF(w)
Average of A(w) curves
3.14159265358

Real. part of =B

Delay, or shift of time origin
'"Unwrapped' phase

Multivalued spectral phase function

Frequency in radiaw/second. w/2m is frequency
in hertz.

n-th harmonic frequency

3.2

2.1
243
2.2.3

2.2.1

T 20201

2.1



Omerators
F1
CRE
L i}
L1l |
A.
.l
Ref §
mm{ }

Fourier transform

Inverse Fourier transform

Uhilateral Laplace transfornm
Bilateral Laplace transform
Convolution

Tirst difference

jodulus or magnitude

- Real parf

Inmaginary ﬁart

A Comiplex cepstrum
// Indicates a phoneme
Superscripts
* Complex conjugate
(n) n-th derivative
! " First derivative (alternative notation)
t Second derivative (alternative notation)
Subscripts
A,B,F,G% Denotes the corresponding spectrum, for example,
H,v b o) is the log-magnitude of H( jeo) »
M Phase changed to minirmum phase, for example,
' G, (jo) = exp [og(w) + jO ()]
M = G YU
D All-pass fuaction with minimum phase subtracted,
for cxample, GD(jw)‘= exp( j.{?G(w) - j@G(mﬂ
P .Al1l-pase function with minimum phase added, for -

example, G.(jw) = e (j,fﬁq(m) + j@G(wL
£ \ [
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of speech scunds, and the use of phonelic synbols to classify speech
sounds. A model of speech produclion is described and its limitations

are discussed.

1.1 The Vocal Orsans

Speech Soundsvare prqduced.by the vocél organs which modulate the
flow of air as it passes from the lungé to the outside atmosphere via
the mouth andvnostrils. A schematic diagram of the vocal organs is
showvn in Fipure 1.1l. The cavities -between the vocal organs form the-
lyocal tract" whose transnission characteristic is determined by the
cénfi@uration of the vocal organs. The air flow througnh the vocal

tract begins at the laryni, passes through the pharynx cavity and nast

the epipglottis. The flow then separates into two paths, one through

4

thé nasal cavity the other through the oral cavity. The entrance to
the nasal cavity cun_be closcd.by thie soft pa}ate {or "velum') at the
baciz ef the oral cavily, causing all the air 1o flow th*ough to the
riouth, The oral ca?ity can be partially or completely closed by the

tensue, teeth or lins.

Tne vocal tract can be acoustically stimulated in a variety of
ways and nlaces. The vibration of the vocal folds in the larynz nro-
duces o ceguence of pufis of aiy which then pass into the vocal tracts

Al

this is called "veilcing! or "phonationM. Anotlier source of eoxcitation

i; the turbulence coused by air passing through a narvrow consiriction



1l.2. Phonetic Classification and Articu;atory Nesarinticn of Sounds
A stﬁay af the vhonetic aspects o npeec
of speech preduction at twe levels., Firstly the soundé can Dbe
chavaclerised by their acoustic properties,such as pressure wévcforms,
érrthcir transduded electrical equivalents. Secohdly there is the
articul#tory level, whefe tﬁc source characteristics and the confipg-
uration cf the articulators afe étudied. The two.levcis‘afe intimdtel&
related because the acoustic waveforms are the cxtcrhal evidence of
the articulatory.gesturcs nade by_thc vocal tract. Phoneticians util-
ise thig relation in thelr ovhonetic script which is used asca con-
venient means of classifying speech souﬁds, The classification is
strongly related td fhc nanner in which the sgound is prcducedf Hany
fine shades of sound cdn be revresented using the phonetic script

(reference I-1).

Phonenes
For coanvenience the sounds of speech con be broadly classified

b

by the phonemic desceription. The nature of a nhicneue can be illus-

trated by considering the two "k" sounds in the words keep and cart.

b

They can be heard te be different and they can be felt to be formed

o

ifforently at the articu

o

latory level., IHowever, in the Znglish language
tuey are linguistically identical because there are no two words which

differ by only thesce two sounds {(C-1, ».93). #hey rre therefore class-

i

'

ivicd as the same phoneme wilich is written between two slanting lines:
/iz/« Phonenes arve jntended to be used as a linguisiic, rather than a

rhonetic, clascification; nevertheless they fornm 2 useful set of symbol



for broadly classifying sounds. Wheon using the vhonemlc description

il is usual to specify the word in which it occurs and to give scne

This thesis deals witn three categories of voiced sounds. Thesg
are defined on an articulatory basis: non-nasal vowels, nasal con-

‘sonants, nasal vowels.

NHon-nasal Vowels

.Exémpléé aré:- /é/ as‘in féﬁhér, /ﬁa/ as iﬁ céﬁ; ﬁhon these
sounds are pronounced, the nésal cavity is sealed cff bj the velun go
that the larynx pulses pass throupgh thé;orél cavity and out of the mouth.,
In this case‘the vocal tract is a single tube whose cfoss~sectiona1
area varies along its leungth. The shace of the tract depends on the
positions ¢f the tongue, tcoth, and lins.

Hasal Consonants

Examples are: /a/ as in dam, /n/ as in don, // as in sing.
g n 8 s the nasal path is open aa e oral cavity is closed,
For these sounds i} asal patl pen d the oral cavit s closged
The point of closure depends on the particular sound: /m/, by the

lins; /n/, by the tengue against the hard palate; /n/y by the tongue

against the soft palate. Both the nasal and oral cavities are excited

o'

y the larynx pulses, bubt the sound radilates only frowm the noslrils. \

The clesed oral cavity acts as a shunt resonater whose characteristics

depend on ils size and shape. The nasal cavity divides into two paral-~
Jel patus along part of its length, one path to each nogtrl, Tf the
tvo raths are symmetrical thon they can be effectively represented as

o pingle path; experinentsl results indicate that this is a satisfactory

representation in practice (F-1).



‘ Glothic

Vocel fold

Vestibular fold

oS

O Hasal

Velum -« o
and uvula \ =3 \r cavty - L.
- d i»<’ riepiglottie fold
Hard 5 7 )
palate \)',,,. . ~Cunciform cartilage’
I 4
- Epiglottis ! ENE
Pharynx 7 ’—1-* ¥ Corniculte cartiluge
o A Larynxand . Trachea ' '

vogal folds

-A laryngoscopic view of the interior of the larynx.
ATy NZOsC he Jar

Breath pufse:
in windpipe

(2) S - ()
Ref, Cherry (C-1, p 147) ' Ref. Gray's Aratomy (3Lth editn.)
' ' (G-3)

Figure 1,1 The Vocal Organs

2
Glottal flow VOCAL TRACT " Output sound pressure
% g(t-kT) Impfli(gt;’esf’c’nse Ce(t) = I f(t-kT)
= k

k
g(£) *v(L) = 2(t)

.Figure 1.2 Source~tract Model of Speech Production
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When both the nasal and oral cavities are unconstricted the
larynx pulsesApaés through bdth ol these cavities; thus sound is
radiated froﬁ the mouth and the nostrils. The hard and soft nalates
separate the two cavities; it is assumed here, as elsewhere (-2, ».16),

that there is independent transmission along the two paths.

Hdsal'vowels are not phonemicélly‘distinét in English, where
they occur as transitions betwsen non-nasal vowels and nasal conson-
ants, In this thesis nasality.is represented by a tildé over the
related vowel, for example, /& / in van. In French there are four

phonenically distinct nasal vowels; these cccur in the phrase:

un bon wvin blanc -

In phonetic symbols {I-1)} this phrase 1s written as

% b2 veE bld

This notation is used later in the thesic.

Vfork done by Hyde (H-1l) shows that in English spcech there ié
alnost always scme nasal output, particularly in the vicinity of nasal
conscnaﬁts. ﬁhen it is désircd to.study non—nasdl vowels it is therc-
fore necessary to guard against nasality vy choosing test words which
¢o not contain nasal consonaunts.

i

EALN
Y,
The above three classes of Souhds,have two points in common.

s . . . . . 1 ) )
Firstly the major source of cxcitation iz volcing. Secondly, they can

be contvinucusly uti

s
(o)
3
Q
o
3
73
o
5]
Y
3

ve therefeore called continuonts) in this
case the steady-state type of analysis, which is used in this thesis, is

avplicable. Chis assumpiion of continuous utierance is a sinplification

1

Tt is posgible fo gpenk conbtirely by whispering, but this case in
3
lad,

A’i"'
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oi Lhe reality of cdhtiﬁﬁous éﬁeecﬁ Qhere there is change from oﬁe sound-‘
to the next. For non-nasal vowels the articulation changes quite‘slowiy
and so the simplification is reasonable. For a nasai vowel which occurs
as a transition from non-nasal vowel to nasal consonant, the articulation

‘woﬁld bé"éxﬁécﬁed‘to éﬁ%ﬂgélmofé”rapidif. Theréfére,whaiusiﬁésteady—state

analysis the spealker should be asked to hold his articulation while
uttering the test sound. This is an idealisation of the real situation;

‘however it considerably sinplifies analysis and can be coagidered as a

starting point for more amlibious analysis.

"1l.3. Source = Tract locdel

In sveech analysis and synthesls the vocal organs arve usuvally
modelled as a passive linear system, representing the vocal tract, which

o,

is driven by sources that correspond to the sources of accustic excita-

.

ticn. Excitation may occur simultaneously at nmore thaen one place, for
exauple the voiced fricatives /v/ and /z/; however, in this thesis anal-
ysis is restricted tor those scunds where voicing is the dominant source

of excitation. Figure 1.2 shows the model for voiced sounds.

This model is an idealisation cf the very complex process of speech
production; aevertheless it has been found te be very effective in the -

areas of speech analysis and synthesis. liany zpeech synthesisers have

f

utilised this model to produce very realistic speech (PF-8, Chapter VI).

o~

The success ¢f the inverse {iltering method, which enables the glottal
wave and the vocal tract traonsmission characteristic to be deteriined,

ig an illustration of c¢he usefulness of the model (3-1).



CHAPTER 2

| SPEGIRAL ANATYSIS

2.1 Fourier Analysis

Transient Functions

The Fourier transform of a function h(t) is defined as

H(jw) where
O

H(jw) = iﬁ{h(t)} = \gh(t) e It 4y ()

oo
The existence of the transform is assured if the function is
'transicnt'! or, to be more precise, if either of the following

conditions are satisfied:

ither .[: lh(t)l a <
or jm lh(t)]z it < =

These conditioné are sufficient, but not necessary, for h(t) to
be Fourier transformable (S-2, p 31). The time function can be

found from the Fourier transform using the inverse relationship:

n) =i} = & [t ot e (2.2)

Pericdic Functions

Conszider a function c¢(t) which is periodic with period T,

so that

c(t) = c(t + T)

17



. . 1
It can be ecxpanded as a Fourier series as follows™:

. o0
. . ) '»'w t . ) .
ety = E Cn-eJ n (2.3)
T=-TD"
T
. - 1 [y —iont .. e e e
where C = f J cit) e “"4° §t are the Fourier coefficients
t O‘.;

and w_ = 2nn/T are the hacrmonic frequencies

o . +. o+ _
- for n = 0, -1, -2, elc.

(refer I-2, p 1006).

Consider now the case where c{t) is the sum of a number
of identical trunsients equally spaced in time:
. . =
p—— )
c(t) = Z n(t - xT) ‘ (2.4)

K=—c0
Inspection of this equation reveals that c(t) is periodic with.
period T. The following question is now raised: given the periodic

function ¢(t) what can be deduced about the function h(t)?

Firstly consider the case where h(t) is a bulse of limited
durétion T, vhere T is less tkan the period T;_c(t).then con-
sists of a sequence of pulses separated by finite intervals, of
duration (T - Tc), where c¢(t) is zero. It is, therefore, possible
to determine h(t) from ¢{t) in this restricted case. In general
the duration of h(v) may be greater than T, causing the individual
pulses to overlap; this is called 'aliasing' in the time domain.
The Fourier transform of h(t) and the Fourier coefficients of c(t)

are related as follows (I-2, p 1016):

1

Provided it is piecewise differentiahle in the interval (0.T)
(n-2, p 237).
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c = H(iw )/t (2.5)

H

whére n = O,il,fz, etc.

'VTherefore, the spectrum H(jm)‘éan be detérmined at the harmonic
frequencies w = W using equation {2.5). The values of H{jw) when
w # w can bg chosen arbitrarily without affecting the periodic
function c(%) because, fromlequatiohs (2.3) and (2.5), olt) is
completely defined by the values of H(jmn), provided that T is
kﬁown; Therefdre; H( jw) can be determined at the harmonic fre-
qugncies w =Lwn, and at no other frequencies. Since H(jw) is not

_ c;mpletely specified, it is concluded that, when overlepping
occurs, h(t) cannot be determined given only c(t). Some other

information or assumption is required.

_ The’points made above may appear ~lementary, but they‘are
essential to later parts of the thesis. They are also relevant
because they appear to have been overlooked in a paper, guite

important in other respects, which has been recently published

.

(R;l); The 5aper describes an efficient method for the compu-
‘fation of spectra of time functions of limited duration, at
afbitfafy valués of frequency, either real or complex. ‘The method
is then‘appligd to periodic séquences of trensients: the srectrum
of a single.period is evaluated at frequencies other than the
harmonic.frequencies, and this is taken to be the spectrum of the
fransient, The papér does not state the assumption involved but,

- in the terminology of this chapter, it is implicit that h(t) has
been assumed equal to c(t) in the interval (0,T) and zero elee-
where. The method is applied to examples of real aﬁd synthetic

vowels vhere the successive transients overlap cousiderably; in

-



these cases such an assumption is only approxirate. These remarks
are made not so much to criticise an informative paper,‘but to ‘
emphasise the impértaﬂt impiication of équation (2;5): gi.ven c(t);
it is only possible to compute H(jw) at the harmonic frequencies

© , unless some other assumption is made about h(t).

2.2 Spectral Magnitude and Phase

2.2.1 Transient Case

2

The spectrum H(jw) can be expressed in terms of its logaf—

ithmic components:
H(jw) = exp ExH(w) + JYH((‘)):I (2.6)

provided that H(jw) £ O,

. 2 2
where aH(w) = log, lH(Jm)l = 1oge.J£H(w) + XH(m) neper,

{ tan\I/‘H(m) = XH(co)/RH(co)

(w) simultaneously satisfies:
H
v ‘ : , sin\{fH(co) = XH(w)/IH( jw))|

{

ggd RHSw) = Re{H(jmﬁ,A XH(m) = ImEﬁ(iﬂﬁ B

aH(w), the log-magnitude of the spectrum, is a single valued
\functioniof 0. \%’H(Qj’ the speétral phase measured in fadians,

is a muitivalued.function. For a rarticular value of w there

xist infinitely many values of'qﬁ£w), differing by integral multi- .
ples- of.2n radians, which safisfy equation (2.6). Tor ﬁost appli;
cations it is sufficlent to comsider the principal value, gH(Q),

vhich is that value of'@fp(w) vhich has least magnitude:
-n < fle) <= (2.7)

=8y et

ﬂr(m) can be uniqualy detarminad fram the resl and imaginary narte
e 1 N :

s

N\
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2

of H(jw) as shown in Table 2.1°. The relation between B, and '\!L/ H

is shown in Fig. 2.1: the discontinuities in B,_,(w) occur at peoints
. . . ' . . , &5 - B

Table 2.1 - ' -

Caleculation of Principal Values of Phase

Note: -~n/2 < arctan x <« /2

% | % o

>0 >0 arctan (XH/RH)
<0 =0 7 + arctan (XF/RH)
<O <0 -% + arctan (XH/RH)
>0 K0 | arctap ‘XH/RH)
=0 =0 . undefined

where \IfH(w) equals odd multiples of wn radians. In the complex
plane representation, where X.H(to) is the ordinate and RH(w) is
the abscissa, these points correspond to the crossings of the

negative real axis made by the locus of H(jw).

The following assumptions are now made:

(i)  n(t) is a real .fuﬁction;

2 B
(ii) the DC component is positive”, that is, H(j0) > 0;

2 In some textbooks (I-2, p 1006; S-1, p L12) it is incorrectly
defined as:

By = arctan (XH/'RH)

This gives results in error by n radians wheu H(jw) is in the
second or third quadrant of the complex plane.

3 Tn mwrartice +thiac 95 nat a osrara regtrintian harcanece 1F T'T(. i )
nNTanTice nNn noY o Zevwers reguUrioTion Dafaunge 1LE ALY
.
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it ;ICGU\. CAVE Tl L'— N u)} can e considered instead of h\ [y
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(iii) H(jw) is a continuous function of w.* This imnlies

that the phase (0) veries continuously . -
A H s A

With thesé assumptions:

aH(w) is even: aﬁ(um) aH(w)

BH(w) is odd: BH(—w)

BH(m) : BH(O)';="0 -

Furthermore, the phase function (w) consists of continuous curves
: ! H

separéted by integral multiples of 2m,with one of the curves passing

through the origin; this is illustrated in Fig. 2.1.

The Continuous Single Valued Phase Xunction @ {w)

#.{w) is defined as that phase curve, selected from the
H .

‘ qu(w) curves, which passes through the origin; thus

#,0) = 0, and '\IfH(w) = Fy(w) + kn

where k is an arbitrary integer.

The ¢H curve is illustrated in Fig. 2.1.

In many applications the spectral phase is specified by‘l
the principal phase curve BH(w) because this, together with aﬁ(m),
is sufficient to find H(jw) from equation (2.6). However, some-
times it is necessary to know the continuous phase curve ¢ﬁ(w).
This can be found by piecing together the discontinuous segments

. . . !
of BH(m) to form a ccntinuous curve., Let

Folo) = Bu(e) + 2m.K(w) (2.8)

£

where K(w) is a single valued integer function chosen to satisfy

" A property possessed by analytic functions (P-1, p 284),



the continuity condition for @.(w); therefore, every discontinuity
i1

of BH(m) produces an equal and opposite discontinuity in K(w).

This is illustrated with reference to Fig. 2.1 as follows: starting

atw =0 - : ‘ -

0 = pg0)

I

25L0)

therefore } K(0)

0. | v -

As w increases, BH(m) becones increasingly negative and approaches
-% in value. Its value then discontimously changes to +m; hence
K(w) must change from O to -1 to maintain the continuity of ¢H(w).
On the compléx planc, the corresponding ldcus of H(jw) starts on -
the positive real axis at w = 0, and moves in a clockwise direc-
tion about the origin. The change of BH(m) from -n to +% corres-
ponds to the crossing of negative real axis by the locus. In
general K(w) equals the net number of anticlockwise crossings of

5

the negative real axis”.

This method of determining QH from BH is called 'unwrapping'
- (0-1). It should be noted that the resulting phase curve is an

odd function:

fo() = Fle)

2.2.2 Periodic Case: Unwrapping the Phase Values

When the waveform is a periodic sequence vi transients,
as in equation (2.4), it has been shown that it is only possible

to find H(jw) at the harmonic frequencies w =  using equation

5 A change of K(w) corresvonds to a chanpge to a different branch
of the multivalued function Log H(jw) to form a continucus
single valved function (-2, p 439, 508).



(2.5). Consequently, an(m) and ﬂfm) cén only be found at these

frequencies.

The fact that BH(w) is only known ét discrete points raises
a difficulty with regard to the determination of ﬁH(w): it is not
possible to employ the continuity condition to join up the segments
~of the piecewise continuous BH(w) curve. »Thereforé, not only is
ﬁﬁ(w) unlenovm at o # o, there is‘aifficulty in determining it at

‘& =w . From cquation (2.8)

( _ . M ~ a)’
¢ﬁ\wn) = GH(mn) + 2% hn (2.9)
where n = 0, f1, 2, ete.
K, = K(mn), an integer
K = 0

[e]
(&)

The task is tc select the correct values of Kn so that the ﬁHtwn)
can be 'unwrapped' Ifrom the BH(wﬁ). It is'emphasised here that
the Kn only chenge the phase by integral multiples of 2ﬂlan§ this
has no effect on the time waveform; thus c(%t) contains no evidende
to guide the selection of Kn.l Some additional evidence must be

found if they are to be correctly chosen.

If it is known that the phase is a slowly fluctuating
function of frequency then the determination of the ﬁH(wn) may he
fairly obvious. Consider an example where the fiist seven BH(mn)

are: ‘
0, 0.%r, O.5%, O0.7%x, 0.9%, =~0.9%, -0.8n

It is reaszonable to suppose that, by adding 2w to the lasi two

values, the corresponding ﬁH(mn) are:



0, 0.3, 0.5r, 0.71, ©.9%, 1.lm, 1.2x

This suggecte o mntbod discussed belew, where the first differ-

y k3 . .
enccs of phase arc concidered. The first differences of f

are

ABH(wn) = BH(wn'l) - BH(wn)
A%J%R = %J%Hﬂ —%5%3

for n = 0, il, etc.

From the definition of BH(wn), inequality (2.7), it follows that

27 2
2 <ABH(wn) < 2n

Therefore, the first differences of the principal values are not

necessarily »rincipal values. The ¢ (w ) are only known to within

an integral multiple of 2n and so the same is true of the 27 (o

To enable the Af (w ) to be determlned an assumption is made:

D

Lt i

ASSUMPTION: The first dlflerences are assumed to bﬁXnot greater
than 2r: ‘

- < A{ZH(wn)

The A¢ﬁ(wn) can now be found from the ABH(wn) by adding or sub-
tracting 2n where necessary to bring the values into the range

specified by inequality (2.10); thus

. ) - 7 -
if ABH(wn) < ~% Aﬂﬁ(mn) = ABH\wn) + 2n
. Y (_' _ -

if ABH(wn) > n AAH(wn) = ABHCwn) ox
qtherw1se R AﬁH(mn) = ABH(wn)

From these first differencesthe Qﬂ(m ) can be found from
i n .

(2.10)

(2.11)

26



n-1
2, ,
ﬁH(wn) = ZE: AWH(QH), n = &1, etc. (?.12)
where ¢H(O-> = 0 s

Example Qil
| The method is illustrated with the example shown in Table
2.2. The second column of the table shows the principal values'ﬁH(mn);
the correspoﬁding first differences are sunown in the third column.
The AﬁH(mn), determined according to equatiéns (2.11), are shown
in the fourth column. Finally, the ¢ﬁ(wn) have been determined

from equations (2.12).

Table 2.2

Example (i) - Unwrapping of Phase Curve

Note: It is assumed that inequality (2.10) is valid.

1 2 3 ‘ b 5

n BH(wn) ABH(mn) g (w ) #lo,)

0 0 0O
0.2=n O.27n '

1 - 0a.21 < : 0.2n
0.6n 0.6%

2 0.8n 0.8%
-1.6% O.hm '

3 ~0.87% l.21
0.2n 0.2%

I -0.6xn 1.hm
~0.27 0,27

5 -0.8% 1.21

This method of unwrapping is valid only if inequality (2.10)

- P O N - ] ~ . .. - )
18 true; ouhierwise the resulis are in error by lotegral multiples

27



of 2n. Sometimes it may be possible to checlk the results, such aé
when the period T can be varied: if the results for Qﬁ(w) are un-
changed as Tlis @ade.lérgér; thch causes closer spacing of the |
harmonic frequencies, then it is reasonéblé to assume that the-

results are correcte.

Computer Programs for Unwrapping Phase Values

Programs %o implement the above method are fairly simpie

' %o write. Robinson (R-2, P 65) describes one which is suitable
when the principai values of phase -are supplied; however, when
non~principal values of ?hase are supplied his program is not
suitable. Non~principal values of- phase can arise when the phase
‘curve to be unwrapped is the sum of two other phase curves,even
if the>two phase curves are each specified by principal values;
this is because the sum of two principal values is not heéessarily
a pfincipal valﬁeu For this reason a more general program has
been written, vhich, by addition o2 subfraction of the approvriate
multiples of 2n to the supplied phase values, yields an output set
of values which ;atisfy inequality (2.10). The program is des-

cribed in Appendix A.

2.2.3 EBffect of Shiftine the Time Origin

So far it has been assumed that the time origin of the
periodicvwavé coincides with the time origin of the transient
function h(t). In practice this camot be always achieved because
the origin is not always obvious. Consider that the btime origin
is shifted by an amount ¥; thus the periodic‘wave becomes c(t + 1)

instead of c(t). From equation (2.l4)



c(t +7) = ; n{t + T ~ wiy
2 b G B SN oty i e e = Ko—w
o0 .
= ; A(t - kT)
. . - L ( B}
K=—0co
= h(t +7T)

where dadt)

Therefore, Fourier analysis gives the spectrum (at the harmonic
frequencies) of a(t) rather than of h(t); the spectrum is changed

‘as follows:’

T

n

D{ jw) H( jw) ejw

... . Therefore PG| = [u(iw)]

aD(m) = aH(w)

A = o) vor  an

13

The spectrum is unchanged in magnitude but a linear phase shift
error is inbroduced. The effect on the first differences, using

cquation (2.13), is:

Siras s8I e e e T e st aroite | ea

Myl = Bilo 1) - Fple)

n+1l

Qﬁ(wn+l) N wn+iv - ﬁH(mn)‘— wn1:

Putting w, = 27n/T yields -

'Aﬁb(wn) = Aﬁﬁ(wn) + 2% /T | (2.14)

Consequently, all first differences are changed by the same amount

s R P8 e e T e

2%t /7. The uvnwrapping procedure described above assumed that the

. ffceences satisfy inequality (2.10). The guestion now
arises: what effect deoes the change in the first differences have

[ W O
B

on the vnwrapping procedure? Suppose that:




A1 is the most positive value of Aﬁq(mﬁ)

A2 is the most negative value of A% (w

Therefore, Ay < A;?)'N(wp) £ A, for all n (2.15)

Furthermors, suppose that inequality (2.10) is satisfied; there~

fore

<A, <A< m (2.16)

This means that the unwrapping procedure can be successfully

applied to the first differences A¢H(u5n). The range of the AﬁD(wn),

using equations (2.14) and (2.15), is

Ay + ont /T < < o, (co ) Ay + 2nT/T (2.17)

For some values of T the.unwrapping procedure will fail; two types
of failure are distinguished: type I and type II. TFor the present,

let T be restricted to the range 0 <T <T. .

Type I failure

When the results of the unwrapping procedure are such that
“all the first differences are in error by the same amount, a type
I failure has occurred. This produces a linear phase error in the

results. Type I error occurs when
-n <Ml )< n (2.18)

which is the condition for successful unwrapping of the ¢b values.
Therefore, all tite errors are equal to the constant 25T /T term in
equation (2.14). Using inequality (2.17) it can be seen that in-

equality (2.18) holds provided that T > 0 and Ay + 2n¥/0 < W,



. that is, vrovided that
o <T <7,
S - - \
where | ’t’l = T(n -Alz/aﬂ
and ’UE

1l

(n - A)/2n
Using inequality (2.16) it follows that

. _< . <

0 < 'lil < ‘”Cz <7

Type I failure also occurs when

(2.195

) - ‘
f ' -~ (2.20)

(2.21) |

n < 8f (o) < 30 for all n

so that the unwrapping procedure produces an additional error of 2n

in all the first differences. Using inequality (2.17),this happéns

when both the following inequalities hold:

i <A2 4+ 2n7 /T

3 z AL+ 2nT /T

1

Combining these gives

(x - A)/2n <V < T B - A))/2n

T

< T« T, + T

From inequality (2.21) Ti 2 03 thercfore, type I error occurs when

t2§L<T

Combining this result with inequality (2.19), the vanges of type I

error are

0 < £ and T, <% <71 (2.22)



Tvoe II failure

When the gn\'frapping procedure gives errors which are not the
same for all values of n, a type II failure has occurred. This
happens wheﬁ ‘at least. one, but not all, of the AQ'D'(wn) satisfies
inequality (2.18); in this situation -at least one, but not all, 0/54 7;("’“)
is correctly given by the unwrapping procedure, wi’ch‘ the rest
in error by 2;1;. __Using inequélitj(Z.l?), type II failure occurs

when

A.? + 2T /T < <Al + 281 /T
- <
A, < m 2rv /T Ay

(g - A2>/2n > 7T > T(x - Ai)/2n

Therefore, substituting from equations (2.20). the region of type

II ' failure is

T, =T > ’L‘l“ S (2.23)

From inequality (2.21), TZ = 'E’l; therefore, the region of type

IT failure always exis’cs6.

The results of inequalities (2.22) and (2.23) can be sum-

marised as follows:

T no error

= 0
0 <T<« 'ti type I failure
'L’l <7T< 4{:2' tz}pe IT fzflure -
'ta < "t’ <1 type I failure

6 Except if Ty = T,, so that Ay = A5 and Agy(w,,) = Ay, all n; this
corresponds to a linear phase characteristic. Putling T= -4y T/2n
makes the phase zero for all nj therefoie d(%) = it +¥) is even.
Apart from this limiting case, type II failure always occurs.



Since c{t) has period T, a shift of T + kT has the same effect as a
shift of T, for k integer. Therefore, the regions of type I and
type II failure occur periodically, with period T, along the time

axis; this is illustrated in Fig. 2.2

For the purposes of this thesis, failures of type I, which

e d.

produce linear phase errors in qr are not important; however, in
some applications, type II failures are not negligible. If it is
desired to avoid type II failures the following points should be

borne in mind:

l. Regions of type II failure always occur .
2. The time origin should be chosen in a region

of type I failure. ' .
3. The type II reéions may cverlap in somé

cases so that type I fegiqnsAdo not exist;

in this situation type II failure occurs no ﬁétter_

how the origin is chosen.

Fxample (ii)

The values of Aﬁﬁ(mh) which weru obtaired in example (i)
are shown in the fourth coliim of Table 2.2; these values satis-

fied inequality (2.10) and so the unwrapping procedure was SUCCESS—

ful. Now consider the effect of a shift of time origin by T = T/liy

using equation .(2.14):

Apr(mn) = Ag’u'H(mn) 4 0.5%

The resulting values of AﬁD(wn) are shown in colunn 2 of Table 2.3%.

It can be seen that all values lie in the range of -7 to 7T except

33



2 *,V/m/// T /////f W7z
e /;?;/% . i ®

PAw il 1 //’///
t £

~T . T

r/ s - o aa C o
Note: { = error in choice in time origin.
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Table 2.3

Exermple (ii) - Type II Failure in the Unwrapping Method

Note: ﬁD(wn) are the values obtained by the wiwrapping methed

1 2 3 L 5 6 7

n Aﬁb(wn). ¢§(wn) GD(wn) ABD(wn) A@;(wn) ¢b(wn)

0 0 0 _ . 0
O.77 0.7 0.7xn :

1 0.7n | 0O.7n ' ] 0.7n

: l.ln : ~0.9% ~0.9m -

21 - 1.8% ~0.27n ~0.27n
0.97 0.971 0.97n

3 27T 0.77 0.7

1 0.7n -1l.37 0.7n

L 347 -0.6n l.4m
0.5 0.3n O0.3m1

5 377 ~0.3n l.7n

for n

2, when Aﬁb(qz) = 1.1ln; therefore, type II failure oceurs.
Column 3 chows the ﬁD values and the corresponding values of~pD
are shown in column 4. The unﬁrapping method has been applied to
the pj values; the results, denoted by'ag(wn), are shown in column
7. Comparison of these values with those in column 3 shows that
the}results dre‘incorrect: for n > 2,there is an error of 2n

radians. This is illustrated in Fig. 2.3.

2.3 Laplaoce Transform

Thisc section is restricted to giving a few basic defini-
tions and some important properties for later reference; detailed

description may be found in many textbooks (P-1, H-2, $-2).

Unilateral TLaplace Transform

Consider a real time function h{t) which is ‘causal', that
b
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Note: s =0 + jJjw

Figere 2.4. Complex Plane Representation of H(s) =I[h(t)} o
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n(t) = 0 fort < O ' (2.2L)

The unilateral Laplace transform-of h{t) is defined as

o© .
L I{h(t)} = Jh(t) e at S ' (2.25)
. 0 :

The transform exists for all values of s with real papt greater
. than a real constant¥ : it exists for Re s > ¥. For Re s < K :
.iﬁ does not exist; for Re & = ¥ .iﬁ may or may not exist (1-2, p 575
P-1, p 170). The region of existence is illustrated.in Fig. 2.4, |
vhere the s-pléne is shown with the w-axis vertical and the o -axis
horiéontai. Ity < 0, so that the region includes the w-axis,
then the Fourier transform H(jw) can be regarded as a speéial
case of the Laplace tranéform, with 0= 0 and s = jw; this cén.
be seen By comparing equaﬁions'<2,1) and (2;25). The Laplace

transform can, therefore, be written as H(s):

JfI {h(t)} '= H(s) for Re s> ¥

The complex function H(8) is an 'analytic' function of s
in the region of existence: the derivative dH(é)/ds exists for
Re s> ¥ (P-1, p 170). If the region of existence includes the
w-axis, then l(s) is analytic everywhere to the right of the
w-axis; if there are points vhere H(s) is not analyiic, such as
poles, then they lie to the left of the w-axis. This properﬂy
can be used tolderive the Hilbert transform relationship between

the real and imaginary parts of H(jw):

L ' H(jw) = Rlo) + j X(w)

'.\3‘1_

~1.



0
then ) = L { RGy) ay
7t 3 [O IR
-0 .
w (2.26)
. ,
R(w) = = X "Q‘Y“)'“ dy
' L R
-t

sufficient conditions for a function h(t) to be causal, assuming

that at high frequenciesﬁ H(jw) —= 0 as Q«—c»«:.

‘Bilateral Laplace Transform

When h(t) is not causal the bilateral transform is used,

in which negative values of t are included:

(=]
g rh(t)} - n(t) e7S% at (2.27)
' II‘t - N ' , _— °
-
The region of existence of the integral is“o'l < Res < Ka (p-1,
- p 188). If this region includes the w-axis then, as before, the

Tourier transform exists; hence it is valid to write
n(s) = fn{h(t)}

* The bilaterél transform is useful when the %ransform has

' poles in the right half of the s~plane; right half.péles imply
that h(t) is not'cauéal. Tor negative t, h(t) is determined by
the poles in the right half of the s~-plane (RHP); for positive t, |
h(t) is determined by thé poles in the left half plane (LHP).

This can be seen from the folloving equations (P-1, p 139):

Provided that H(s)—= 0 as |s| —~ o

then if t >0 = nlt) = > A &%kt
i o
- (2.28)

it -t <0 n(t) = S , A;’ p‘v‘xx)\-'(:
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wvhere S are LHP poles
sl are RHP poles

1-

A, A

k

ﬂ are residues at s = S48 = s! respectively,
A ° in 3

X can be seen that the unilateral transform is a special
case of the bilateral transform; for this reason the bilateral transfornm

should be used, unless h(t) is known to be causal.

2.4 HMinimum Phase and Maximum Phase Functions

Tinimum Phase Functions

A reallcausal function h(t) is defiﬁed as a minimum phase
function if and only if its tranéform H(s) has no zeros in the
right half of the s—élane.' It is assumed that the high frequency
behaviour satisfies condition (2.32); which is discussed later.

The complex logafithm of H(s), iog H(s), is énalytic for values

of s where H(s)vis‘both analytic and non-zero. Therefore, Log H(s)
is.anaiytic in the right haif of the s-plane, because H(s) is |
analytic and non-zero there. This fact can be used to derive
Hilbert transform relationships between the real and imaginary

parts of Log H(s) on the w-axis. TLet

Log H(jw) = aH(w) + 3 6(w)

where aH(m) log-magnitude in neper

OH(w) = wininmun phase in radian
The Hilbert transforms relating ay and 8, are
-
et {x)
20 I
OH(w) R J‘;a ‘ wa dx (2.29)
0
o0
. . o ” f 6, (x) ‘
. fw) = o« 0) - = P 55 (2.30)
. - " 8 x{x" - %)



(P-1, p 206). Therefore, a knowledge of aH(m) allows GH(w) to be
determined. On the other hand, if GH(w) is knovm, then¢H(w) can
be found to within the constant aH(O)u ¥rom fhe a:alytic nature
of Log H(s),it follows that OH(w) is continuous and single valued.

Furthermore, from equation (2.29) it follows that

| _'eH('o)_' o

‘ OH(»w) = -SH(w)

. Therefore, GH(w) corresponds to the continuous single valued phase

function ﬁﬁ(w)<which vas discussed in Section 2.2.1; thus, in the

case of a minimum phase function:
g (0) = oylw) o (2.31)

The above discussion is based on an assumption of certain

behaviour of H(s) at high frequencies:

If Re s > 0 then -l—‘-‘Log H(s) — 0 : : (2.32)

as S —% o0

(P-1, p 207). This assumption implies that time-delayed versions

of h(t) are not winimum phase functions; this can be seen as

Tollows:
Let ooalt) = n(t +7T) with ¥ <O
Therefore - D(s) = H(s) &°" - (2.33)

aD(w) = aH(w) |
ﬁD(w) = Q)'H(m) + T
= GH(w) + 0T

Since ocD(w) = _ocH(m), therefore, GD((o) = F)H(w) and 95D(u>) = GD(w) +o0l,



’ l+-l_:.‘.

Therecfore, f’j';)({'*‘) £ B.U((-)) and so a{%) cannot be considered 2 minimum
phase function in the strict sense. From equation (2.33) it can be
seen that the zeros of H{(s) and D(s) are identical, since e~ ° has

no zeros for s finite. Therefore, D(s) has no zeros in the right

half of the s~plane. IHowever, using equations (2.32) and (2.33),

it follows that the high frequency assumption is not satisfied:

-:—]S-'-Log 'D(_s)_ = %-(s'ﬂ +-LogvH(S))v
=T £0 as s—+ 0 , for Re s> 0
Even though d(t) is not strictly minimum phase,it has the same
shape as h(t); for this reason the term 'minimum phase', in this

thesis, i3 sometimes applied to functions which are time-delayed

minimvum phase functions.

Maximum Phase Functions

A maximum phase function is defined as a time-reversed
minimum phase function; thus p(t) is maximum phase if and only if

p(-t) is minimum phase. Let
p(t) = h(-t)

where h(t) is minimum phase. Since h(t) is causal it follows that

p(t) is 'anticausal®:

p() 0 fort >0

The Laplace transform is

o .

P(s) = Xp(t) oSt qt
—w©
(4]

= p{-%t) St gy



he2

therefore P(s) = ¥H{-s)
Since 2ll poles and zeros of H(s) arc in the left half of the ow
plone, therefore 2ll peles and zeros of P(g) lic in the right

half. Putting s = jw gives the relation between the Fourier trans—

forms as
P(jw) = H(-ju) = H*(jw)

where the asterisk denotes the complex ccnjugate. The transforms

have the same magnitude and opposite phase:

g
)

¢
o\
P

¢§(w)

w (X,,.((L))
I

A g

The minimum phase, calculated from equation (2.29), is the same

for both

v

ﬁf(w)

Therefore | ﬁé(w)

eH(w)

—eP(w) h : (2.34)

Thus, for p(t) maximum phase, the true phase gﬁ and the calculated

minimum phase GP are equal in magnitude and opposite in sign.

As before, it has been assumed that at‘high fre@uencies
the assumption (2032) is satisfied; however, the term 'maximum
phase! is usually used without regard to the choice of timé origin.
In this'ﬁhesis5 the maximom-phase functions considered are restricted
to functions of limited tiwe duration; by suitably shifting the

time origin such a function can be made causal.



2.5 Commutational HMethod

This section describes computational methods which are fref
quently used in later parts of the thesis. The calculations werc
made using the computers of Imperial College (IBM 7094) and Uni-
versity of London (CDC 6600), and the graphs were plotted using
the Imperial College CALCOMPbplotter. The speech data were either-
synthesised during the execution of the computer programs,or

supplied externally from punched cards or magnetic. tape.. .

(i) Calculation of the Fourier coefficients C_1
Usually the periodic wave c(t) is only knowvn in sampled
form at equally spaced intervals of time; in this case the relevant

transform is the discrete Fourier transform pair (C-2):

-1
ol = —;— g ck.e‘J 2t/ s m=0,1, coo , H =1
k=0

N-1
0, 1, eoe , N1

0

i

Q

®
[
n

A

=

~

1

where(ll = number of time samples per period

c c(KT/N)

k

T/

the sampling interval

The coefficients C' can be shown to be trapeziodal rule estimates -

of the Fourier coefficients C_1 as follows: from equation (2.3)
1

T
£ %
j ct).e JQn dt

‘Dividing the range of integration into I equal intervals of width

m /n magadedention o e 1M /AT ‘. . Davas ST mer .l e b S e e e . ~{m
,-A-/,Ng .y_.lquLJ-nb‘ v = 1\»L/:-, (vx] — t'_ﬁ;.'.//}?, c.u:.\}. uOuJ.u.('J vilcl v \‘(O) = v(.l.),
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the tranczoidal rule gives:

c z-% :f kT /). o~ Ton TN gy

1 < -3
= E > o e jen kn/N,T/N

Therefore, provided that the sampling rate is suffiCiently"high,
Cﬁ"is a good esltimate of Cn. If the waveform is bandlimited to

below the Nyquist frequencyk% ;, S0 thét‘Cn = 0 for n > N/2, then

12
C_ = C! exactly for n < N/2; however, if the waveform containg
n n

components beyond the Nyquist frequency then aliasing errors occur
(C-2). In practice, the sampling rate should be sufficiently high -

to ensure that all significant components occur at less than the Nyquisc

fréquency."vThis,can’be'checke& by.recélcuiating, using ‘a larger value

of N, to see if this changes the results significantly.

v

Two library programs were used to compute the transforms:
HARM and FORTT (I-3). HARM is fast in cxecution but has the dis-
advantage that the number of samples N must be an integ?al power
of two. ¥ORIT does not have this disadvantage, sinée N only has
to be an odd number; the slower the execution speed was never a

serious disadvantage in the experiments.

(ii) Computation of linimum Phase Angle 0lw)

The values of H(jwq).are found from the Cn using equation
I

(2.5):

H(jow) = C_ . T



The log~magnitude of the spéqtrum, aH(wn), is then calculated;
from this the minimum phase GH(mn) can be‘found uging the Hilbert
transform, equation (2,29)7. A modified form of this equation is
more useful in practice:

20
{w) = -

ax (2.35)v

This differs from equation (2.29) by the term oy (w) in thé NUMETw
.ator of the 1ntegrand. Uhlle tho makes no theoretlcaJ dlfference,.
(B-1, p 338), it has the domputational advantage that the integrand
remains Tinite when x = w. This can be seen by applying L'Hopital's

rule:

“H( 1) (o)

lin o (%) - a (w)
H j31

X =0 2 -2 = 20 (2.26)
x” - w

The method ﬁsed to evaluate equation (2.35) is given in Appendix B.
Briefly, measured values of aH(wn) are used up to a frequency Wy s
bWWMvmﬁhitism@wﬁ%MﬁHydﬁTmm¢tomwﬂmeaw TFor
frequencies.greater than mL,the spectrél magnitude is assumed to

be proportional to mb:

H( jw)

for o > wL’

Hjop) -+ Cw/ey)” (2.37)

[}

or aH(w) aH(wL) + bilog, (w/bL)

l Another method is to form the function u,(gm), with spectral
wagnitude oy and phase Oy. IHy(s) can be written as

b

H(s) = F(s)j?. (s + sipds - si)

where s;, 1 = 1 to J, are all the zeros of H(s) in the right half

of the &-plane; these way be found using the Hewton-Raphson iter-
ative ucchnlquea This mnthod O\ l1rd1n§ 8 was used with success
- il

aaaey s Aol o AR ~al L,
ACVALCT LY 1D kL.L.s..l..L_VU..\.J
.L‘

.
\J
thle mecliod was nob nursued




This corvesvonds Lo the somi-infinite slone technique used by Bode
(B-1, Chapter 15)» Vhen H(s) has a finite number of poles and
zeros, b is the nuubesr of zefos minus the number of poles. Asymp-
totically,aH(m) varies at 6b dB/octave, and OH(w) approaches'IBﬁ/El
- radianse.

A éomﬁuter prbgram, in'subroﬁﬁiné qum,'haé Beéﬁ'writtén
to cémpute GH(mn) using the’abéfe'principles; this is described'in

Appendix B. The input data required by the subroutine are:

(L + 1) number of values of ay supg}ied;
al(wn) 'n=0,1, v.. , L (neper), spectral log-
magnitudes;
b high frequency slope beyond w3
(X + 1) number of ‘values of Oy required;

The program computes the minimum phase: GH(mn); n=0,1, eee , K

Example (iii)

The subroutine was tested on a function known to be minimum
phase:

(s + sc)(s + sc*)

H(s) = (5 + 5 )(s + 57)(s + 55)(s + 85%)

MNunerical values:

770 Hz;

mA/Zﬁ = 4]0 Hz: wB/Zn = 1270 Hz; wy/2n

n
H

gh/zn 50 Hu; Gé/Zn €0 Hz; oé/2n ‘= 55 Hz.

The corresponding pole-zero pattern is showvn in I'ig. 2.5. The
spectrun vas computed at multiples of 200 Hz; from these values,

P T Y N . Lt A ~o- “
LULIVU LE U~ LAV L/ less el prlrlioa ol ) oun
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énd is showm in vart (a) of Fig. 2.6. Parts (b) and (¢) show the
curves for aH(w) apd ﬁi(w); these were obtained by computing values
at a‘50 Hz spacing and joining the points with straight lines. In
practice, of course, when c(t) is the oﬁLy available data, it is

only possible to calculate aH(w) at-multiples of 200 Hz, the funda-

- mental frequency; .these points are marked on Fig. 2.6(b).. The
minimum phase GH(wn) vas cqmﬁuted uéing thesé values, and beyond
12.8 kHgz aH(w) vas assumes to foll at. -12 dB/bctave,vsorthat'b = —20:
The values obtained are marked on pért'(c) of the figure. Ccmparison
of numerical values of GH and ¢ﬁ shows that the errors are less

than 20 degrees for this example.

Part (d) shows the time function CM(t) vhich was computed
from the same spectﬁn‘ magnitude aﬂ(wn),but Qith speclral phase
gqual to OH(wn) instead of M{(én). Comparison cf c(t) with CM(t),
in parts (éj and (d) of Fig. 2.6, shows the effect of the phase

errors,in the time domain.

The method gives reasonably accurate resulis despite the
‘wide spacing of 200 Hz between the harmonics and the rapidly fluc-
tuating nature of the spectrum I{jw) in the region 300 to 1400 Hz.
Other examples with smoother spectra were found Lo give less error;
Closer spacing of the harmonics was found to considerably reduce
the error; trapezoidal rule integration produces error proportional
to the square of the spacing of harmonics (H-3, p 132; M-5, p 165),
When ninimun phase calculations zore made later in the thesis, the

significance of the

D
0D

rrors ic assessed for the particular appli-

cation involved.
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The Fourier analysis of transient and periodic waves has
been outlined, and tle fact that the spectrum of a periodic wave
can only be found at the harmonic frequencies has been emphaéised.
The phase is o multivalued functian and this presents dif
“pérﬁiéuiéfiyvﬁhenAthebépeqtrum is bnly-knowﬂ'ét tﬁe harméﬂic fre~
quencics. A nethod of selecting the'phase values has been des-
cribed vhere the values are chosen on the basis'df minimum - first
differences. It has been shown that if the time origin on the

periodic wave is incorrectly chosen,this method fails.

Some properties of the Laplace transform were discussecd,
and this transform was used to describe minimum phase and maximum
phase functions. Methods of computation, which are used later in.

the thesis, have also been described.

g
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TRALRSHISSION PROPERTIES OF W15 VOOAL TRACT

‘The transmission properties of the vocal tract, frem the
glotiis to the outside abtmosyvhere, are considered for the three types

of sounds which were diccussed in Chapter 1: non-nasal vowels, nasal

congonants, nasal wvowsls. For the first two types it is sheown that
chie transmissicn is minioum phase; fer the third tyre the possitdity -

of non-mninimum phase transmission is dluCJosed-

%+1. The Vocal Tract as an Acouatic Tube

In the analysis of volced sounds, tihe vocal tract is normally
modelled os a tube whose cross—sectional area varies aleng the length
of the tract and whose transmission funckion is linear. The input
ginttal flow stimulates the vocal tract, producing an output pressure

esponse; this is neasured at a peint a few inches in front of the
mouth. The accuracy and useiulnesgs of this approach'has been well est-
ablished by many vorkers, notably H.KX. Dunn in 1550, C.G.M. Fant din
1951, and E.S. Teinel in 1955 (D-1, F-3%, W~l). Ucing this model they
were able to synthesis calistic sounds; it was dso pessible to relate
the formant Irequencies to the shope of the tract as measured by x-ray
techniques. R.I. Miller estimated that transmission paths other than
the vécal tract, such as tareat aud chest radlation,account Tor at

most ten wer cent of the whal speech energy, and probably nuch less

(it=1, D.073)s

For ireguencies bvelow Lo kily, where the waveleongtll is Larse coi-

asdlong of the tract, the sound nropagation is
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tract. Thd basgis of aunlysis is the horn ecquation (W-2); this is often

{

called "Vebsterts horn equation' despite the fact that Bernoulli, Zuler
and Lagraﬁgo ail defifcd the cqﬁation mére than one hundred and fifty
years hefore Wébster (E~1). Ixcept for special tube shapes, the horn
equation is difficult to apply. In;tcad thie tract i" usuarly approx~
imated:by a nuwber of abutting uniform tubes, as shown in figure 3.1.
Provided that a sufficiently large number of tubesbis used, a good
approximation can be obtaincd (D~1)F

The transmission éf the vocal tract is linear, so that the
output £(t) is the convolution of the glottal input g(t) with the
vocal tract impulse response v(t). Convolution in the time domain

corresponds to multiplication in the freguency donain (I-2, p. 1082);

~thercfore the relevant equations are:

£(t) = g(L) % v(t) . ) _
' ; ) . _ o » (3.1)
: F(s) = G(s) » V(s) ) T :
where (%) = output nressure in front of mouth (newton metféka)
() = glottal pulse volume velocity (motre” seckl)

?)

v(t) vocal tract ilmpulse response (newton metre

and F(s), G(z) and V(s) are the Laplace transforns.

3.2, Hon-nasal Vowels

During the utierance of o non-nazal vowel, the nasal npath is
closed by the coit malate; all tronsmicsion is through the oral cavity
and the sound radiates Trom the mouth. Weibel (W-1) noag showm that dn

thede civcumstances the tramsuission functicn V(s) is an all-pole func-

tion, except that the radiation factor introduces & zero at s = 0. Thero-

(@]

Tore V{s) has no zeros in the right half of the s-plane and consequently



v

is derived fron the

hase. Welbel's nroof

idszion is minimun-n
horn equation and does not require the approximation of the tract as a
minimum phase

it

e

numoer of abutting acoustic tubes. A simpler proot of the
is approximation, is now given because it-is

o

t

B :
conceptually helnil. -

fcoustic Tube Model _
' |
\\
Consider the section of tract adjacent to the glottis in figure

3+1; this is shovm again in figure 3.2. The transmission equations

tube are (refer D-1):
(3.2)

for this
Kd + U'l « b
1 c

.sinh ¥ a

N N

P = P .cosh
U .coéh ¥ d

o
U :Pl.(l/Zc).silf.lle % 1
1t and output pressure;

espectively input
- n volune vebocity;
. —

e
1

U 1 H
d iz cylinder length; ‘
U N . . R
) is the propagation factor.per unit length;

¥ = V%R + sﬁ)(G + sC
R éorrospond; to viscous loss ver unit 1cnbgh;
G " n neat 1 n n 17 ;
L = f)/./\; C = 1\/./002
: f’ is density of air in the tube;
¢ is veloeity of cound in air;
A is cross-scetional orea of tube:
Zc = Jka + SL)(G + SC)'lu cﬂalactoristlc invnedance.
Lot the accustic dinput dnpedance of the next tube be Zl = ‘l/ﬁl 3 suhe
stituting this Zn ecquations (35.2) wyieldos the tranéfor ratio
/P = 1/ (cosh¥d + (% /%) minh §d)
1" 7o c’ L .
Maiz 2otic duo o funcvicn of 5 oand 1vs mceros o;ou: at the poles of the
denominator, Since¥ remains finite fov 5 finite, then so do the tevins



\a
-

7/' o Ur- S
p 5. p \’N\l\‘l By
e Uit Una
w iy
|

Vocal tra

glottis (for non-nas al vowel) mouth
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Figure 3.1 Vocal Tract Approximated by a Number of Uniform Tubes.

N

Z2 = characteristic impedance

¥ =

propagation factor per unit length -

Figure 3.2 Uniform Tube (Next to Glottis).

o 1. .

Zc o tanh( Yd/2 )

o3
it

a

% =5 / ciah( ¥d/2 ) , (refer D-1).

Figure 3.3 Electrical Equivalent of the Uniform Tube in Fig., 3.2 o
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cozh ¥d and sinh ¥d; therefore any zere of the transfer ratio must
oceur cither at o »ole of ¥ or ai a zcre of Zl, since Zl and Za are
tuc-torminal imedances, therefore all their »oleos and zeros lle in the
left half of the s-nlane, vecause obhorwisd they would bo eithor short

circuit unstable or open circuit unstable (G-1 Pele)s
? L

has no zeros in the right half of the g-plane; thus tunsmi

throush a uniforin tube is oalways mininum phase regardl

load. Now, the vocal tract consists of a cascade of H

50 the overall response is .
» (s) ?.(5)
y
T(s) = i = zo(s o
T ~ el o
I)O(u) .!.O(u)
> (s P (s
) P, (5) 5 (3)
= Y4 (S) . .

where % (s) Po(s) / Uo(s).

Bach tern is minimunm phese and therefore the overall r

nininun phase.

Llectricel ‘Nelwork Model

:
ence Pl/PO

scion
ess of the acoustic

similar tubes and

s e so0

30

csponse is al

Tor comoone vith an eloctrical cngineering becliground it is
conceptually helpful to represent the vocal tract in terms of an equiv-

alent elactrical network, where the volune velcocity is

represinted by

current, anG the pressure by poteatial dlffervence. The ;niform ube of
figure 3.2'can be represented by the T - nelwork shown in figure 3.5
(D-2). The transfer ratis of Shis networin is
g Z]
N i Ty b 24y + (G 7 By) B/
where Zl = ?1 / Il ig the input impedance of the next section. The

\A
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any, onlyr

con

s-planc bccausc_Za, %, and Z
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Y

the transfor ratio Tl / = u is minimunm vhase. It is again
that the vocal tract has mininmum phase transni

resented as a series connection of T.- networks, that-is,

nctﬁork (G=1, p. 477).

Naoal C g onuntu.

During nasal consonants the
the oral cavity is closed by
tongue in thc-cases of /n/ and /5/.
grammatically i
figure %.5. The oral cavity
resented by o shunt impedance in
the

depends on shape and sizec of th

ocenr at
~ These all

are twe-terminal impedaces;

the lip

The electrical eg

acts as

56

the noles of 7

_, or the zeros

Jie. in the left half of the
thereforn
concluded

ssion because it is rep-

a ladder

sound output is from the nestrils;
5 in the case of /n/, and by the
This situation is represented dia-

uivalent ig shown in

a shunt resconator, and so it is rep-
figure 3.5, . The nature of this imnedance

oral cavity, which ih turn depends
b o~k

on the sound being uttered, Injimura (F-1) showed that, in addition to

4.

formant pdl.es,

.which are due to the shunting effect o

resulté for /m/ show one
™r /n/ the oral cavity is smaller
frequencies:
3 kHz, which vas the upper iimit of

cavity is ex

the vocal tract bechoves as

fV]

raunge;

PR L e s eyt s
and nasal cavi Tl This situation is

antiformnant at 1 klz

yand

-~

chie vocal *“ract has transmission zer Oo,or "antiformants,

1y

the oral cavity. Typical

and a second at 3 kHz.

the antiformants occur at higher

the first occurs at about 1.7 kHz and the sccond beyond

the experiment. For 4]/ the oral

tremely sm~11l and the transmission zeros lie outside the % kilz

single tube made up of the pharynx

analogous ©o nov-nasal vewels,

vhere the single tute tract has a transmission function which is all-nole
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Nasal cavity [ Ny Nasal output

(

Glottis{ Pharynx Orzl cavity Zero cral output

Figure 3.4 Diagrammatic Revresentation of the Voeal

Tract during a Nasal Conscnant.

.0 LT— - == O T ---- 3o

. P Y

Glottis , gii;&t
0— ' : > o

| Input inpedance

‘iof oral cavity

Figure 3.5 Electrical Equivalent of the Vocal Tract during

a Nasal Consonante.
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except for a radiation mero at s

Tor nasal consonants tne vocal tract has minimum vhase
transmission; this can be seen by reference to figure 3.5 where it

can be seen that the vocal tract is equivalent to a ladder networl:.

When a vowel is nasalised, the soft nalate is lowered forming

twoe transmiszion oath one through the nasal cavity, the other through

the oral cavity. There is sound output fiom the mouth and nostrils;

these outputs combine in front of the swve dfo" hezad, as shown in figure

2.6+ The clectrical equivalent is shown in figure 3.7 where each of
the paths is represented by a -ladder networlk. Using the arguments
tne previous two secticns, it can be seen thot the

- path is minimum phase. However the combined transmission function is

r

©®

not necegsarily nininum phose 'his statenent can be illustrated by

he following sinple cuanple.

Cousider two minimum phase functions Fl(s) and FZ(S)’ where

1 -1
S¢ + 25 + 1L + be

L £5]

~~
0

~r
It

0
]

The poles of theso functione lic in the leit half of the z-plane,

shovm in figure 3.0. Let T(s) be the sun of these two functions; thus.

il
]
~
a
~
it
LA
—~
&
~r
-(‘
=
—
2]
~

- - 2
= 8”7 + !',52 + s 4+ 3+ Db
- ;
\ 2 v N 2 2
(s + 1) (8" + 25+ 2) (57 +25 4+ 1L + b )
£11 the peles of I, (s) and sa(s) MJP car in T(s) with uachanuged pos vu¢gns,
. S
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‘Figure 3.6 Diagrammatic Representation of the
Vocal Tract during a Nasal Vowel.,

Nasal
output

Glottis

o— v

Figure 3.7 Ilectrical Equivadent of the Vocal Tract

during a Nasal Vowel.
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Figure 3.8 Example : Two Minimum Phase Functions.

IXCO

X’ b =\ 52
|
F(s) = Fl(s) + F(s)
° 2
3 ©
|
{ S :
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Pipure %.9 Txample: A Non-minimum Fhase Function which is

the Sum of Two Minimum Phase Functions,
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hovover F(s) has zercs nol pre;ont in Pj(s) or F2(3)° These zZeros
correspond to the zeros of thé numerator voiynonial of F(s); they
lie in the Yeft half ¢! the s-plane ﬁrovidéd tﬁat the polynomial
is viurwitzh, Applying the standard tesﬂ for Hurwilz character -

3

(refer G-1, .19 8-5, n.L27) it can be shovn that the pelynonial

. - . 2 . S
is Murwitz if b <2i; if b >21 then zeros occur in the right nalf
of the s-planc so that F(s) is non-ninimwd phose. For cxample
2 1.4 _ . ' . - .
suppose b = 52: the correspending pole-zero npattern of F(s) is
shevm in figurz %.9, where two zeros are In the right half of the s-

planc. This illustrates the Tfact that the sum of two minimum phase

functions may be non-ninimun phagse.

For nasal vowels, the volume velocitles at the mouth and

nostrils, respectively U” and Un’ are related to the glottal volume

velocity U0 s follows:

Um(s)/Uo(s) a Nm(s)/Dm(s)

Un(s)/UO(s) (1-a) Nn(s)/Dn(S)

The quantity "al" determines the provortion of Tlow from the mouth.,

{te

Tor example, a = 1 when the entrance to the nasal cavily is closed by

the soft nalate, so that all output is from the mouth. The functions

1es
-~
-

" Dq, Hn and D_ have the forn of the following polynomisl of ot

o
T (1- s/5.)
. ik
i =1
where the =, ore e zerces of the polynowizl (¥-2, vn L2-45, » 130).

Thig wolyuonicl can be well onproximated over o linmdited frequency rense,

using the first few zeros and a correction factor for the omitted zercs



(F-2, pp. 19-51). It should be noted that, since both the oral and
nasal paths have minimun phase transmission, all the zeros 55 lie

in the left half of the s-plane. Therefore Nn’ Dn’ Hn and Dn are all
. i 3. -

flurvitez polynomials,

The sound prescurec produccd in front of the speaker!s head

are given by the following approximatc cvpressions:

Pw(s) = Um(s) « _SP , comn (-sr/c) )
* ' Lire v SRR ) '

P (s) = U (s) . 5P, cxp (-sr/c) g (5.t)
) : Lwr ‘ )

wherei>is the dengity of air, ¢ is the velociiy of sound and r is the
distance of the peint of observation from the speakerts face. These
équations assume that the sources are spherical, and that the poinf

of obscrvation is equidistant from nose and moﬁth (F~8, p.35).  Combining
equations (3.3) and (3.Lh), the overall transmission of the vocal tract

is obtained:

Ve = @ e @] /e
= sf . exp (-sr/c) , aHm\s) + (1—3).Nn(3)
IJ.N" >
LR B Dm DH(S)
s [ a1 (s - ) (s) S
_ P, exp (mar/c) ' Qnm( an(s) (2 ldn( "Dm(‘)
LT D, (s).D (=)

the zercs of the dencminntor term

Dm(s)' Dﬁ(s) 5 - these in turn cimply correcpond to the poles of the
individunl nasal and cral nathe.

The zeros cf V(s) correszpond to the seros of the nuwnerabor term:

af (8). D (5) + (1-a'),np(s).nr_(s) o (5.5)



There 45 o eirmsle pelobicn bolween
and the zeros of V(s); hovever a few remariks can be made about the
expression (%.5). It is the sum of two Hurwitz po lsnonials; therefore,
since Hurw’t polynomials always have roal and positive coefficien
it is a polynomial which élso has real and positive coefficients. Such
a polynomial is always Hurwitz if it has degrec less than three; if

it has degree of threc or more then it nay be ﬁon-zurULuz, so that
V(s) would be,noneminimum phase (G-1, p.lG).._In fact .the degree of
expression (3.5) is nuch higher than three, as can be seen from the
following argument. The work of Fujimura'(?-l) indicates that, invthe

rane C toe L klz, there are two antiforuants in the nasal path, and four

as

fornmants in the cral path. This suggests that [ (s) .+ D (s{] is of

prs

erder (2 + 4) = 2 = 12; thus a polynomial of desree at leas
. ) :

twelve 1s ueeded to adequately represent expression (5.5). It there-

fore appecrs possible that non-minimum phase transmission occurs during

nagal vowels.

The fact that non-minimum phoge transmission is only possidle
whcn.thcre are two separate transmission paths; as in nasal vowels,
suggests a wevhod of detecting the occurrence of nasalisation of
?owols. If, by analysis of the acoustic woveform of a voiced socund,
nen-pinimve phase transmission con be idgntifiéd, it can be concluded
that the sound is & nasal vowel. This is of interest in this thesis
becanse 1t suggests that, vy retaining the phase data; inferences cén
be nmade waich would ol

exarined in Chanter g.
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CHAPTER L

PROPERTIES OF GLOTTAL VAVEFORMS

HbThiSvéhapfer deécribes methods whidh h§#e-Eéeﬁ uséd by
researchers to determine laryﬁx behaviour during voiced sounds,
Aahd the results thus obtained. Uéing.theée reéﬁifs.és a Basis,"v
the spectrel properties of glottal pulses are investigated at
high and low frequencies. The high frequency properties prove
to be useiful for later chapters. The low frequency properties;
while not of direct use in this tﬁesis, are included because they
are relevant to the pole-zero fitting technique (M-3, H-L); this
is discussed in the concluding chapter.

]

L,1 Previovs Investigations of Larynx Bechaviour

Three methods of investigating larynx behaviour are des-
cribed: high speed photography, iﬁverse filtering, and the use
of mechanical models. These methods have given valuable infor-
maltion about the vibration of the vocal folds and the air flow

between theom,.

holol Hi-h Sﬁeed Pholography
The moticn of the vocal folds (see Fig. 1.1) was studied
hy Farnsworth in 1940 (¥-L) using a camera with a picture rate
of LCOO per second. The technigue . was to position a mirror at
the back of the threat near the soft palate, mzke suitable

plac

the camera in front of the mouth,

in}

lignting arvrangemnents,
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nd film the vocal folds in motion. When the nictures were projected

0

at reduced speed the dgtailed motion of the folds could be observed.
The films showed ﬁearly veriodic vocai fold vibration, usually Qith
a finite interval during which the vocai folds closed cbmpletely;
during this interval the glottal flowwas necessarily éero. The
" 'duty ratio! d, defined as the proportion of time that the voca1 
folde are opeﬁzwas usually in thé range 0.3‘t6V0.7. Sometimes,
.when .the vocal effort was lqw,,thekvocal félds.vibrated,without.v

élosing at ali.

In 1958 Flanagan (F-5) used films obtained by the above
method to calculate g(t), the volume velocity of air flowing
through the glottis, as a functioﬂ of time. The photographic data
was used to determine tihe area of the glottis. Using measured'
values of sﬁbglottal air press&re he estiuated the glottal fiow.
The waveforﬁs he obtained for glottal fioﬁ were similar in shape
to the area variation waveforms: they were unidirectiqnal pulses

separated by finite intervals of zero glottal flow.

The photogfaphic technique gives useful information about
the physical operation of the larynx, but it is inconvepient aﬁd
expensive to implement. Thé speaking conditions aré unnatural,
due to the presence of the mirror inside the mouth and the
.necessity to restrict the movement of the. tongue so that the
vecal folds are not obscured. The noise produced by the camera
‘can interfere with acoustic measurements unless the camera is
bhouscd in its ovm soundproof chamber (G-2). Furthermore, it is

not easy to deduce the glottal flow from the observed vibration.
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5.2 Inverse I3

In 1959 Miller (M-l) described the method of inverse
filtering,‘which.is extremely useful for investigafing glottai-
Tlow. No inétrumentation inside the mouth is required, and the
method yiclds thg glottal flow waveform airectly, rather than the
area variation of the glottis. The method is based on the source
— tract model of speech prbduétion, where the speech output (%)
is the vocal fract response to a glottal input g(t). This was

discussed in Chapters 1.3 and 3.1; from equation (3.1):

£7((t) = glt) « v(t) (4.1)
Ms) = aGls) . V(s) C(4.2)

The idea is to pass the speech through an adjustable filter whose
transmission function is V_l(s), the inverse of the vocal tract
transmission, so that the output of the inverse filter is the

glottal flow glt).

At Tirst sight, it may appear surprising to introduce tyo
variables, v(t) and g(t), when only one, £(t), can be measured:

for any given £(t) there are infinitely many ways of choosing v(t)
and g(t) to satisfy eguation (4.1). However, this repfesentation
allous two known constrainte to be introduced, enabling the ‘decoa-
volution' of v(t) and g(t) to be achieved. These two constraints
are vased on knowledgme of sveechvproduction. The first has been
nertly discussed in Chapler 3: for nﬁn—nasal vowels the vocal tract
tronsmission function, V(s), is a minimum phase function which

has poles but no zeros except for a radietion zero at s = O..
farthernore, in the ronge 0 to L kiz, V(s) can be well a@proximated

. -~ - . (
by using four complax poleovairas {formants)
A = “ o L B R U S .



for the reunining Lirh {reguencr noles, and o zero at s = 0 (F=2,
p 50). The inverse netvork, V_l(s), has four zero pairs which are
made to coincide with the poleé of V(s). Tor prac.ical reasons
v~1(s) does not have a pole cxactly at s = O, but near cnough to
provide a good approximation at the lowest expected fundamental
frequency (about 80 Hz). V(s) also contains a mulfiplying factor
which depends on distance from the mouth (see equations (3.4));
consequently, the method gives the shape of the gloltal flow wave-

form rather than actual flow values. The positions of the formants

vary.considerably, and so the corresponding zeros in v"s) need

(2

to be adjusted accordingly; the adjustments asre normally made
manually. Figf i1 shous the inverse filtering arrangements in

schematic form.
The criterion for adjusting the inverse filter is based on

the second constraint::the glottal wave g(t) consists of a sequence

of pulses which are usually separated by a finite interval of zero

glbttal flow. When the filter is incorrectly set, the uncancelled

poles produce ripples which are clearly evident on the outpﬁt wave--
form, particularly during the interval of zero glottal flow.
Adjustment is contiﬁued until the ripplés are removed. VWhen the
adjustment is correct, the positions of the zéros of the inverse
filter coincide with the formant frequencies of the vocal tract.
This can be checked by cowparing the zero positions to the formant
frequencies as measured from the spectrogram of the sound.

Another way of checking is to verify that, for a given speaker
uttering a given vowel, the adjustment need not be changed as the
speaker choanges his laryn: frequency and vocal effort, pfovided

3 Tlan 3 Lt mma ~ e ede o -
R ory! [
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the outvut of the inverse filter shows the effect of larynx fre-

quency and vocal effort on the glottal waveshape.

The success of the inverse filtering technique is a con-

vincing praétical denlcnstration of the accuracy of the source -
tract modeld of speech preduction. The method has heen used by
several researchers: Miller (M-1), Gill (G-2), Holmes (H-h),-
Lavrence {(I-1), Carr and Trill (C-4). Their results show that

a finite interval of vocal fold closure occursvunder most con-
ditions, in agreemeﬁt with the results of the photographic method
discussed above. When vocal effort is small, closure does pot
alwvays occur; even in this case the adjustiment of the inverse
filter is fairly easy. The shapes of the glottal pulses vary
widely, being different for different speakers and for the same
speaker at lifferent times. However, for most speakers the form
and even the fine detail of the pulses do not change suddenly
during.the utterance of a vowel. In most cases the pulses show
steeper slope at the closure than at the opening of the vocal
folds. The method has also been used nn the voiced fricatives
/v/ and /z/, where the glottal waveform was obscured by fricative
noise to a great extent (M-1). There have also been soﬁe attem?ts
to auvtomate the a&justement cf the inverse filter, but these have

had only limited success (L1, H~5, T-1).

The glottal source is not independent of the properties of

the vocal tract: the glottal flow is affected by the loading of

the vocal tract

A5 }
;‘j
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<
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e}
[
o
)
o
()
®

, which in turn depends on the
configuration of the tract. A feature oi inverse filtering is

.

that this offect is included, the result corvesponding %o the

=1

vlottal ilow actually produced. ‘The transmission of the inverse



miscsion of the voenl itrazt,
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lter can be uced o delermine the fre
and this depends on the tract shape. Therefore, the setting of the

inverse filter is closely related te the configuracion of the vocal

organs other than the larynx.
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h.1.3 Computer Simulation of a Hechanical Model of the Larynx -

Another method of examiﬁing the béhaviour of the larynx is
to model its physical properties; such a model has beeu simulated
using computér techniques (F-6, F-7, F=10). Proﬁerties such as
lung volume, subglottal pressure, tension and mass of the vocal
folds, and vocal tract ccnfigﬁration viere vaken intoc account.

The glottal flow and glottal area waveforms obtained in this mannér
shoved general gimilarity to those from the methods described
above. There was usnally a finite time of vocal Iold closure.
However, for the first few cycles at the ounset of voicing, and
sometines when the subglotial pressure was very low, the vocal
folds vibrated without closing. The variation of glottal area

was similar to that obtained by photographic methods, with the

area increasing and decrecasing in an approximately symmetrical

manner and with a single peak.

The volume velocity flow of air through the glottis
differed from the area variation in two main respects. Firstly,
the volume velopity wave generally had a steeper slope at the
closure of the voecal Tolds than at opening; this is consistent
with results of inverse filiering discussed earlier. In Seclion
L.3 it is shoﬁn that this tas a significant.effcct on the spectral

phase propertics of glottal pulses. Secondly, whereas the area

- RPN | 1.3 IR AN | ~a o
-y 3 vt ot R R N o T e Bk N - e m a3
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was coused by interacticn between the source and the input imped-

ance of the vocal tract; the frequency of the osciilations corres-
ponded to the [irst formant. This happens when the impedance of

the glottal source is not large enough, compared with the vocal

- tract impedance, to be considered as an infinite impedance source.

This effect was scmetimes sufficieunt to reverse the direction of
air flow through the glottis (F-10); however, in most cases the
flow was unidirectional. The oscillations cannot occur during

vocal fold closure, when the flow is zero.

h.2 All-zerc Rewresentation of Glottal Spectra

In most cases the glottal flow can be well approximated
as a sequence of pogitive pulses separated by an interval of zero
glottal flow. Tig. 4.2 shows a typical glottal pulse g(t), where

T

is the period and TC is the pulse duration. It has been pointed
out that the Laplace transform of such a pulse has zeros but no
poles (1i~3). This can be seen from the dafinition of the Laplace
transform:

[ © st '

a(s) = 5 g(t)oe™ " dt (b3

o
The ronge of integration is finite and, for finite values of s,
2

so ig the integrand; therefore, G(s) is always finite and has no

poles.

Example: Consider the raised cosine opulse:

0.5.(0. -« cos 21 /T ) for 0 <t < T (nn)
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"his 45 shown in Me. 4.3, The Taplace transform is

G {g) = - e . (b5

. -

(refer I-2, p 1014). The zeros of Ge(s) occur at where

S, »
k
T2

5, = EﬂK/LC, k=2, 3 etc. These zeros lie on the w~axis of
. £

0N

the s~-plane with an asymptotic spacing of 1”? Hz; this is shown

L.% Globbal Specira at Hich TFreguencies

The initial value theorem (P-1l, p 186) can be used to deter-
mine the asymptotic high frequency spectral behaviour of a fuuction,

A

nrovided that the function is continunus and has continuous
derivatives everywhere-except ¢ at t_: C. Glotial puloes do not
satisfy fhis condsi tion becagse there is usualily more than one
pqiﬁt wvhere the derivatives are discontinems. Tt is at these
points of discontinuity that the vocal tract is excited and the
formant cscillations on the speech waveform can be seen to begine.
Inverse filtering experiments show that the major points of dig-
continuvity cccur when.the vocal folds open (¢ = O) and when they
¢lose (4 = TC) (-1, H~b); the results from the mechanical model

T

of the larynx suprort this observation (FT-7, F=6).

Hathews el al. (M-3) considered hipgh {requency pronert.

&

of glottal spectra for the case vhere the glottal wsve had a dis—

continuous first derivative. The following discueszion is an
xtension of their woirk to bhe case wvhere the Jdiscontiniiy occurs

in o nicher order derivabive.

Tet the o order derivatzve ve definod oot



ge(t) = 0.5 -~ 0,5 cos 2ﬁt/Tc

A

1 =

0

R

0

Raised cosine pulse

Zeros of Ge(s)

Tigure 4.3 Duzample of a Positive Pulse and its Zero Pattern.
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n :
. >(4) .
;Fn)(t> . 0n ey » : (4.5

at™

Suppose that this.is the lowest order derivative which is non-zero
either at t‘= Oort = Tc or at bothl. Furthermore, suppose that
g(n+1>(t) is finite in the range 0 < t < T , so that g(n?(t) is
continuous everywhere excgpt when t = 0 or t = Tc' At these twq

points the magnitudes of the discontinuities are respectively

g(n)(o +) and g(n)(TC ~), where

g(n>(t) just after t = O;

g(n)(o +)

E(n)(TC ~) = g(n)(t) just before & = T_.

Integrating equation (4.3) by parts (n + 1) time yields:

STY
g (0 +) - gkn)(T ~)_ -slc
Gls) = nil § )
s T g(n'l 1)({;). -st at
(o)

Consider the high frequendy behaviour of G(s) vhen s is large and
near the w-axis, so that |w| > |o|. If |g<n+l)(tﬂ < M for
0 <t < TC, vhere ¥ is a constant, then the integral term has
magnitude swaller than (1 - e—STC)M/s; hence, for s large, this

term is of order 1/s and czpn be neglected. Therefore, a high

Q
~~
o]
~—

1 [gm)(o RN e-s'l‘ci\ (o)

o n+l
o

The high frecquency zeros can be found by putiing G(s) = 0 in this
equation: the zeros arc equally spaced at 1/T' Hz in a line parallel
C .

to the w-oxis with real vart 07, where

=
g
—-t
—
[
o
=

It im oomwmed & nts of digecontinuity, glt) i

;
T Y O S, R [ S T
order t%) yhere n is an intepger
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Vhen the discontinuity at closure is larger than at opening,

g (TC —)l :>lg<n)(0 +)| ; hence 03; is positive and the ZeTos

2 - L g o)
the other }diﬁd, il wde

'openihg disceﬁtiﬁuitj is 1éfgéf,.fhen the zeros lie in the leff

half of the s~plane.

.-Whon.g(t)vis é minimum phasébfunétiég ﬁhefelaré ﬁéuspeéfral
zeros in the right half of the s-plane; therefore, a minimum phase
Pulsé rmust have a larger discontinuity at opening (t = O)_than at
closure (t = TC). Conversely, a maximum phase pulse must have é

larger discontinnity at closure than at opening.

The above theory can be illustrated using the previous
example of the raised cosine pulse (equation (h.4)). TFor this
case n = 2 because the second derivative is continuous except

when t

it

O and t = TC; furthermore, the two. discontinuities are

of equal wagnitude. Consequently, from equations (4.7) and (4.8),
the high frequency spectrum should be of order 5_3, and the zeros
should be spaced at l/Q:Hz on the w-axis. Inspection of equation
(4.5) and figurelh.B shows thatl these indeed were the results

obtained.

Asymptotic Phase

The phasze of glottal spectra at high freguencies docs not
to have been examined before. It is considered here,

because vie resuiis prove to be useful in later chapters.

Putting s = jw in cquation (4.7) gives

75 -
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1 f n), \ Ay .
Sy ‘F(" (O 4+) ~ ;(n)(f B (4.2
(jw)DHJ' L A : c
The term (Jm) has .a constant phase angle equal to an integral

multiple of n/2 radians. The phase angle of the term in square'
brackets is nou considered. TFor the case when the opening dis~

. ( ) (n) : .
continuity is larger, that is (o +) > |g (T ; then
the rhase anvlo ogc1llqtec about a constan+ value as can be seen
from Fige Nelte The osciliztion is a periodic funcition of w, with -
period 1/TC Hzy furthermore, the phase is fairly constant varying

+ ;
less than = /2 about a constant value.
How consider the case vhere the greater discontinuity
. (n), .~ (n),, .
occurs at closure so that |g (O +) < g (fc =)} . Equation

(4.9) can be writien as

- ‘n 6T 30T
- G(5w) 1 g(n) (T, -) - _g(n)(o +) . eI, eTIe

( jb)) n+l

553

Using a sinilar argument to the above, it can be seen that the term
. S Py iy A + s
in square brackcts is confined to the range - 7n/2 radians.

~ ~ JwTq | . .
However, the term e Jote produces a linear phase shift component.
If the tlne origin is shifted so that the new time varlable is
zero at the closure point, then this linear phuse shift term dis-
appears. With the new time oripin the phase curve oscillates less

N - . b3 ) a
than - 71/2 radians ahout a constant value as before.

Therefore, i1f the time origin is chosen at the point of

eater discontiauity, then at high frequencies, tne phase curve

7%

Tluctuates about a constant value with deviation less than I w/2 radians,

The above arguments have been restricted to cases vhere

the discontinuities occur only at the onening or closure of the



| A
Bl

B

8

[(jw)n.:'l(:’:(jwﬂ = E(Ii)icii) - g(n) (TC_> e—jm'I"cE]‘ o

.- < \-
(n) 1 -j(OT \
g o) oITe
7/\< g o e \
' \
™. A
\‘/\ Ip>Re
E,‘(n) (0+) /

R&’lsé to vhich ~._ N : : :
phase variation N | s
is limited e
\7\ Locus of

Note: f, is phase of G{jw);
k™ is an infeger,
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vocnl foldz. The remalts of nrevious invcstiratioﬁs, Cemeribed
in Section 4.1, show that these are indeed the points where mujor
discontinuities dccur in glottal pulses. The above theory can be
extended to cover situatibns where more than two discontinuities
occur; this is done in Awpendix C. It is shown there that, when
the time origin is chosen at the dominant discontinuity (the
point of "maximum excitation'), tﬁen the phase curve varies less
than * 1/2 radians about a constant value. This is important if
a slowly varying phase curve is required,'which is the case when

using the unwrapping method described in Chapter 2.2.2.

L. Glottal Svectra at Low Frequencies

i~y

The description of the vocal tract transmission in the fre-

quency comain is a very compact one: for non-nasal vowels only four
formant positions need to be specified to ‘give an accurate des-
cription, as explained in Sectidn L.l.2. -Unfprtunately, the
spectral description of glottal pulses is not so simple and it is
difficuit to make many simple .and rigorous statements about
glottal . spectra . The previous section showed that the high
frequency properties can be related to the time domain propertie;
of the pulses. If the pulse g(t) is assumed to be -unidirectional
it is possible to malie some further statements aboul its spectrum;
this is the purpose of ‘this section. It was pointed ovt in
Section @01;3 thah the glottal flow may occasionally reverse its
directipn; the effect of this is discussed at the <nd of this

section.

Theoren L.l

“
R

T (L) is a non-nesative nulse then G(s) has no zers

o2}



when o lies in the range
|wL-< m@c- oo T , (4.10)

There is no restriction on the value of ¢ .- ‘ : C

Proof: Consider the definition of G(s)

T

[ ’ st : )
G(s) = g(t).e™™" at - V . (L.3)

~where s = O+ jw. TFor w = 0, the integrand is always positive;
since the integral of a monotonic function cannot be zero, there~

fore, G(s) # 0., ¥or w > 0, consider the imaginary part of G(s):
’ T
-t
Im{G(o) = S £(£), 0 "% sin wt at
A :

Inspecfioh of thé integrand shows that it remains positive provided
w is posifive and less than ﬂ/Tc; hence Im{G(sﬁ cannot be zero and,
therefore, neither can G(s). Tor w < 0 a similar argument cen be

used to show that G(s ) # O provided v is greater than »n/ﬁc.

Therefore, the theoren is provcd.

Theregion_Where G(s) H&s no zeros is shown.in Tig. 4.5.
In fact for most pulses with easily calculable spectra, the 10”Cut
ffequency zZero occurs when w is greater than the limit of n/TC set:
by 1neqva1¢u (4,10), typically by a factor of two or three. The
factor is two for a rectanguiar pulse, three for a sine pulse, and
four for both a raised cosine pulse and & triangular pulse (I-2,

rp 1012-14:; C~3, o 12). Pulses with double peaks have zeros which

lie closer ¢o the limit; the limiting (and unrealistic) case is
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Figure 4.5 Low Frequency Regions Vhere G(s) has No Zeros.
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Tigure 4.6 Example of a Glottal Pulse withvonly One TurningPoint.,
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when o(t) concists of two imvulses, one at + = 0, the other at
t = T . Therefore, the limit set by equation (4.10) appecars to
be rather a severe one. The limit can be relaxed Lf the pulse has

a single pealk, as the following discussion shows. -

Pulses with a Single Pealk

Let it be assumed that g'(f), the first derivative of g(t),
has only one zeroc in the range 0 << t <:TC;Vtherefore, g(t) has
' only one maximum, occurring when t = TM say, as shown in Fig. L4.6.

Consider first the Fourier transform G(jw), that is, when s = juw.

Theorem 4,2

G(jw) has no zeros when w is in the ranpge

lol < =/ , - (4.11)
R ~n T e the o« ter T in -
where Ty is the greater of T, and (T - T,).

Proof: For w = O, the result has already been established in

Theoren Le.le For w £ O, consider the integral

T
c

g (4),sin ot - TM) dt
o
Trom Fig. 4.6(b) it can be seen that, provided inequality (L4.11)
is true,.the infegranﬂ has constant sign in the range O < t < TC:
it is negative when » is positive, and it is positive when o is
nepative. Therefore, the integral is non-zero. Fxpanding the

sin w(t - TM)] term the integral becomes



- cos wt sin 0 T,)dt £ 0 (4.12)

Tc
E g' (£) . (sin ot €os TM
o . ,

provided that ju| < n/TK, & # 0. Integrating equation (4.3) by

parts, putting s = jw, and nobing that g(0) = 0 = g(TC) gives

- m 5 g
C .
6lq0) = L X g (1) om0t gy
3o
] |

Bguating rcal and imaginary parts:

I
H

T
c ., .
Re{G(jw)} (%- ( g'(£), sin ot at
o

(14.13) |

Nr? M N S N

"
C
Tn{eCi)} = g g g' (t).cos wt dt
A o}

Combining equations (4.12) and (4.13) gives
- cos(o)TM) . Re[(G(jw)}+ sin(wTr'i).ImiG(j(o)};f 0

provided that |0] < ﬂ:/Tk, w # O. Therefore, Re{G(jw)} and Im{G(jm)B
cannot both be zero, and so G(jw) is non-zero, and this proves the

theorem.’

Incquality (4.11) specifies a region on the s-plane where
G(s) has no zeros; this region is shown in Fig. 4.5. Glottal pulses

usually have their pealr necar the middle of the pulse, so that

TY < T o Tor exsmple, if the peak is in the middle third of the
. o

pulse, that is TC/3 < T, < zmc/g,, then T, < 2TC/3, The for-
: £
bidden region for zeros, specified by inequality (4.11),is 1.5 times

larger than the region specified by inequali'f‘y (11.10). For sym-

e TV - m / on bl e dlan P U S B B SO
Co0 L, = UV =T /2, oo that the TEFLOIL LS LICTEased oy

Tu



a factor of 1wo.
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So far the discussion cf single peaked pulses has been
confined to G{jw), which is G(s) with O = O; now non-zero values
of ¢ are considered. The Laplace and Fourier transforms are

related as follows

..')

S T
. ¢

G{s)

[g(t). - O‘t]‘ e‘-‘jﬁ)t dt S

o
%{ g(t), e t}

Therefore, the Laplace transform G(s) is the Fourier

o - G‘t . .
transform of a new pulse {%(t) ] « The multiplying factor
-O'.t 1 IR} : . ~ 3 - 1 ) 3 -
e does not change the p051t1veness of the pulse, but the first

derivative becones:
& [g<t), e“‘“] N R T OR (118

For O # d, this derivative is not zero when g' (t) = 0; therefore,
the new pulze does not have a peak at the same value of t'as the
orlglnﬂl pulse g(t) Furthermore, the assumption of a single
turning point may not be valid. Consequently, Theorem k.2 is not
necessarily true uhcn 0"#£ 0. TFor small values of o, end—t ~ 1,
and the uh ape of the pulse is nol greatly changed. Thefefore, neaxr

the w-axis of the s-plane, the limit for low frequency zeros would

be appromimately as given by ineguality (L.11).

In 1 ctice glottal pulses sowstimes have more than one

peak and Theorem 4.2 is not strictly amplicable. NHowever., the
: ¥ apg 2

2 e - . N
Con°1q03101on of Fig. L.6 and equation (L.14) shows that the oeak

SRATLS tu Che lelt wien ¢° is posiblve, and to the right when

¢ 1z negative.
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additionnl penks are nsually minor; consecuently, it is to be
expected-that the 11m1t set by 1noqunlntv (4.11) would be valid

in practice.

In Section L.l.3 it was noted that glottal flow sometimes

S 3 .Y H E - =,
became negetive in the mechanical model of the larynx; when this
4

occurs g(t)Acannot'bo assumed to be a positive pulse, and so;thé
proof of Theorem ﬁal is not valid. However, it becomes valid if
TC is redefined as the width of the positive portion of the pulse
(assuming that this is greaﬁer than the width of the negative
portion); thié can be proved using an argument similar to that
used to prove Theorcm 4.2. The results with the wechanical ﬁodel
suggest that the negative flow is relatively minor. TFurthermore,
negative flow does not appear to have been reported in inverse
filtering eaperiments on real speech sounds. Therefore, the
assumptionqgféé positive glottal pulse apﬁears to be a reasonable

approximation.

Some other properties of the spectra of positive functions
are given by Papoulis (P-1, pp 53, 90, 223, 225). However, these

seem to be mainly of theoretical interest.

L.5 Summarv
Glottal flov is typically a nearly-periodic sequence of
sitive pulses, which are separated by an interval of zero glottal

~ = o

flow, corresponding to voenl Iold closure. Whe swectrum of a

S

slottal pulse has meros but no polss.

*

discontinuity of the lowest-order discontin nuons time-deriv ative.

MU, v srevrm e, e Lo te A0 - P T R B A O -
Ll UGS GG ULGCON DA uu.‘_ud s CELLCU Uile DOLILG O AR eRen b LO;l.



e usunlly st the ond of the pulse, that is, at rlobttal closure.
When this is the case, the high frequency spectral zeros lie im

the right half of the S—pléne.
At high frequencies the'glottal phasé, as a function of

1

€5 Le5S

h

- e
L

X eqU.GF_C"Y 3 Var

o rudiuns aboulb a vonstant value,
“pféﬁided‘that the‘ﬁime drigin is chpsen at the voint of‘méximum
excitation. Therefore; this apﬁéarsito be a good choice of time
origin if a slowly varying phase curve is réquiféd, which is the
case with the un&rapping procedure Qescribed in Chapﬁerxé.a.ag

In Section L.k it was shown that spectral zeros could not
occur below certain low frequency ;imits. This could be a useful
constraint in the assignment of zeros in the poie—zéro analysis
technique (M-3, M-4); this is discussed further in Chapter 9. |

A useful Teature of the limits is that they are wider for higher

pitched sounds, vhich are normally more difficult to anzlyse.

85 .
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CUAPTER 5

EXAMIVATION OF GLOTTAL PULSES USING MINIMUM PHASE AND

ALL=-PASS FUNCILLONS

In the analysis of voiced sounds, it is difficult to éeparate

. _ g
he voeal tract from those of the glottal source.

[

the cheracteristies of
This is‘a‘mofivatiohbfor stﬁdying glottal pulses on their owm, the aim
being to find propérties that will make the separation easier. 7nils
chapter describes sone analysis methods vhich can be used to determine
vhether a pulse is minimum mhase, maximum phase, or neither of thesec.

The methods involve the computation of certain time functions, which are

iy

eoperibed below. Threc time funclions are found to be useful. One is

a minimum phase function, and the other two are all-pass functions.

5,1, Descrintion of the Functions

Consider a glottal nulse (%) wiose Fourisr transform G(jw) has
] & (&)

log~magnitude aG(w) and phase ﬂG(w):
G(jw) = exp ocG(w) A j@G(w):l ' - (5.1

Let QG(w) be the minimum phase characteristic, which is computed from

dG(w) using the Hilbert transform relationship (see Chapter 2.4) as

follows:
20 [ sl
o) tn ()
QG((‘)) Z _,.\_z_____,,__ ax (5,2)
. T 2 2
X - w
0

Al

1

Three time functions are now defined in terms of tlielr spectra.
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(i) Minimum vhase function gn(t)

This function has the same spectral magnitude as g(t), but has

minimum phasg:
?’{gn(t)k = Gu(jw) = exp [GG((-)) + jQG(m)] (5.3)

"It the original pulse g(t) is minimum phase, then g, (t) is identical to
glt). However, if g(t) is maximum phase then gh(t) is a time-reversed

version of the original, that is g, (t) = g(-t) (see Cha)tér 2.4).
¢ or3 | By , b

(ii) All-pass function gn(t)

This is defined as tollows:
T e} = aplau) /e | (5.4)

Therefore

Gpljw) = exp(é. [ﬁd(w) ~ @G(w)] ) - (5.5)

The real part of theewponent is zero, so that IGD(jw)l =1. The phase

is the differcnce (hence the subscript D) between the original phase f,
and the minimum phase €5. If g(t) is minimum phase, Eh(w) = QG(w), and,
GD(jm) =1 ; thexrfore gD(t) = $(t), which is an impulse at t = 0, the
beginning of the pulse. Thus,when g(t) is minimum phase, gD(t) is an-

impulée which coincides with the beginning of g(t).

(iii) All-pass function gp(t)

This is defined as follows:

iﬁ { gp(t)} = Gp(Ju) = G(j0) /Gy (~ju) (5.6)



Therefore
G) = o3 @ s o)) G

Again the spectral magnitude is constant:.’GP(jw)i ; 1. The phase‘

is the sum of G, and O (hence the subscript P for "plus"). Vhen g(t)
is. maximum phase @G(w) = - GG(w), and GP(jw) = 1; this gives gP(t) = $(t)
an impulse at . t = O, A maximum phasé pulse is "aﬁticausal”, that is,

it is zerolwhen t>0. Hence, when g(t) is maximum,phase,vgp(t) is an

_impulse which coincides with the end of g(t).

5.2, Intervretation 5f the Functions in Terms of Spectral Poles and Zeros

It was poinﬁed‘out in Chapter L.2 that the Laplace transform of
a glottal pulse g(t) is an all-zero function; it can be written as

G(s) = a(0) IT [1 - ——E——_]
1

i= or + jo.
i i

(5.8)

The ‘spectral zeros of G(s) occur when s  equals sigiﬁhere
54 =07 jwi. A positive value of o3 indicates a zero inthe right half of
the s-plane. The zeros of &,(s) are all in the left half of the s-plane;

therefore

Y o _
¢, (s) = a(0) II [1 - — ] . - (5.9)
1 . _

i= “lozl+ do;

All the left half zeros of G(s) appear in GM(S) with unchanged positions,

The right half zeros of G(s) appear as left half zercs in GM(S)o

The Laplace transform GD(s) can be obtained by revlacing jw with s in

equation (5-4); this yields

Gﬁ(s) = G(s) / Gﬁ(s)_
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Using the equations (5-8) and (5-9) it follows that

(s) @ l> -—S/(°§'+jb)i)'—l
G = TI ;
o) = T NT e Chl + gy

(5.10)

Jhen the pulse g(t) is minimum phase, 0; <0 for all ij; therefore all the
nﬁmerator zeros in (5.,10) are cancelled by the denominator zeros, and
G(s) = 1. lHowever, if G(s) has a right half zero at s =0+ Ju ’OE:>O
then G(s) has a zero at the same point. It also has a pole at

= - Gk + jwk. Therefore, for each zero that G(s) has in the right half

- of the s-plane, there is a corresponding pole-zero pair in GD(s), the pole

being in the left half of the s-plane and the zero in .the right half.

The transform GP(S) can be found in a similar manner to the above
using equation (5—6). Noting that the zeros occur in complex conjugate
pairs, it follows that:

Gp(s) = G(s) /.GH (-s)

o

| 2o/l g (5.11)

TEL L - s/ + 0)

For a maximum phase pulse, 03 >0 all i, and GP(s) = 1. If'G(s) has a |
left half zero at s =Gy + jo, ,03,<0, then GP(S) has a zero at the same
point. It also has a pole at s == + jm + Therefore, for each left half
zero of G(s), there is a corresponding pole-zero pair in G (s). The fact_A
that the pole is in {the right half of the s~plane means that gP(t) ismon-

-

causal (see Cnapter 2.3).
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5e3 Lxperimental Results

5.5.1. The nulses examined

The three functions described above have bean computed for nine
exanples of glottal pulses: s.,iv= 1,2;0020,9. These nine pulses
P : I 1

were obtained in the following wvays:

s

(1} Pulses g aatd gy were gynthegised, in sampled

computer subroutines to calculate and store the values.

(ii) Pulses gB, gh,'gs and &g wére ébtainedlby inverse filtering
of spoken vowels, Slide photogravhs of oscilloscope traces
of glottal. waveforms were supplied by Mr. J.N. Holmes of
Speech Research Establishment, Ruislip, (see Acknouwledgements).
The slides were projected in enlarped form onto graph paper,
and the waveforms carefully traced on. The waveform values
were determined ét equally spaced.intervals. These values
were tfansferred onto éunched cards for subsequent computer
analysis. A”his metiiod required considerable patience, each
stage being checked to ensure that errors were not intro-
-duced. As a final check, the values on the cards were read
into a computer, vlotted out with an X - ¥ plotter, and the
resulting waveforms conpared to the originals.

(iii) Pulses g7; &g ard 39 were obtained f?om the méchanical model
of the vocal organs, which was described in Chapber 4.1.3.
Waveforms generated by the model have been nublished by
Flanagan and Landgrof (F-6). Transparcncies were made of
these waveforms, and sampled values wzre obtained in the
nanner describved in (ii) above, The vocal tract configuration,

and the corresponding vowel, were different for each pulse:
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£y - Ve Fn = /a/s Try ™ /8/. TFlanapgon and Lend-raf found
that the glottal flow became periodic after the first few
cycles; the pulses g?, 63 and 89 correspohd to this periodic

sltuatiocn.

Table 5.1
PULSES USED FOR AlIALYSIS
Tigure . ' Duty Sampling
Pulse No: ‘ - Description’ - | Ratio - . rate
o S . d = EG/T iz
& 5.1 1 See eguation (5.12) 0.6 25.6
2, 5.1 " v (5,13) 0.6 25.6
8'3 507 : 0»52 12.8
&, 5.8 ’ - Q.42 2546
Obtained by inverse filtexing. g
g5 5.9 . is the same shapeas By s but with %he 0.41 25.6
] duty ratio doubled.
g 5410 , 0.84 25.6
8y 5.11 Vocal. tract /i/. \ 0.65 22.5 -
Obtained from a mech-
83 5,12 " " /a/. { anical model of the 0.62 19.8
' larynx (TF-6).
& 5.13 " LTS ‘ 0.60 231

The nine ovulses are listed in Table 5.1. The synthetic pulses,

& and By AYe raised cosine pulses with exvonential weighting:

' U'L
g (t) = e - (5~ 5008 20t/0) | (5.12)
= o (5-T¢)
£(t) = e * (5 - 5 cos 2ut/T) o (5.13)
where O<L<T
oy = 2m, 50 1ad1an/£econd

6 milliseconds
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These two pulses are shown in figure 5.1 together with thgir ZELO
patterns. The mero pattern for the symmetrical raised cosine pulse
was(shown in Chapter 4.2 to be a sequence of zeros along the m—axis;
The exponential weighting mercely shifts the zero pattern either- to

the left or to the right. This can be seen as follows:

IE gy (1) = PP g (1)

il
[0}
o
+
|
~

then Gl(s)

Thus, if Ge(s) has a zero on the w-axis, Gl(s) has a zero at the same
value of ©, but with Re {8} = ~ 07 . ALl the zoros of G, (s) and G,(s)
have bandwidths of Ua/n = 100 Hz, and the asymptotic sypacing of the

zeros is 1/’I‘C = 167 Hz,

The zeros of GI(S) are a1l to the left of the w-waxis and there-

fore gl(t) io a minimum phase pulsa. G?(s) has all its zeros to the

right of the w-axis and so ga(t) is a maximun phase pulse. Apart from

a time shift,/ga is the time reverse of By

Table 5.1 shows the duty ratio d for each pulse, where d = TC/T.
"Pulse 86 has the same shape as By, 0 but the duty ratio has been doubled
by reduction of the closure time, thus h-lvingthe period T. This was~..

done to assess the effect of short clesure time on the accuracy of the

results.

5.5:2s Outline of Comnutotional FProcedure

)

The computation of the time functions G Bps and Sp Was done
. 1. 1 .
using a dizital computer, and the resulls ware »lolited with o CALCOP

X-Y plotter. The sequence of comvutations is showm in figure 5.2 for the



gl(t) = e %o (5=5cos 2nt/T,)

{a} A Minimum Phase Puls

ga(t) = ecB(t"TC) (5-50052nt/Tc)

(b) A Maximum Phase Pulse,

Note: T =

O

o
0

-3

+3

6 milliseconds

2T .50 radian sec,.

93

3ﬁj@/2n Hz
!
Zoros O
or 1| 117
Gl(s) l
O 500
|
- ? - 334
Hy, — =l [=—
X I o/ 2%
] v
! o
| =167
? -~334
oL
|
ot
>
O -
i

167 ’f"
500 -
254
50 Hz —F
7.2r08 ~167 l
of -
Ga(s) 55k

Figure 5,1 Fulses By, and 85 s end Their Zero Patterns,
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case of g, The functions 2y and gy viere counubed in a similar msnner,

according to their defining equations (5-5) and (5-7). The details of

the computational procedures have been described in Chapter 2.5.

Low pass filtering

Measurements, made by other workers (F-5, M~1) on glottal
pulses, show spectral slopes of -10 to ~15 d8/octave for frequeﬁcies
around 1.5 kHz. Carr and Trill (C-4) meaéured long term glottal spectra
for frequencies up to 3 kHz. Their results do not account for effects
of higher frequency formants, but allowance czun be made for these
effects using Fant's correction (F-2, vp. 45, 51). Vhen this correétion
'is made, their results indicate that a slope of =22 dB/octave is a
typical slope at sround 2.5 kMa. However, the log-magnitude pl&ts for
the glottal pulses examined heré, 83 to gg,show that the curves flatten
out at aroﬁnd 2.5 kHz (see figure 5.3). This is explained by the fact
that the pulses contain noise-like components which arise from the vres-
ence of random ncise in the original speech, and from measurement noise
introduced by quantising errors in the sampling procedure. For the
;urposescxfthisthesiﬁ, where the neriodic components are being examined,

it is better to filter out the noise as much as possible. A low pass
filter of the "Hanning" type was used (B-2); the time and frequency
characteristics are shown in figure 5.4. The impulse response has about
2. per cent overshoot and the cffective uldth of the %ime window is

=0

about 0.5 milliseconds. For pulses g, Lo g, a slighivrr different filter
was used, which had a feequency response flat up to 1lkHz then falling

smoothly, according to a cosine curve, to zero at % klHz. This produced

noticeable overshoot of 13 per cent (C~3%, p. 31); although this was not a
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0 k-
as |
| -ho T (1) (0) : s d (2)
U)o Gy for pulses g, and g, .
\'\,.\
~80 |- "\-\,\M
‘ T\\“‘—\N\,\_\‘A‘ . w/an
0 2 L 6 - (KHz)
(b)
(c)
) , , . w/an
0 2 I 6 (ki)
oh
aB
-25 » |
() = «.(0)  for pulse Bs o (a)
=50 I \/\
A ‘ )
"75 . )
w/2n
* . . -
o 2 L 6 (KHz)

Part of Figure 5.3 (continued next page).
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-

0 aG(m) - ch(O) for pulse ge¢ o

~20
aB - | (e)
-0 |- _
60 | <N\ NV
. i N . n (.\/21!
o 2 L 6  (KHz)
O{( “G.(m) - uG(O) fo? pulse 57 e

) \/\\\/\ S (£)
L Vo
80| “\/\/”V\/v
b %

: ,m_m/an
0 2 T (KHz)
Oﬂ aG(w) - ch(O) for pulse gg o
..25
dB - , | (g)-
~50 f M
75 \\M‘\/V\ﬁ/ MWW
v| 1 1 e (1)/2“
0 2 4 6 (KHz)
A
0
» _\(\ocG(w) - ocG(O) for pulse &g o.‘
: A E
= /”\/»ﬁw\,\vw\ (n)
~80 | / /\’\/\’\m\/\/
' ' ) ) o /200
0 2 Iy 6 (KHz)

Tigure 5.3 Spectral Log~magnitude of the Pulses Ixamnined.

(continued from provious vage)
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‘ FH(jw)

A

0.54+0,5 coS(nw/bL)-
vhere wp = 21 4000

. N w/2nb

0 1. 2 3 b 5 (Kia)

(a) Trequency responces

A
4000 | \

0 _;L__J_Mj e ©

A
~2 =1 0b 1 2 (milliseconds)

A\about 2.4 overshoot

(b) Tmpulse responsc.

Figure 5.4 The "Hanning" Low-poss Milter.



serious defect, it was decided to use the Hannine filter for the

remaining pulses.

1" n
The second derivatives gH(t), g (t)

In order to display the properties of the waveforms gM(t) and
‘.g(t) more clearly, their second derivatives were also calculated. These
vere foﬁnd by multiplying the spectra by -m2 before.toking the‘inverSG
transform. Low pass fllterlng was employed in tne manner descrlbed above.
The second derivatives are especially useful for maklng detdlled visual

comparisons of g,(t) and g(t), par *tlcularly during the closure period.

Fourier series analysis is used throughout, so that the computed
results for gH,'gD, and 8p all have repetition period T, the same as the
original ElObbc wave. The ua"e;ormsactuall computed are therefore

the periodic waves e(t), eM(t), eD(t) and eP(t), where

] . o .
Ce(t) = w I g(t-kT)
bl = LI, g(t=kD
ep(t) = | L gp(t~kD)
0
ep(t) = | T gP(fz~1<r)

However, to siuplify notation these periodic waveforms will be referred
to as g, gy 8p and 8p respectively; this is not confusing because it is

always clear if the transient "g"' functions or the repetitive "e'" functions

are being discussed.

The results for the pulses & to g9 are shown in figures 5.5 to

. Sel3. Parts”(a) po.’f) of each flgu.e show the results for g(t), gn(t),,jﬁﬁm_{#&

1 1"
g (8), g,(t), g.(t) and gp () respectively.
U D
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The results for g, and g,- give an indication of the accuracy
~ha —
of the computational procedure. In the case of g s wWhich is a minimum

phase pulse, the result for &, should be identical with the original

¢l

1

vl M cnand mman ol cmmende ey -
SULET VOMPOTLS0 0L DarUE \g.) and

[

is.thﬂnCaSé with good accﬁracy. Compariéon of numerical vaiues shows that
over the entire pefiod, ihcluding the closure interval, the pulses diffef
by less than 1.6 per cent of the peak value. ihen the computation Was‘A
repeated with the period doubled to T = 20 milliseconds, thus halving

the duty ratio to 0.3, the error fell to less than 0.3 per cent. The
magnitude of error is almost unaffected by the low pass filtering. Parts
(¢) and (d) of figure 5.5 show the second derivatives g" and gﬁ, where

the differences are easier to see, However even these waveforms are

very similar.

For a minimum phase pulse, such as gy the function ) should be
an impulse at $ = 0. Therefore, after filtering, the result should corres—
pond to the impulse response of the low pass filter; part (e) of figure

5.5 shows that indeed this is the result, to a close approximation.

Figure 5.6 shows the results for the maximum phasé pulse g,. As.
‘expected, By is the delayed time-reverse of B9 that is gM(t) = gZ(TC - t).
The- 2ll-pass function 8p is a sharp pulse at the closure point t = TC =
6 milliseconds, vhich is also the cxpected result. The result for QD
shbwn in part (e), is a woveform which is highly ﬁeaked near the closure

point; this aspeclis discussed later.

Tne resulls for the remaining pulses, to g,, are shown in figures
A 8 X 3 097 g
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5.7 to 5.1%3. It can be s2en thot in no case does =y (t) eoual r‘(‘)
nor does gD(t) equal an impulse at glottal opening. It is concluded
from thiz that none of the pulses even avproximately satisfy a min-

imum phase assumption.

N | r"he pulsos g;, 8y, 85 and g,, Whlch vere obtalned by inverse
fllterﬂnv, appear to be approximately maximun phase Lunctlono,uheredbonu
belng as follows. Each vulse has steege" °lop° neor Olottal clooure
-bthan neﬂr‘opening; and the second derivative is Freatest neayr glottall
closure., These observéﬁions suggest that the point of maximun excita-
tion is at closure. Therefore, the high frequency zeros of G(s) are
in the right half of the s-plane (see Chapter 4.3). This is a neces-
sary condition for the glottal pulse to be maimum phase, but it is

' not a sufficient condition, because some low frequency may be in the

left half of the s-plane.

A necessary and sufficient condition for g(t) to be maximum
phase is that its time-reverse, g(-t), equals the minimum phase func-
tion of the same spectral magnitude, gM(t); therefore the condition is:

1 : . . o ‘

g.(t) = g{=t).” Inspection of parts (a) and (b) of figures 5.7 to 5.10
shows that this is approximately true in all four cases. The second

1 " . .
derivatives g and in parts (c¢) and (d) allows more detailed com-~

g &y o I
pavisen. The time reversal is alwost exact for 8, and B¢ but for
ga and gr there are differences in the details of the second derivatives.
Another way of testing the maimum phase assuaption is to use the func-
tion go(t): should be an impulse at slottal closure. if the slottal

-

pulae is moximum phase. Inspectilon of ports (£) of the figures shows
Py - - (%)

Time shifts are disregarded here (see Chapter 2.4).
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‘thHat gP'has a sipgle positive pulse at closure in the cases of gh and
Bg For 83 and g5 there are sidelobes in addition to the positive

pulse at closure,

-
-

The above remarks aﬁnly only to a certain extent to the pulses

111 -

. g7;j38,and;59f; The second derlvatlve g (t) 1s greatest at closure umuu:ufgc.i.

- for 'eaéhmaf'these pulses. However the results for &1 and gP show f

that these three pulses are not approximately maximum phase. -

~ In all cases the function gM,‘sthn‘ih'parﬁ (b)Apf figures
5.7 to 5.13, is a pulse of about the same duration as the original
pulse g(t). ,It.is shown below thét this is consistent with represen-
ting the glo%fal pulse as the'copvolufion'of two pulsés, one maximum

phase and one minimum phase, as follows:

g(t)
G(s)

i

alt) ¥ (&) -
} (5.14)

A®) . B(s)

where a(t),iévg minimum phase pulse of duration T,

b(t) is a maximumvphase pulse of du"ation T

g(t) is the glottal pulse with duration T,
u The duratlon of g(t) cannot ezceed the sum of the durations of a(t) and
b(t); this follows from the nature »f the convolution integral.

Therefore

To << T, + Ty

Furthermore, it is expected that the equality holds in most cases, that
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is

R T - S T

"If the above réprgsenﬁation is valid, then'gﬁ(t)'shou1q ?1s0}w-}‘F;
have duration equal to Tc; this can.be seen from the following -
o argument. The Laplace transform G (s) has the same Zeros as b(s),

bwwexcnpt that th0qn. in th ri ght hq_f of the s-p1ane are ohlfted to ﬁhp ffﬁxﬂ

left: half, as was explalned in section 5 2. Therefore, from equatlons

"‘(5.14)

6(s) = A(s)  B(s)

o u

ﬁence ' " , | éM(t) a(t) - bﬁ—ts |

: Consequent;y, gn(t) should héve the séme dﬁfaﬁibn as g(t), namely

| TA + T Inspectlon of flgures 5 7 to 5.13 shows that this is 2pprox- .

imately true in all cases. The same "closure! interval appears on |

gm(é) as on g(t) for all pulses, excepﬁ in the case of g;. In this

| case the closure 1nterval was small to benln w1th, the low-pass
;1lter1ng and computathn error, due to tne wlde op“01ng of harmonics,

' probaﬁly caused the loss of ﬁhe closure 1nterval in By The above‘

results are consistent ﬁith, but do not eétahlisﬁ, equations (5.14)

~and (5.15). Thls subgect is examined’ further in Chapter 7.

5¢5. Some remarks about the all-pass function &

It is relavant to later chapters to further discuss the function

gD; It is proposed here that, in most cases, this function should be

2 ‘In some special. cases, the result of convolving two functicns has dur-
. ation less than the sum of the durations of the two functions (B-3).
However, it is considered that this situation is unlikely to be met

in practice.
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more highly peaked near the point of maximum excitation than elsewhere.

. Consider first the case when the glottal pulse g(t) is minimum = |

phasef It was shown in Chapter E.B that the point of maximum-éxcita-
tion is at the'beginning of a minimum phase pulse. Furthermdfe; it
was shown in section 5.1 that 8p is an impulse at the beginning of the
‘:pﬁisé'gttji‘ Theréféfe fhe éﬁove prdpééitioh is true in the céSe'bf'
the miniﬁum phase éﬁlsa.' | | | |
Conéider now thercése of a maximﬁ& phase pulsg, for which the
point of maximum excitation must be at the eﬁd of the pulse. Choosing
the time origin at the end'of the'pulse, then, from equation (2.345, the

phase-zb and the minimum phase GG are related s follows:
EG((”) = ‘-'GG(w)
Substituting this in equation (5.5) gives .
GD(jm) =4 exp [j ZﬁG(m)]

In Chapter 4.3 it was shown Ehat,»at high frequencies, the phase

fluctuates about a constant integral multiple of m/2 radiams:
E&(w) &~ an/2 , n integer,
Therefore, at high frequencies

GD(jw) X exp [j 2nﬁ/2]

exp [j nn]

-1)"

i

’For n even,.GD(jm)zv 1, so that all the high fiequency components have -
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nearly zero phase and will add to produce a positive peak at t =

For n odd, the peak will be negative but still at the p01nt t =0,

Since t. = 0 is the point of maximum excitation, therefore the above - - & H Al

proposition shculd be true, provided that sufficient high frequency

-

components are included.

Now consider the case where the p01nt of maximum ex01tat10n

is at the end of the pilse, but the pulse is not a maximum phase
.functlon' hence there are some snectral zeros in the left half of
-the s—plane as well as in the right half. It was shown in Chapter i
4.3_that, for this case, the high frequency zeros must lie in the
h right half of the s-plane; therefore the left half zeros must oécur
at low frequencies. The effect of havingla complex-conjugate pair
: of zeros in the left half.of the s-plane, instead of in the right,
is fo.chque the phase ﬂ& at.high frequencies by Zn.radians.B' A
phase change of 2n radians does not affect the argument of the pre-
ceding paragraph; the£éfore 8p shoﬁld be highly peaked in this cése
as weil, VWhen the poinﬁ of maximum excitation ocecurs at the beg-
inning of the pulse, but ﬁhe pulse is not minimum phase, a similar
argument can be used to show that 8p should again be most highly

\\

peaked in the region of maximum excitation.

From the sbove argumenté:it is’to be expectea that &p will be
more highly peaked near the point of maximum excitation_than else- .
- where. However,. when excitation does not occur predominantly at oﬁé
point, then the afguments are not valid. This is the situation when
fricétive excitation occurs throughout the glottal cycle. It is

thought that this is the reason vhy, for the sample of pﬁlses examined
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in this Chavter, the gp v veforms were not always highly pezked
near the point of glottal closure. As remarked in section 5.3.2,

the waveforms contain random noise components, which mask the high

frequehcy components produced at glottal closure,.

. Pulses g, and 36 are the same except for duty ratlo, com-
ifpaaauon of thclr reuults gives an 1dea of the Effer of duty ratlo
on the accuracy of the computatlons. The hlgh duty ratlo of 0 84
for g6 does net greatly affect the results (see flgures 5 8 and 5 10)
In particular, both 8p waveforms have their 1argest peaks near the
closure-point; This indicates that, as a means of obtaining a ref-
erence marker at closure, the gD’waveform is useful even for 1acge

values of duty ratio.

S.6. Summary

Methods of examining glottal pulses have been described which

1n§olve the computatlon of three time functions: &yr gD and &p-

These can be used to determlne whether a pulse is a minimum phase
functlon, a waximum phase function, or neither of these.‘ The

methods suffer from the disadvantage that they do not;rov1de a useful
way of quantlfylng the error in making a maximum phase assumptlon.
The methods do have the advantage that only the principal values of
phase are required. It is not necessary to include the correct mul-
tiple of 2n radians; consequently, shifting the position of the time

origin does not cause failure of the methods(see Chapter 2.2.2).

S~

The results, for the sample of pulses examined, showed that none

of the pulses vere even approxlmatelJ minimum phase functions. The
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0 ms
pulses which were obtained by inverse filtering were approximately
maximum phase functions. In Chapler 7 this sample of pulses is
examined again using a method which gives a quantitative measure

of the error involved in making a maximum phase assumption.:;ﬁ’“f
The all-pass function gD(t) has the property that iv is more
“highly peaked near the point of maximum excitéfion of theyglottal“

wave., This property is ﬁtiliséd in the next three chapters.
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EXAHINATION CI" VOICED SCUNDS USING

'MINTMUM PHASE AND ALL-DASS FUNCOTONS . . ..

6.1.. General - ..o el
In this Chapter voiced sounds are analysed‘uéing the methods,‘
‘which were described in the previous chapter. The purpose is to

" assess these methods with respect to following objectives:

1. To find a method of determining the point of mecimum
excitation, which, as explained in Chapter 4.3, is the
‘time when most of fhé high frequency energy is generated
by the glottal wave.

- 2. To detect the presence of zeros, or antiformants, in the

s

vocal tract transmission during nasal consonants.

3. To detect the occurrence of non-minimum phase transmission

during nasal vowels.

As in Chapter 3.1; the speech output f£(t) is represented as
_ the convolution of the glottal pulse g(t) and the vocal tract impulse

response v(t)3

.-

g(t) * v(t) | (6.2)
G50 . V(jw) o (6.2)

£(t)
F(jw)

i

The spectra can be expressed in terms of their logarithmic domponents
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as follows:

F() = exp fog(w) + 3200
a(i) = exp  fuy(@) + §75(])
V(jw) = exp Ev(m) + j@v(mg

. The minimum phase ourves, F(m) 2] (m), and GV(m) are deflned in terms . -
of the correopondlng log~magn1tudcs, aF, and s in the manner des—
cribed in Chapter 2.4, Those 198a1f;thmi.c..,.commn.cnts are related by

linear addition as follows:

qF(m) = aG(m) o+ av(m) ]
Z%(m)' = Qb(m) + EV(m) (6.3)
op() = Q) + Bylw)

Of the quantities appearing in equations (6.3), only three can be
calculated from the speech waveform:AaF, QF and GF. Consider now
" the following time functions which are defined in terms of these

\
three quantities:

1

o [opl) + 385w (6
e (34 [Zp(0) - 85()])  (6.5)
eyp(a . [@ {w) +6 (m]) (6.6) .

P} = TG
T {5 NG
T {201

H
11}

1]
1}

FP(jwy

It can be seen that q’ fD and fP are défined in an analopous manner -

to 8y Sp and gP} which were defined in Chapter 5.1.

These functions have beencvoiputed for a variety of sustained

voiced sounds, some synthetically generated, some spoken. The spoken

sounds used were of fcur male spenlters, three English-spezking and one
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French-speaking, as shown in Table 6.1.

TABLE 6.1

- DESCRIPTION OF SPBAKERS

Speaker i Native Language
GMC | English (Australian) |’
- PJG’ 1 " (Rhodesian)
LG oo (Midlands) .
CAV French (Swiss)

It was possible to check the accuracy of the computations in the cases
6f the synthétic vowels, because for these vowels the correct results

were knowvn in advance,

The methods of computation were the same as described in
Chapter 5.3.2. The same low pass filter was used, so that the results
do not contain components of frequency higher than k4 kHz.1 The follow-

ing additional points should be noted.

(i) The synthetic vowels were generated in tﬁé‘following manner.
The glottal wave g(t).was specified in the time domain,
and the Fourier transform G(jw) computed. This was nulki-
plied by the vocal tract transfer function V(jw) to>give
" the speéch spectrum F(jw); since V(s) was specified in terms
of its poles and zeros (formants and antiformants), this
wasvsimply a matter of multiplying by the péle and zero

foetors in turn.

1 Except for the synthetic vowels vhere a Honning filter with a 3 kHz
cut-6ff frequeney was used.
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(i1) Voiced sounds have a radiation zero -at s = O (see -
Chapter 3.2). Before computing fiy» £ and £, this
Zero was dividedAout.by calculating [%(jmn)/ jQ;] at
ﬁhe hérmonic-frcﬁucncics @ o= 2rn/T for n = 1,2, etc.
: Clearly.it was not possible to do this for n = Qg_where
if was assumed that the result Qas thé same as for n = 1,
B Ry B N T I

>0
’This‘assumptionAappearS'reasonablejin view of the fact~;;{:.
£hat [F(jw)/j{] is an evén function. Furthefmore, as
® increases ffom zero, the falling glbttal spectrum would

be approximately compensated by the rise in the vocal

tract characteristic caused by the first formant.

6.2. Apparatus for Recording Sounds in Digital Form

A schematic diagram of the recordiﬁg arrangement is shown in

figure 6.1. Bach speaker was asked to utter the required vowel with»

constant pitch and intemsity, at a distance of about five inches from .

the microphone. A half inch capacitor microphone was used; this.was °*.. .

held so that the -speech was incident av an angle of;90‘éegreés to“

longitudinal axis of the capacitor microphone . This \5grazingf;.

incidence gave a uniform frequency fesponse up fo'abdut 20 WHz. The -~

recordings were made in a quiet and acoustically deadened room. With

“a speaking distance of five inches it was not expected thét reverber-K

ation would be a problem, except perhaps at low frequencies. To check
this, a speaker moved with the microphone about the room and outside
the room while he was uttering a vowel. The speech waveform, observed

on an oscilloscope, shoved no changes which could be correlated with
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these movements, suggesting that reverberation was not significant.

It was found that the standard microphone amplifier (Brilel and

Kjaer type 2603), whichas used to measure sound pressure 1eve1, was ,

-

not very sultable for use in the recording path, because its internal
noise limited the dymamic range available. TFor this reason a preamp-
'f'iifiefucas'bﬁiié,.ﬁeihgwe lcw hcise tyﬁé of %faneiefor,;ﬁhich did'not
significaptly add to the noise 1eve1 from the cathode follower amnllfier
J-ic‘the“microghcﬁe unlt (see flgure 6.1). A ‘simple prefempha51s cipemit
.was builtvwith a 6 db/ octave slope up to 10.3 kHz. as shown in figure
6.24 Preeemphasis‘gives better recording of the high frequency comp-
onents becauseAthese are of relatively low level in voiced sounde." 1e

frequency characteristic of pre-emphasis can be written as

A /(1» - §2m.10300/w) . (6.8)

where AH is the high frequency gain. After being read into the computer,

the sounds were de-emphasised before further analysis was carried out.
i

The sounds were ?ecorded with a tape speed of 60 inches per
second; this gave a frequency range of 0-20 kHz., The recorder used &
frequency modulated systeh, which had the advantage that the tape could
be played back at low speed w1thout dlstortlng the recorded waveformo.
Low speed playback was necessary because the analogue—to—dlgltal con-
verter had a szmpling rate of only 1 kHz. A playback speed of’ 1.5
inches pef second was used, giving'a speed reduction factor of forty;
therefore the effective sampling rate of the original speech was 40O kiHz,
The output from the analogue-to-digital converter was put onto magnetic

tape for'subsequent computer enalyeis. To check that errors had not
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occurred, the sneech waveforms were nlotted and compared to oscillo-
scope waveforms of the original speech. Also sinuisoidal test waveforms

vere recorded at the start and end of each session as a fﬁrther check.

L
—

LA

The sounds recorded are shown in Table 6.2, which gives the

phonetlc symbol, the sound pressure level, and the vmrd 1n whlch tne o ‘

sound occurs. Each sound was sustained for several seconds. About
a quarter of a second vas converted 1nto dlgltal form. The sound pressure
1eve1s showr correspond to - greater than average vocal effort but not

50 loud as to cause strain or unnaturalness.
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THrn VOICED SOURDS AHALYSED
. . s Sound pressure level
Pgonsgic ggﬁ dlgcgﬁ;:h- Specker relative to 2x10-5
ym newbon/metred (db)
p/ | e e |
/e/ | stair "o 95
=/ sat o 9
Ju/ boot " 90
/. all " ol
/a/ father n 93
/n/ dam f - 86
/n/ don " 87
/n/ sing L 88
/8/ bird (r not pronounced) " 90
/9”/ bu{rjn (r " ] b) n 38
/57 bozp (@ M o )| o 86
/=/ | - van f' | 88
/a/ . ba\.‘E‘Jn (I‘ n " ) ] 90
/e/ 2 /3/ /8 as above, but recorded
at about 10d4B lower
level
/e/ stair PIG )
: )
Je/ stair GR )
‘ )
/%/ un ) CAV g
~ )
/2 bon ) pronounced as n )  between -
. ) in French ) 85 and 90
e/ vin ) " )
” . ) )
/a/ " bl=nec ) L )
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6:3. Non-nasal Vovels

The function Fy, defined in equation (6-4t), can be expressed

in terms of glottal and vocal tract components as follows:

Fy(jw) = G (o). ¥, (3 o (6,9)
where | aGe) = e [}écm | 4-;;@@(@ N |
s - ,
W = e @ o)
Using equations (6.5) and (6.9);Fb can be written as
Fplie) = F (o)
Fyy(3e)
= G(jw) . V(j&))
Gy(dw) « Vu(Jw) |
= Gp(3w) . vD(jm)" o - (6.10)
where . GD(jd) = G(ju)/G,(ju), vD(jm) = V(jm)/ﬁﬁ(jm)
For non-nasal vowels it was shown in Chapter 3.2 that theAvoéal tract .

is minimum phase; hence V(jw) = Vﬁ(jm) and so Vb(jm) = 1 , Therefore

from equation (6.10):
FD(jm)} = GD(jm) o

smdeo £ - gt) C (6w

Therefore, the results for fD should be the same as for the glottal’

function &p vhich was calculated in Chapter 5 for glottial pulsés on

. their owm.

The method was tested by computing fD for the synthetic

neutral vowel /@/, as in "bird" with the r not pronounced. In this case



the vocol tract iswnroximated as a uniform tube open at one end,
with formants equally spaced in frequency (F-2, p. 50). The first
seven formants were included by placing the poles of V(s) at s, and

S s vhere S o o C

83/ 2%

k

—25 r—JJOO(ck—;) Iz | (6.12)

1,2, ... 7..

- A radiation zero at s = O was also included in V(s). This vowel was -~ "

generated for two different glottal pulsgs: the minimum phase pulse
= znd the maximum phase pulse gZQ Theée pulses have already been .
defined in Chapter 5.3.]1. The resulting synthetic vowels are shown
.in figure 6.3 and 6.4; a repetitibn period of 10 milliseconds has been |
used. The speptral magnitude U is the same ;g both cases; but the
phasevﬁ:F is not. Since O is the same for both sounds, therefore so

~ is the minimum phase QF.

The f waveforms for the two cases aré shovm in parts (c) of
flgures 6.3 and 6.k, Comparlson of these waveforms with those of gD,
whlch vere obtalned for- the glottal ‘pulses on their own, (see parts
(e) of figures 5.5 and 5.6), shows that f % g in both cases, in
approximate agreement with equation (6.11). It is to be expected that
the same degree of accuracy will be obtained for spokén_vowels of

about the same fundamental frequency. o - B

Figureé_G,S to 6.13 show the results for riine different examples
. of non-nasal vowel scunds. Part (a) of each figure shows the speech

pressure waveform, and part (b) shows the all~pass function :E'D(t).2

2 Actually the periodic forms are shown ~ sce Chapter 5.3.2,
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Figure 6.3 Results for Svnthetic Vowel /8/ Using °
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: g(t) = glottal pulse
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Figure 6.4 Results for Synthetic Vowel /8/ Using
the Maximum Phase Pulse By
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Figure 6.5 Original Speech Waveform and All-pass -
Function for /i/, Speaker GMC .
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Figure 6.6 Original Speech and All»pass Functlon for /e/,
Speaker GMC .
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Figure 6,12 Original Speech ‘Waveform and All-pass
Function for /a/ , Speaker GMC .



13

RO

r .
=

v& u\ \/\

ngw. [

éf‘%\\/\/\w\ \M [ﬂ/\/\/l[\\//\/\-/\/\\ /\[\fwf ‘ - : -(b)

=1570 — . v L o t

A - g 12,00 16.50 . (mS)

DRI . ..u

-y

Figure 6.13 Original Speech Waveform and All-pass
o Function for // , Speaker GHMC .



For six out of the nine sounds the point of maximum excitation can be
clearly identified as the poinﬁ where the fbrmant oscillations begin
-(all excent figures:6.8;6;9; 6.13). This point is marked by an arrow
on the time axis. In these six cases it can be seen that the function

)

_the peakslof“fD,arQ uceful for locating the point of maximum'excitation,.;

)

has its largest peaks near this point. These results suggest that

even vhen this point is not obvious on the speech pressure waveform, -
as, for example, in the remaining three cases of figures 6.8, 6.9 _

and 6.13, where the fp waveform is highly peaked over a short interval.

From equatlon (6.11), f = gD for non-nasal vowels; therefore -~
the results for fD’ in part (b) of each figure, correspond to the
all-pass function gD. Hence the above results are in agreement with
the proposition, put forward in Chapter 5.4, that the peaks of gp
occur near the point of maximum excitation.

The ahove tests were repeated'with the speaking level reduced
by about 10dB for the vowels /e/, /3/ and /fa/. The resulting fD

waveforms were still highly peaked as above.

The above mtethod of obtaining "pitch synéhronousﬂ markers. is
closely related to a méthpd‘described by Sondﬁi in 1968 (S—h), which
he described as "sPectrﬁm flatténing followed by a minimum phase corr-
ection to synchronise harmonics'. By "minimum phase correction'" he
meant cdmputing the minimum phase characteristic from the spectral |
magnitude, and subtracting this from the original phase characterlstlc.
By '"spectral flattening" he meant setting the spectral magnitude to a
constant value. It can be seen that the result of this is the same as

£, defined in equation (6.5). Sondhi applied this method to speech on a
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non-pitch~synchronous basis, in an effort to obtain clear markers in
synchronism with the fundamental frequency of the glottal wave. The
purpose of this was to facilitate the measurement of the fundamental

frequency.

In this ﬁhesis, however, the method is applied on a pitéhé
synchronoué basis,: where a siﬁgle»perioa is analjsed,‘witﬁ'the
object of obﬁéining a refefencebmarkerttbAassist in the choice of
time origin. It'was.pointed outiin'Chapter-?.2.3~‘that phase errors . '
equal to integral multiples of 2n‘radians oceur unless the.time
oriéin is cwrrectly chosen. These phese errors are not important in: f -
this chaptef, because the principal values of phase are sufficienthere,
They are important in Chapters 7 and 8, vhere the time origin is choseﬁ

from the fb waveform -

6.+, Nasal Consonants

The function fD

Spectral'poies and zeros occur in the vocal tract transmission
function during nasal consonants, but the transmission is still minimum
phase (see Chapter 3.3). Therefore the all-pass function fD equals

the glottal functicn g as before, in accordance with equation (6.11).

A synthetic conéonant,/ﬁ/-was generated, at a fundamental
frequency.of 100 ﬁz, using the maximum phase glottal pulse gg, defined. -
in Chapter 5.3.1.. The vocal tract transmission had a radiation zeroh
at s = 0, eight formants and one antiformant, the frequéncies and
- ‘bandwidths of Which'are given in Table 6.3. These represent typical

values for /m/ as measured by Fujimura (F-1).
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FORMANTS AND ANTIFORMANTS USEZD FOR SINTHESIS OF /m/

Formant é Frequencj { Bandwidth -
number Hz Hz
VZ‘». § 900 4 o
| b | 2060 1B 280
1 5 2800 -170
6 3600 | 170
7 44,00 170
8 52C0 170
Antiformant -
number
1 | 1000 . 80

Parts (a), (b) and (d) of figure 6.14 show the glottal wave, .

- the speech pressure wave and the spectral magnitude characteristic,

o

The presence of the antiformant can be clearly seen in the magnitude
characteristic. Part (¢) of figure 6.14 shows the result cutained for
f,; comparison w1th the result for gp in figure 5. 6(e) shows good

agreement. This is further confirmaltion of the accuracy of the method”

of computing fD.

The all-pass function fD vas computed for the spoken samples

of nasal consonants /m/, /n/, and /h/, descrlbed in Table 6 2, Figures

6.15 to 6.17 show the waveforms of £(t) and ?D for these three sounds.‘
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' T T T ) T —=
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) fD(t) Note: Hanning filter cut-off frequency=3 Kiz,

Figure 6,14 Results for Synthetic Nasal Consonant
- /n/ Using Maximum Phase Pulse By 0



139

| e e -
- 5
/\/\m\'\,\/“‘\u\ /\/\/‘N\'\.—\_ Mr/“"\ (a
t
4o 500 | 1é.og 5.0 (as)
| £5(%)

2410+

f\
" w\/wvv\ W W\

0.00 i 00 o 8 co 1200 16 o (ms)

(v)

Figure 6.15 Originai Speech and All-pass Function
for /m/ 4 Speaker GMC , '

\'\W ““”/\ o

12,00 . - 16.00 ¢ (mS) .

, , (b)
t
12,00 16.00 " (ws)
ol ’ . _w/an
e 2.00 4,00 .6.CQ (KHz)

—25 */v”¢/~ﬁ\~\L\ | @

—75iJ-:\.~-a~«~~:.< o v

F;ig;ure 6.16 Original Speech Waveform, All~pass Function,
' and Spectral Magnitude for /n/, Speaker GMGC .
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Figure 6.18 Original Spcech Waveform, All-pass Function,
And Spectral Magnitude for /n/ ., Speaker Giil,
(Weakly Voiced Case).
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The f; vaveform is highly peaked in the cases of /m/.and /n/+ As in tﬁe.
previous section, it can be secen that these peaks occur near the point
of‘maximuﬁ excitation, which con be seen on the speech wave £(t); this ﬁoint
is marked wifh an arvow on thé time axis,as bafore, TFor /h/ tpg‘peaksbof
fD are not confined to a short interval of time, and.so a clear marker is

not obtained in this case.

It should be noted fhat thé'ébovéﬁresults aré for.stfongly

" . ‘voiced sounds wherethe level of .fricative and measurement noise ig 7 ntTiT

relétively low. . The test was repeated for /n/ at a reduced speech
pressure level., The results are shown in figure 6.18, vhere part (b) -
shows thatthe peaks of fD are not confined‘to one région on the time
axis. Fxamination of the o curve; in part (c) of the figure, showé

that only tﬁe'_irst few freauency components are significant compared to’
the noisé level, which, for this sound, is about =45 db relative to the
fundamental éomponent;r As a result fD is not a highly peaked waveform.

On the other hand, the oy curve for the more strongly voiced example,

r
showvn in figure 6.16(c), ‘does not fall to the noise level until about

LkHz, Yor this case the fD wavefdrmisIﬁghlypeaked,és was noted above.

Bl

The function f

-

This function was considered of interest in the case of nasal conson~
ants because it appeared to offer a means of detecting the presence and

positions of the zeros of V(s), as the following discussion shous.

From equation (6.6), F, can be written as

F( jw)

F_ (ju) =
P‘Jm EiI;Eb)
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Substituting from equations (6.2) and (6.9), and putting s = jw, it

follows that R Tl . -
, a(s) . ¥(s) g
Fp(s) I

GI_{( -S) - V}i( _s) . ’

1]

A__,GP(S) . VP(s)jF:'ff?”f37ef“'““*fiw:” _(6,13)?%5”,_.

where Gp(s) = G(s) / Gﬁ(-—s) ., and V'P(s),: V(s) / VM(-s).

- The function GP(s)‘has already been discussed in Chapter 5j it was shown .* ...

that gp(t) is an impulée at closure when the glottal pulse g(t) is a
maximum phase pulse. The function VP(s) consists of a number of all-pass -
pole-zeroc pairs. For each formant pole of V(s) there will be a pole~zerc
pair in VP(S), wilh the pole to the left of the w-axig in the time

doﬁain this corresponds to the presence of a damped exponential compongﬁt
in vp(t). The.,presence of an antiforﬁant, or zelro, in V(s)producesernole
-zero pair in. VP(s), with the pole to the right of the w-axis; this

corresponds to a non-causal component in v,(t) which increases exponentiallj
: P : :

'with time (see Chapter 2.3). If was thought that this component might be °

visible on the fP'waveform. This idea was tried on the synthetic /m/

sound, described previously in Table 6.3. The resulting waveforms are

shown in figure 6.i9(a). It can be seen that the oscillations due to

the antiformant are obscured by those due to the formants. The results
for the spoken sounds, /m/, /n/ and 4)/, which are shown in figure 6.19,

confirm that this method of detecting antiformants is not satisfactoril

6.5 Nasal Vowels

The discussion of Chapter 3.4 showed that the vocal tract ﬁay
have non-minimum phase transmission during nasal vowels. - Vhen non-

minimum phase transmission occurs, then V(jm) # V,,(ju), and equation (6.11)
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b op(t) for ‘/m/ , syntheticvally generated as in figure 6.1k
1090 -
0/ Wv\m V W W\W\/
S -1200 4

0.00  4.00 .  12.00 16 00-

o j‘_ £ (t) - for /m/ spoken bJ GMC .
2030 . L
"~ (b)
~1200 -
So.00 . u.o 8 Qo ‘ Q.GD o 15 [ . (ms>
1850
~1010 }f\wf\ﬂ/\/\J}V ' t
2.00 15.00 (mS)
/_ fP(t) . for /g/ spoken by GMC .
1850 ., - S T o
' : (@)
a |
S =1150 . ;;t‘
Q.0 aQ (ms)

Note: Hanning filter cut-off frequency=3 Kz in (a), otherwise 4Klz,

Figure 6,19 All-pass Function f,(t) for Four
Iixamples of Nasal Consonants .
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is no longer valid. From equaticn (6.10)

I(e) = | gplt) * ‘vD(t)‘ L | (6.14)

P(s) = Gye) . V(e)  (645)

Thefefore when the transmission is non-minimum phase,'f ié not equal

“to gD, but is modified by the- all-pass vocal tract functlon Ve | For~
example, 1f V(s) has zeros in the rlght hulf of the s-plane at s =0, + ju,
"’»'«;rhexfé"&x>o,' then 'VM('s) has seros iri"the'l'eft half of the 's-pla'ﬁe R
at s= -0 iNij; Therefore VD(S), which equals V(s) / VM(S), has -
righf half zeros at s = ox * ij . and has left half. poles at

s ==~ o0y * ij « These polesAcof;espond to a damped oscillatofy“
component in the time function VD(é). From equation (6. 14) it can be

seen that this component would also be present in fD(t).

From the spcech pressure waveform f(t)it is possible to comfute
fD(f) directly, but not'vD(t). This suggests a method for deternmining
" the presence of non—mipimum phase. transmission. which involves looking
for damped oscillatiops on the fD wéveforms of nasal vowels. Since fD
includes the gidtfai function Bp it is necessary to‘distinguish these A
oscillations from the irfegularities of khe 8p waveform{»'

" This idea was tried outbon,a synthetic nasai vowel with a nor-
ﬁiﬁimuﬁ-pﬁa;é’vbbalAtréct'traﬂ;ﬁiéSidn fﬁncﬁioﬁ;A The'same,formants dnd
and antiformant were used as -for /m/ in Table 6.3, except that the zeros
were placeq to the right of the w—-axis rather than the left. The
maxiﬁum phase gloctal pulsé g5 Vas used. The results are showm in
figure 6.20' Tt can be seen that the sveech waveforn in part (a) of the
»flgure is almost identical to that shown in figure 6.14(b) for whlch
the vocal tract vwas minimum phase. The spectral marnlbude for thlu

nasal is the same as in figure 6.14(d). The result for fD’ ghown in
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Figure 6.20 Non-minimum Phase Vocal Tract: Effect
on the All-pass Function fD .
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in fipure 6.20(b), differs from the previous result shown in figure

6.14(d). In the former case the right half zeros have produced :n additional

darped oscilleation on the fD waveform, as predicted above.

The method waé also tried on the époken nasal vowels of'twoJ
speakers. Speaker GMC pronounced the words: szg, qu?, van, qup»(with
-..the r not ﬁronounced);‘the speaker tried to hold his arﬁiculatipnA:‘ﬁ',1 ~
midway through the'transitibn between the vowel and the following nasal
 consonant /n/. These nasal vowels are written here‘asv;./57, /s /8h
. /a/+ In the case of /%E/'the fransition was deliberately changed vef&r
slowly, with thé fundamental - frequency nearly constant. , The résultingn
_waveform,is shovn in figure 6.21, wherea segment of‘half a second
duration is shown. It can be seen that the waveform shows decreésing
amplitﬁde between t = 150 mS and t = 275 mS;. this was attributed to
the trénsition from vowel to nasal consonant. .This was confirmed by
lispening to the sound vhile wétching the oscilloscope trace. The
region indicated on figﬁfe 6.21,near t = 200 mS, was selected for

investigation, and a single pitch period analysed.

The French—sﬁeaker CAV uttered in turn the four nasal vowels.

contained in the phrase: un bon vin blanc. Consultation of the booklet.

published:by the International Phonetic Association (I-1, pp 21-22),
by the speaker and this author, indicated that the appropiate symbols
for the four vowels were: /& /, /57, /¢/, /a/+ These vowels sounded

somevhat similar to the four sounds pronounced by speaker GHC.

The results for these eight non-nasal vouwels are given in
figuresv6.22 to 6.29, vhere parts (a) show the speech waveforms and
parts (b) show the fesulﬁsfpr fD. Examination of the waaveforms
-shows that there is some evidence that non-minimum phase transmission

Fal . o ey £
L

has occurred. There are.damped oscillatlous on the I vaveiorms for
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Nasal Vowel During the Word 'vamn' .
| . very slovly. This Nasal Vowel is written as /&/.
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Waveform shows decrease in amplitude cdrrespondlng tc the change .



s
Fh
~
ok
~

S\ W ‘/J\‘ (@

i ,_1 ' | ‘," t
! T T 1 L
0.t2 .o 3. 20 12.00 16.00 ()

(O

t_‘

o s

Jo(s)

(mS)

Figure 6.22 Original Speecé}Waveform and All~-pass
Function for /§/, Speaker GMC ,

Note: inverted waveforma

Note: inverted waveforn.
W/\UW\M{W

1 1

1 ¥ t Foe
5.00 10.00 15.00 20.00 (nS)

Flgure 6.23 ";‘l"bfiginal Spleech.WaiJeAfoi"rh énd All=-pass R

Function for /5/, Speaker GMC .,



149

S : r (a)

—
~—
‘f;:;:>
s
<//5§§
=

Lt
| ! == i -
0.00 4.00 8.00 12.00 16.00 (ms)
(b)
. . ot
0.00 4,00 8.00 12.00 16.00  (mS)

Figure 6.24 Original Speech Waveform and All-pass
' Function for /& /, Speaker GMC,

i

0.0 4.00 9.00 12.00 15.00 ()
| £5(t)
26804 ‘ - ' '
A \ - (b)
| M o .
-.r\/\/\,.’“\\\} W\if\/\/\,f\\ ;W
~1810- S | _t

0.00 . u.00 5.0  12.c0 16.00 (ms)

Figure 6.25 Original Speech YWaveform And All-pass
Function for /¥ /; Speaker GMC .



150A

) £(t)
(a)
'\ V JVV\/\/W\ /\/A\/
1 I t
.00 00 2.0 ’ 15 00 (mS)
| 5w | o
23004 . - - . o
| \1 / o ; (b)
A AN gV
. =1890 A . 3 \ i | t
0.00 4.0 8.00 12.00 16.00 " (mS)
Figure 6.26 Original Speech Waveform and All—pass
Function for /bm/, Spezker CAV .
£(t)
o (a)
i AVANVEN
hl ' ‘ t
0.00 4.0 8.00 12,00 16.00 (mS)
»J fD(t) )
1850 4 | - e
A . (b)
P f\f'\/\f\f\r AN AT | -
_2390_ ' o } . }‘ ‘ —'-;.t :
0.00 L. - 5.00 oia.ce 16.00 (mS)

Figure 6.27 Speech Waveform and All-pass
Function tor /9/, . Speaker CaV .



151

'\ 4 (a)

N T vwv ’ \; W\

t
) e 8| =
0.00C u LO 12,00 16.00 - (mS)

,n,2920—,> o et
_ (b)

Q. oo h. 7,0 12.¢ 16, oo (mS)

Figurc 6.28 Spcech Waveform and All-pass -
Function for /&/, Speaker CAV .

Ar(t)

™

(a)

V.,

{mS) .

(o)

(]

2

(]

N

o

(98]

8]

(o]
0D

e

rN

2

2

4

Q) T

e}

(40}

(mS)

Figure 6.29 Speech Waveform and All~-pass
' - Function for /3/, ~ Speaker CAV,



152

the sounds /57 and /é;/ of speaker GMC éfigures 6,22 and 6.24), and for
/3/ and /5/ of speaker CaV (figures 6.27 and 6.29); in each case the
frequency of ogcillgtioﬁ is inthe region of 2.5 kHz, The oscillations
are not very noticeable and it is possible that they qorrespond to
irfegularities in the glottal’function gD(t); howefer'they appear t; be

o~

greater than the irregularities observed in the_ID waveforms of the

- . previous two sections, where the vocal tract was minimum phase. On
another occasion the four nasal vowels were re-recorded by speaker GMC,

and the above analysis-repeated;'bnce again there was no strong evidence -

of non-minimum phase transmission.

6.6 Summary

For non-nasal vowels and nasal. consonants, where the vocal tract

has minimum phase transiission, the all-pass function fj; is identical to '

8p which is the. all-pass function calculated from the glottai pulse

on its owvn. Therefore fD depends only on_the glottal wavesha;pe.3

‘The method of computation was checked using synthetically
generated sounds: two non-nasal vowels and one naszl consonant. The

results indicated that the accuracy of the method was sufficient for

" the types of sounds analysed.

For spoken sounds , both non-nasal vowelsand nasal consonants,

the results were in agreement with the proposition of Chapter 5.4

that the largest peaks of fD occur near the point of maximum excitation.

The fb waveform was typically highly peaked in a shor® interval near this point.

Therefore the function fD appears to be userul as a means of obtaining

~ Pong
3‘I‘he glottal waveshape is influenced to a certain by the loading of the
vocal tract (Chapter 4.1). Therefore fp is not completely independent
of the vocal tract characteristics. '
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a clear reference narker near the voint of masdmunm excitation.

For speech sounds where excitation of the vocal tract does not

ocenr principally at a single voint during the glottal cycle, it is

-
;
-

not to be expected that the peaks of fD will. be confined to a short

interval. This situation arises winen the sound is weakly voiced, and:
the fricative and measurement noise components are at a relatively
high level. This was illustrated in section 6.4 with a nasal consonant

vhose spectral components of frequency greater than 1 kHz were mainly

due to noise: for this case the f, waveform was not highly peaked.

For nasal consonants the method of using the all-pass function
fp to detect antiformants was tried; it was not successful hecause the’
formant contribution masked the result. Perhaps this could have been
anticipated . but the additiénal erk to do’this experiment was not great
and so it was considered worthwhile investigatinq and reporting this .

method.

Wﬁen the vocal tractihas noﬁ—minimum.phase.transmission; tﬂe
all-pass function function fD reflects not only the glottal characteristicsv
but the non~-minimum phase transmiésion as well. This was illustrated by
the synthétiéally generated sound for théh the vocal tgéct was non-minimum
phase. In‘this case the fD»waveform,had an oscillatory component which
was evidence of the non-minimum phase transmission. The results fopnthe

sample of spoken nasal vowels showed evidence of non-rmiuimum phase

transmission, but it was not very strong evidence.



st

CHAPTER 7

DECONVOIUTTON OF GTOTTAT, PULSES TNTO

MINIMUM PHASE AND MAXTIMUM PHASE PORTIONS

7.1 -Genera1.,~ - A
. The fcsuifé of Chafféf‘5.sﬁééésf fhaf éiéfféi bﬁisesva;éwA

typically maximumvphasgvfﬁhctions. Thevthree functions used in
Chapter 5 ; By gb aﬁdvgé - Qere faifi& easy to compute butnfhey
- gave no numerical measure of the error involved in making a maxi-
mum phase assumption for glottal pulses. The method described
in this chapter allows the error to be quantified.' The method
is aﬁplied to ﬁhe examples of gl&ttal pulges listed in Tgble 5.1.
7.2 Theory

| The method relies on the determination of the maximum
phase and‘ﬁiﬁimum phase-'poftions':of é(f);wtﬁé éloﬁtal pﬁléé. ‘gét)

is represented as the convolution of two functions a(t)_and b(t):

g(t) a(t) « bt = (7.1) .

or o G(jw)

ACiw) .+ B(jw) (7.2)
where a(t) is a minimun phase function

and  b(t) is a maximum phasé'function

The spectra can be written in terms of their log-magnitudes and

phases:
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G(jw) = exp F;G(w) ; h| ﬁG(w5]
Alg0) = exp [y () + 3 4, ()] | (7.3) -
B(jw) = exp _aB(w) + 3 ¢é(w)1

The minimum phase curves, 6 QA and eB, can be computed from the

G’
corresponding amplitude characteristics in the manner described

in Chﬁptér‘é;ﬁ; .éﬁeﬁlqé-ﬁégnitudés&éﬁd-ﬁﬁaséuéﬁaréétergééiéé éféh4i
related by simple addition:

0@ = ) + @) oW
¢é(m)- = ¢A(w) + ¢§(w) o | ,(7;5)
eG(m) = GA(w) + eB(w) ‘ (7.6)

From the definitions of a(t) and b(t) it follows that

g, = 8 - 0

¢§(Q)

VoL

~65(w) - 'v'“j_,‘_ . - (7.8) L

»Substifution from these equations into equatioms (7.5) and (7.6) -

allows the phase curves QA.and ¢é to be separately determined:

(VR

¢A(9)
¢B(w)

[¢¢(§) + 05 | ) (7.9)
‘[ﬁé(w) -“GG(w)]» : U (7.10)

1
VAN

Since a(t) is minimum phase, therefore  the amplitudé oy can be
found from the phase ¢A‘using the Hilbert transform equation given:

in equation (2.30); thus

8

2 &g, (%) ‘
@, (0) = 0, (0) - 2? g S~ dx (7.11)
%(x= - %)
o]

... Therefore., A(jw) and a(t) can be found apart from an unknown multi- .

plying factor corresponding to the unknown constant aA(O). Farthermore, b(t)

can be found from B(jw) = G(jw)/A(jw). Therefore, it is possible
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té 'deconvolve! g(t) into the maximum phase and minimum phase
portions a(t) and b(£)}’ 2. Since a(t), and hence b(t), can only

~ be found to. within an unknown multiplying factor, therefore, only ’
' ﬁhe shapes éf these functions can be found and not th?ir absolute

values.

It is impéftant to note that the integrand of equation
(7.11) contains QA(w), which is the continucus single-valuéd phase
function, defined in Chapter 2.2;1. Tt is not sufficient to use
the principal values of phasé; which lie in the range -m to n;-the
rphase vélues mﬁst be 'unwrapped'! in the.manner described in Chapter

- 2.2.2,Large errors occur when this is not done, as is shown later.

N e |

7«3 Homomorphic analysis -

A mebhod of speech énalysis; closely related to the oﬁe
déscribed in éhé breviOus section, has beeh dzscribed in several - - -
. recent érficies (B-h, 0-1, O-?, N-1). This method, called homo-
morphlc analy51s, is descrlbed here by applylng it to the convolution
'equatlon (7 1). TLet G(Jm) be defined as the complex logarithm of -

 the spectrum G(ju):
0 Gl = Tog Gliw) = aglw) + § Flw)
A,y L A

Let glq) be the inverse Fourier transform of G(jw):

o - 37 o7 s]} (7.12;

1 The term 'portion' is used to distinguish these two functions from

&y &p and ) which were used in the previous two chapters.

2 It is assumed that the integral in equation (7.11) exists. In
speech work, where only a limited range of frequencies is con51dered,

it is possible to ensure the existence of the integral by assuming
4

P ooan

N

“dhat G () i nronortional ta m ontoids tha yangs af intereack
VRS FANSS 2T RIOPOIVAQII. Vo L DRRSLOS Tac rangs oL lunieresel

Appendix B).



157

Conversely,

s = 77 {mfE o] Gy

The functions a(a) and %(q) are defined in a similar manner. --Some
new words have been coined by researchers in an attempt to avoid

confusion in terminology:_é(q) is called. the 'complex cepstrum', . ... .. ..
and the independent variable q, which has thé dimensions of time,

is called the 'quefrepéy'.q_t.

Paking logarithms in equation (7.2) it follows that

Log G(jw)

i

Log A(jw) + Log B(jw)

1l

A .
therefore, a(jw) A(jw) + g(jw) _ ' (7.14)

This is equivalent to equations (7.4) and (7.5), because the real
and imaginary parts of the Log function are the amplitude and.phase
respectively. Taking inverse Fourier transforms in equation (7.14).

it follows that
A A,y A
glq) = alq) + blq)

This shows that the individual complex cepstra combine by linear
addition. This property is useful when it is known that the region
on g-axis where Q(q) is non-zero does not overlap with the region

A . ) A A
where b(q) is non-zero, because it enables a(q) and b(q) to be
separately determined. This situation occurs in the present exampile

because

Q(q)

A
"blq)

1l
O

for q £ 0O |
| a0

1
o

for g > O

This can be established from the properties of the Laplace transforms A(s)



andB(S)zﬁifollows. Tﬂe poles of ﬁ(s) ocour at both the poles and
zeros of A(s); since a(t) is minimum phase, it follows that Q(S) has no
poles in the right half of the s-plane. As was explained in

Chaptef 2.3,'this is sufficient to establish the causality of &(q)

| provided that the high frequency behaviour is such that A(jm)f> 0

as wrw, 3‘..Avsimi1ar argument, using the fact that b(t) is maxi- - .-
- mum phaée, can be applied to show that g(q) is anticausal; thus

equations (7.15) are established.

Equations (7.15) enable g(q) and g(q) to be separately
-determined, excépt'at q ; 0, aﬁd'soiit‘is possible to find a(t), 
andAb(t) from equation (7.13). The ambiguity at q = O corresponds
to the fact that a(t) and b(t) Vc"an only ber found to within a multi-

plying constant, as was noted in the previous section.

Both this method and the one in the previous section are

fairly easy to implemént using a d;gital cbmputer; The latter

method was_the one which was used‘because programs already developed
for the expériments in Chapter 5.aﬁd 6 could be used with only

minor mbdificafions. Both ﬁethods require the correct"unwrapping' .
of the phaseivaldés; it turned out that this was not eagy toAachieve o
and that—inqorrect unwrapping produced large errofs; IntView of
this it was not considered worthvhile to compare tﬁe'tWo methods
in matters such as computation speed, but rather to concentrate

- on finding ways.of reliably estimating the values of phase Qé.

3 Actually, a sufficient condition is A(jm)-a» a constant as @w->o0 ,
because the constant only affects the value of &{q) at g =0. It
1s explained below this value cannot be determined anyway.



7.4 IExverimental method

The flow chart of the analysis is shown in Fig. 7.1l. The
spectrum of the glottal pulse was caleulated and tha ldg—magnitude
o (w ) and the principal values of phase.ﬁG(wn) found at the har-

monic frequencies W, = 2nu/T, for n = 0, 1, 2, etc. The minimum

159 .

. phase values GG(wn)-were»found from aG(wn)Avalues in the-mammer . - -

given in Chapter 2.5. The unﬁrapping algorithm described in.
Chapter 2.2 was then ﬁseq to find #.(w ) from BG(¢n>., Zquation
(7.9) was used to find ¢A(wn), and aA(u§9 was calculated.fron{equation
(7.11). The program used to evaluate equation (7.11) is described
in Appendix B. Oniy fhose values of gﬂ(wn) below 2 kHz were used
in thé evaluation because the higher components were more likely

to be affected by random noise. Above 2 kHz it was assumed that

¢A(w) was proportional to w, that is

¢A(w) = sifﬁk(wL) for v > wL‘

where wL = 2% « 2000 .

When ay and QA were found, o and ¢é were determined from equations

(7.4) and (7.5); a(t) and b(t) were then calculated as in Fig. 7.1.

The effect of shifting the time ofigin vas studied. A
shift of time origin inffoduces an additional linear phase com-
ponent into ¢é(w). From equation (7.9)-it can be seen that half
of this cdmponent appears in.QA(w), so that it is also present
in the nﬁmefator of the integrand in equation (7.11). However,
this linear phase component makes zero net céntributioh to the
integral (refer B-1, P 335) and consequently has no effect on. the
value of.aA(Q); therefore, in theory,the choice of origin is im~

materiai. However, in practice the choice of time origin is of
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Read in glottal pulse time samples

b

Choose time origin '

g(t)

Calculate spectral log-macaitude
and phase

Computed =t the harmonic frequencies
,--.fwn=2"7t/T .y for. n=0,1,2,‘ etce . ¢

N B.(w ) = principal values -
,aG(9)> o o ¢ of phase '

Hilbert transform

, ﬁnﬁrapping procedure
&G(w ) | zc(m_)
o3 (0) = 3 [g0) +9,(w)]

9A(w) = rzsA(w)

Hilbert transform

o, ()
_Compute: Ug = O = &,
o = Gy < Gy

1

??~1'{Exp( o, + jo, %
#-1 {Exp( o + Jog )}
a(t),b(t)

Compute: a(t)

' b(t)

j
3 KHz "Hanning" low=-pass filter

a(t) =minimum phase b(t) = maximum phase
portion T . portion

- Figure 7.1. Tlowchart: of Deconvolution Méthod.~wwfa~*-‘~~~h#“



great importance becauvse, as was eyplained in Chanter 2.2.3, it
can determine whether ox not the phase values are unwrapped
correctly.

The results for each pulse were checked byvrepeatingffhe

calculations with the valie of T doubled; this was done by keeping
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the pulse duration constant and increasing the interval of zero =

glottal {low between pulses. The harmonic frequencies W, = 2nn/T

" bécame more closely spaced, so that correct umwrapping of the =

'Aphase values was more likely to be achieved. The new resﬁlﬁs
were compared to the original ones: if the results were different
then the calculation was repeated for larger values of T ﬁntil :
consistent fesulks were obtaiﬁed. These consistent results were

taken to be the correct ones.

The célculétions were also repeated for all pulses using

a slight variation in the method. The maximum phase 16g-magnitude‘

aB(w) wvas computed from its phase characteristic ¢é(w). Since

g (w) = -8_(w), the Hilbert transform equation (2.30) yields
B B _ quat .

2 I g0
0

1

@B(w) = aB(O) + aﬁ 5 5= dx
x(x~ - ©°)

‘This method of computing ay from ¢é, rather than «, from ﬁA, pro- -

duced only slight changes in results; this indicates that the

methods are about equally suitable.

7.5 Bxrerimental results

- The deconvolution method was applied to the nine glottal

" pulses listed in Table 5.12““First‘it“was'applied‘td_the.syhﬁhetié*"

pulses g, and g, in crder to test the accuracy of the method. In



of time'qrigin:'Q,S mS, 5 mS and 7.5 mS prior”tq ?he end of thex;

the case of gz, which is a mavimum phase nulse, the result that

should be obtained is

b('t) = ga('b)
a(t) = §(%) ) .
where $(¢) = unit impulse at t =0 ) for pulse gy
S e T ey e T
hence . aA(w) = constant )

The resulté wﬁich vere obfained ére shown;in<Fig;~7.2 Qhere both-
b(t) and aA(m) are plotted. The result for b(t) is, as expected, -
nearly identical with the original pulse (see Fig. 5.1). The
result for aA(w) is more revealing because it allows the errors.

to be quantified: the curve is almost constant with a deviation

of z 0.5 dB in the range O to 4 kHz., This is the computational

error of the method in this case.

The etfect of the sampling rate wés investigated by repe;té
ing the calculations with a 40 kHz rate instead of 25.6 klHgz. .This
caused neéligible change in the results, indicating that the
sampling rate of 25.6 kHz ﬁds adequate. ihe effect of halving the
fundamentsl frequency was investigated by keeping the duration T; ‘
constant.and doﬁbliﬁg the period T: thus the dnty'rétio“éecame 0.3
instead of 0.6. This reduced the computational éfrof so that
aA(w) fluctuated £ 0.2 dB about a constanf value in the O to 4 kHz

range.

For the above results the time origin was at the end of

 the pulSe, The calculations were repeated for three other choices

pulse. The results for the 2.5 mS case were identical to those

above. Tor the 5 mS and 7.5 mS cases the results were grossly in
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error wvith the o, () curves chouing lar~s dovintions mreater thoy
il :

L0 4B 1notead of belng nearl J constant. The cause of these errors

‘was found to be fallure of the unwrapplng algorifhﬁ:b it wasv
explained in Chapter 2.2.5 that this happens when the additional
linear ﬁhase shift causes some, but‘hot all, of the first differ-
ences:AQ§wn) to have-magnitqde greater than = radiéns; and this -
was oalled type II feilﬁre; ‘It was verified that this was the
cause ofiefror by oomputing the phase values with the origin at .
closure, unwiapping these values, and ohen adding a linear phase
~component equivalent to the time oriéin shift for the three cases:
2.5 mS, 5 mS, 7.5 mS. In all three cases the deconvolution
results were identical to those of the zero shift case. This
demonutraues thut the wost vulnerable paft of the deconvolution
method is the unwrapping procedure. The results also support'the
suggestion mads in Chapter 4.3 that,in order to avoid unwrapping .

errors, a good choice of time origin is the point of 'maximum’

excitation! ~of  the glottal wave. In the case of g, this'point

is at closure , the end of -the pulse.

- The results for the minimum phase pulse gl are not plotted

~

here becaLsc thcy are the same as for ga except that the roles of

a(t) and b(t) are interchanged: -

a(t) = gt )

g , ) : '
b(t) = §(&) g for PU156'81
aB(w) = constant “)

Plg. 7 3 shows the results for pulses gB, 84 and g5 - the _ ,

nulses Uthh were obtalned by inverse fllterlng of spoken sounds;

&g, ig identical to &), exXGept fur duty ralio, and so its resulils
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are not chown. The results for gh:are shown in vart (b) of tﬂe
figure vhere it can be seen that the maximum phase portion is
nearly identical with the original pulse, that is ' (&) gu(tz).l*'
Furthernore, aA(m) is constant to within & 0.8 dB in the range
0 to 2.5 KHZ, vhich shows that gq.is very nearly a maximum phase
. pulse.. Examination of the results for g5‘in-part (c) of thg S
figure shows that‘b(t) is similar to the original pulse and that
‘aA(m)Adéviates Y 3.5 @B in the range 0 to 2.5 KHz. Part (a) of ~ - ...° -
the figvure shows that b(t) shows little resemblance to the original
pulse 8 and that aA(w) varies tA21 dB. The results for thesé.
three pulses .are in general agreement with' those of Chapter ..
5.4 "which indicated that the pulses are approximately maximum

phase, the approximation being best for g, and worst for gB.

The pulseSgg7; gé and €y which were generated by a cbm—
puter sinwlated mechanical model of the lérynx, have their results -
shovn in Fig. 7.lk. In all three cases b(t) has little resemblance
to the original pulse, and the qA(w) curves all show aeviafions of
about T 20 . Clearly, a maximum phase ~ssumption for these
pulses would be grossly in error. The aB(m) values weré also
calculated for these pulses; examination of these showeéndeviatiéns.
of about =~ 20 dB. Therefore, the pulses are neither maximum phase
nor minimum phase'and‘must'have zeros in both the right.and left

halves of the s-plane.

" The results for 83’ 8y, and g5<werg obtained at the duty
- ratios given in Table 5.1 with the time origin chosen at the end

of the pulse. When the time origin was chosen near the start of

-

L . . .
' The original pulses are shown in parts {a) of Figs. 5.5 0 5.13.
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the vulce incorrect results were obtained in each case ; it was
‘necessary to halve the duty ratio to get correct results again.
'Tﬁié illustrates the importance of choosing the time origin near
the point vhere the glottal wave derivafives show greatest discon-
tinuity,which for these cases is at the end of'the pulse. TFor the
pulsesvg7, &g and,g9,two choices of time origin vere tried - at -

the end of the pulse and héaf the middle - but correct results

" were not obtained at the valueS‘of,dﬁty ratio given in Table S.1. .

This illustratves the situatién, discussed in Chapter 2.2.3, where
the‘phase curve is so ifreguiar that type II faiiure in the
unwrapping procedure occurs no matter how the time origin is
chosen. To obtain correct results for these fulses the duty

ratios had to be halved.

-In Chapter 5.4 it was suggested tiat it is reasonable to
expect that a pulse g(t) should have duration equal to the sum of
the durations of the itwo component pulses a(t) and b(t); from

equation (5.15):»

C A B
where T, is the duration of g(t)
TA non ~on . 1 a(t)
T'B 1mon 1 " p(t)

This was investigated for all the glottal pulses and the results
are given in Table 7.1l. When estimating TA and TB’ sidelobes of

magnitude less than five per cent of the peak value were ignored,

being of the same magnitude as the computational error. Inspection

of the results in the table shows that equation (5.15) is approx-—

imately soatisfied, except that TA + TB excceds TC by about 0.7 @md
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Table 7.1

Durations of Glottal Pulses compared to Durations
of Maximum Phase and Minimum Phase Portions.

Pulse Tp T3 Ty + T TG
(mS) (msS) {mS) (mS)

o | e | o | es | oeo

& 21 | 3.7 | 5.8 5.1
8 0.8 L,0 | 4.8 L,1
g 1.6 5.6 7.2 6.4
&g 2.7 3.5 6.2 5.
& 2.7 Iyl 7.1 6.1

ir each case. This is due to the 3KHz filtering of a(t) and b(t)

which increases their durations slightly. .

?;6 Summégi

| The method of deéonvdhing glottal pulses intO'minihum phase
and maximum phase portions has been described and gpplied to
several éxamplesQ'.The most diffiéult‘pgoblem in the apﬁiication of
the method is the unwrapping of fﬁe'phaée cufve; a failure in.this
produces large errors in the results. Once the phase curve has
>been deternmined the method works well. The unwrapping difficulty

can be reduced in twc ways:

1. Increasing the period T so that the phase curve can be
evaluated at more closely spaced values of frequency.
2. ChOOSing.the time origin to give a slowly vafying

phase curve.
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For the glottal pulses gs,‘gq.and gs, vhich werevobtained by inverse
filtering of spoken soundo, the best choice of time origin was near
the endpof the pulse, this being the point of closure of the vocal
folds, | |
The method of this chapter enables the error of making a

maxlmum phase assumptlon to be measured. "he assumptlon was reauonably
bgood in - bhe cases of &y and 85’ these pulses ahOUCd stecyp ulopc at -
- the p01nt of closure, Wthh is a property of mascimum pbase pulses
n(see Chapto* h 3) The other pulse obtalned by inverse fllterlng,
7 g3, was not maximum phase. This pulse contalns 51gn1flcant noise .
components, whlch, it is consldered, would produce opectral ZETOS on

both sides of the w-axis; therefore it is not to be expected that

such a pulse would be maximum phase.
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CHAPTER 8

DECONVOLUTION OF NON-NASAL YOWELS INTO MINIMUM

PHASE AND MAXIMUM PHASE PORTIONS

The aeconvolutlon method descrlbed in the prev1ous chapter
is applled here to v01ced sounds, the examples used are one synthetlc'”
vowel and two spoken vovels. Theminimmnphase.porth1ofthevnwelié

conpared to the tract 'characteri'stic,computed from the formant frequencies,to |

assess the accuracy of using the former as an estimate of the latter.

8.1 The Influence of the Vocal Tract

The speech output £(t) due to a glottal pulse g(t) is given

by the convolution equation 39"
f(8) = glt) o« v(t) ' (8.1)

where v(t) is the impulse resporse of the vocal tract (refer to
Chapter p.l) Let f(t) also be represen+ed as the convolution of
a minimum phase function a(t) and a maximum phase functlon b{t) as

follows:
(&) = alt) » blt) ” | (8;2i“

This is the same as the representation of g(t) in equation (7.1).

When the vocal tract is minimum phase, which is the case

for non—nasal vowels and nasal consonapfs, the Jaklmum phase por-n;h;_“'ﬂ3qﬁkwh

tion b(t) contains no vocal tract contrlbutlon, thus b(t) is

identical to the maximum phase portion of the glottal pulse. On
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the other hand, the minimum phase portion a(t) contains contributions
from both the vocal tract and the minimum phase portionAof the
4:81ot£al pulse; in fééf a(fj is the convolution of v(t)Aend fhe ’ ;:.
minimum phase portion of the glottal puise.

In the idealised case where the glottal pulse g(t) is
‘maximum phase and the vocal tracttransmlss1on v(t):&;mlnlmwnphaue,thev‘"
oecon'olutlon method separates g(t) from v(t) In this situation
"the'followiﬁémeqﬁations apply: T

a(t) | ' B |
k 7 (8.3)
b(t) -

| v(f)

g(t)

Under these circumstances the deconvolution method is equivalent
‘to the inversc filtering method described in Chapter Lh.1.2. In
this chapter, the anount of error in assuming the validity of equatlons

(8, 3)15 1nvest1gated for two samples of non—nasal vowels.
One difficulty in applying the deconvolution method to
voiced sounds is that only the periodic wave c(t) is known, where

o(t) = Z it - kr) | (8.4)

k=-w

~

Therefore, asvexplainod in Chapter 2.1, the spectrﬁﬁ‘of £(t) can

only be calculated at the harmonic frequencies w, = 2nn/T. Since

the value of T is fixed by the speech wave, it is, therefore; not
possible to check the results using last chapter's method of re-
calculation with a larger velue of T« In particular, it is not
possible to check the unwrgpping of the phase values in this

manner. This dliflcultj appears to have been overlooked by pve— - '
vious workers in thls fleld (Oppenhelm et al O~l 0—2) their T

approaci \0-1, p 1270) was to evaluate the spectrum of the tfunction



E;f(t) . c(t):! a (8.5)

vhere w(t) was a Hanning.window function (B-2) of duration several
times greater than T, so that several pitch periods were included.

The longer duration meant that the spectrum of [w(t).c(tﬂ was

evaluateu at more closely spaced values oi f;equency, uonsequennly

the unwrapping of thesn phaso vaWuns was not dlfflCth. They used'

the unwrapped values as estlmates of Q}, the opectral phase_nm4¥

of f(t). However, there appears to be no Ha51s for ausumlng)that
the values obtained in this manner will coincide with the desired
phasé curve Qf(w). This caﬁ be seen when the discussion of |
Chapter 2.2.2 is recalled. It is only possible to compute the
principal vélues of phase BF(wn) at the harmonic frequencies

= 2nn/T for n = 0, 1, etc; for each value of n, Qf(wn) and

BF(wn) differ by an integral multiﬁle of 2n radisns:

er(w ) o= Bplo) + 2K N Y

‘where Kn = integer, n = 0, 1, etc. Different sets of Kn values
correspond to different Q% curves; however, the Kn values have no
effect on the périodic function c(t) and neither do they affect
&!(t).c(fﬁ ,Therefore, the phase curve of ['(t) c(ta is not
relevant to the choice of the K n’ desplte the fact that it has

closely spaced frequency components which are easy to unwrap.

In Chapter 2.2.3% it was established that the ;JI,,'(wn) can
be successfully determined by unwrapping the values ﬁF(wq)’ if

and only if both the Following conditions are satisfied:
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mav ha chozmen withant congineg Ao b
may ne onogen withouy causing Ty = -
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2. The time origin is chosen in this region.

For speech sounds_}t is not possible to influence the first con- .
ditiqn (except by asking the speaker to use a low pitch frequency);
therefore, the remaining possibility is to concentrate on the

choice of origin. In Chapter 4.3 it was shown that to obtain.a

' slowly varying phase curve the time origin should be chosen at

the point of maximum discontinuity of the'glottal wave. For

~ speech, the vocal tract causes fluctuations of the phase curve:

in addition to those of the glottal pulse; nevertheless, it was-

- thought worthwhile trying the same choice of time origin for

voiced sounds.

In this chapter the time origin is chosen in the manner
théh was sﬁggested in Chapter 5.2, that is; in the region
where the a11~pasé function fD(t), is highly peaked. For thel.
two exaﬁples of non~naéai vowels which are analysed here, this :
fegion occurs near the point where the formant oscillations éan
be seen'to begin~othhe speech waveform, and this is the point

of mayimum excitation.

~

Pitch measurement

The analysis in this thesis is 'pitch synchronous', which -

means that only .oné period of the speech wave is analysed, rather

_than averaging over several periods. In this thesis the period

was simply measured from the scaled time axis, but in practice

some automatlc method of measurement 1s de 51rab1e. One method ‘

of pltch mmasurement descrlbed bJ Noll (N—l) is of 1ntereut here

because it is related to Homomorphic tiltering discussed in



" waveforms.

Chapter 7.3. The method uses the 'cepstrum' vhich differs from
the 'complex cepstrum' in that the phase date are disregarded.

The cepstrum of £(t) is

o -1 {aF(m)} cepstrum

whereas

complex cepstrum

F oo + ot}

Therefore,vthe difficulty of dealing with the phéSé is avoided.

- The method is applied to the function [w(t),c(t)] where w(t): is
a window function several pitch periods wide. Since c(t) is
periodic, the spectral log-magnitude of w(t)-c(ti] has periodic
ripples spaced at 1/T Hz; consequently the cepstrum has a strong
couponent at quefrency q = T sgconds; The meﬁhod is based on
detecting this gomponent,.and measuring-the value at which it
occurs. By shifting the window w(t) along the time axis and ..
fepeating the calculations, it is pos;ible to track pitch vari-

ations in real tinme.

8.2 Experimental Results

The deconvolution of vowels was implementedrusiﬁg bésicallj
the same procedure as in Chapter 7.4, except that it was first
necessary to divide out the radiafion zero; this was done in the
manner described in Chapter 6.L. Spectral values uﬁ to 6 kHz
were usea; beyoﬁd this frequency the asymptotic aprnroximations
given in Appendix B were uscd for QA and Oy e A Hanning low~pass

filter with a 6 kHz cut-off frequency was used for the resulting



175

Deconvolution of a Swanthetic Vowel

The method vas flrst tried on the synthetlc vowel
generated in the manr..r descrlbed in Chapter 6 3. The vowel tract
had a radiation zero at s = 0, and formant poles at Sy and sk*;

where

m .
1

25 + 3500 (- 1) o

R AR
The glottal pulse g, vas used, with a repetition rate of 100 Hz.
Since the vocal tract is minimum phase and the glottal pulse is
maximum phasg, therefere the resulis chould agree with cquationS'
(8.3). The results obtdined are shown in Fig. 8;1, where part
(a) shows the glottal pulse, part (b?Ashows the sneech pressure
Qave zt the output of fhe vocal tracf, and part (c) shows the 
all-pass functlon fp defined in Chapter 6t f;, should be the .
same as the glottal funciion 8p because the vocal tract is mini-
mum phase; comparison of figures 8.1(c) and 5.6(e) shows that
this is true to a good approximation. It .can be seen that fD i
hlghly peaked near t = 6 mS, the closure point of the glottal

T~

wavee.

The deconvolution method was tried using four different
choicés of time origin; these are marked (1) to (4) on part (9)
of Fig. 8.1, Parts (@) and (e) of the figure show the fesults
.when the origin was chosen at either (3) or (4), which are near

the peaks of fD. Part (d) shows qA(w), the log-magnitude of
the minimum phase portion. For comparison av(w), the vocal

"tfécf chéfééﬁériétic, is pibttedaéﬁhfﬁé>samé ékeéglﬁhis>ﬁas'A“‘u

1 Strictly speaking it is the periodic function cD\t)—- zij(t <T)
( see Chapter 5.3. 2) . k=meo
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g(t) = maximum phase pulse g, — sce table 5.1 . ' (a)
. N S )
\ 4 \ Glottal wave
1 [ 1 ‘\.l ' t_
0 L 8 12 16 {m3)
ORI : | (b)
1, . ' Speech
N pressure
o vave =
0 8 12 16 (ms)

Note: Hanning low=pass filter cut-off at 3KHz. (c)

o £p(E)
‘ ' ' ; ‘ ' All=-pass
‘ ' - function -

(1) @) (3)
% . . . v
0 L : .8 . 12 . . 16 (ms)
20 }- (a)
(aB) - o, (@) = o, (0) = minimum
10 - phase portion with time
% J origin at either (3) or
() (see part (c) )
0. \ .
\ LT LTI
-10 L ) ‘ b (:J/Zn
o} 5 6 7 (KHz)

A

v

ot () -ocV(O) calculated from formant positions.

B(t)‘ b(t) |

=4 L : t ’ ——&ML— A - ¢
—8 "'6 "‘Ll- -2 0 (mS) -8 -6 =l -2 0 (mS)
(e) , (£)
Maximum phase portion with origin Maximum phase portion with - o
at either (3):or (1_*) “in-part. (e)e 7 lorigin at (1) .in part (¢) o

Figure 8.1 Deconvolution of Synthetic Vowel /3/.



calculated from the vositions of the formant poles and does not

include the radiation zero. The difference between the two curves

represents the computlution error: agreement is good at low fre-
quencies, and the formant peaks coincide,but at high frequencies a,

exceeds &;. The maximum phase portion b(t), shown in part (e),

'V-iS“similar to g(t); since the high frequency components of g(t) "

are a* low level the above-méntioned‘high.frequency'error does

o ‘not. ghotr. i e

fart (f) of Fig. 8.1 shows the result for b(t) with the
origin chosen at thevpoint marked (1). on part (c); it can be seen
that this recult is gressly in error; the result for ay (not
shown) has errofs of more than 80 dB. When the origin is at (2),

large errors also occur.

This examplg illustrates thatvthe deconvolution results
are‘oniy correct for certain cﬁoicés of time origin; this con-
firms the theory of Chapter 2.2.3. Furthermore, it supports the
approach of choosing the time origih near thé peaks of the all-.
'pass<functiopbe.' |

“

Leconvolution of Spoken Vowels

The deconvolutioﬁ methéd was also triéd on two éamples of
voiced sounds: /e/'and,éa/, speaker GMC. The reéﬁlts are shown
in Figs. 8.2 and 8.3, where parts (a) andv(b) shéw the time wave-
) form and the spectral magnitude respectively. Parts (c) show
aA,’thC’log-magnitude of the minimum phase portion, and parts (d)

show the maximum phase portion b(t).,_w N

The 'glottal~like' appearance of b(t) in both cases

hat the method has achieved approximate separation of

b

suggests

177 -
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f(t): speech pressure wave , Speaker GMC .

SUAN) \N\»

16 - (mS)

dF(w)-dF(wl)=spectral magnitude relative to fundamental

Note: the spectral zero due to © (b)
radiation was not divided S :
‘out before plotting this graph.

w/en

2 oo 6 8 (Kiz)

- o (m)-—d (0) = minimum phase
;//// portion .
_ (e)
‘y,/-dv(w)-av(o) = Yocal Fragt
i{ransmission as
calculated from
w/2n formant positions
(KHz)
X . o db(t) = maximum phase portion
y S (d)
. . ,
i { ] 1 P

Note: the time origin was chosen at the point marked by
an arrow on the time axis in part (a),

Figure 8.2 Deconvolution of a Spoken Vowel Je/ .
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f(t) speech pressure wave. Speaker GMC .

V\[/J\/J\[«/\*N B L (2)

| ! _  t

8 12 16 20 (ms)
! aF(m)-=G?(ml) spectral magnitude relative to fundamental.
0. .
- Note: spectral zero due to radiation . = -
' was not been divided out before '.'*'(b)”*"
-20 }. plotting this graph.
(aB)
40 |
-60 . : _ wa/qu C e
1 i | ] ! QZZTE
0 2 L 6 8 10 (KHz)

, (@] | oy (m) -, (0) = minimum phase
| o /g// portion.
Lo |- .
'20 - : (w) - «,(0) = vocal tract
i A& A /’///av GV transmission as

AN \\ _ m/.?."t calculated from

ok ! : " . formant positions
o 1 2 3 b (KHz) ormant P

| (CX,

1}

b b(t)= maximum phase
portion

(a)

S ¥ Notet the time origin was chosen at the point markedf'*”‘;
by the arrow in part (a).

Figure 8.3 Decon.olution of a Spoken Vowel /=/.



the glottal source g(t) from the vocal tract characteristic v(t).
This is 5upported by the fact that the peako in the « @y curves in
‘.partu (c) c01n01de with the peaks in the qF curves in parts (b) B

AThe formant frequencies, estimated from the pezks inraF, are-

shown in Table 8.1l. These values are fairly typical for these

sounds (F-8, p 131).

S Mable 8.1l e e e L

Tormant Frequencies of /é/ 2nd /[=/

Note: formant frequencies are in hertaz.

Formant | Formant v Formant | Formant
number | frequency number | frequency
1 420 B 1 640
2 1820 | 2 1480
R - N A R
b 3150 t 3400

/el o [ee/

Fant has ghown that the vocal tract transmission can be calculated
from the formant frequéncies with good aceuracy up -to 4 kHz, pro-
vided that a correction is iuade for the omitted high frequency

formants (F~2, pp 48 - 51). His method was used to determine the

o, curves using the formant frequencies in Table 8.1, assuming

100 Hz bandwidths for all formants (see parts (c) of Figs. 8.2 and 8.3)

Comparison of oy with ay shows that for buth sounds the

curves agree in general shape, with the formant peaks coinciding.

;hﬁf highafféQﬁeﬁdieé‘théré iéhé_lafgéﬁdifféféﬁée iﬁ bbthﬁéaséé;‘ﬂu R

nrahahlr pcannead
prolaLly caveed

vwith aA excrading . Part of thiz difference is
V
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by the computation error observed in the case of the synthetic vowel;

the remainder is due to the fact that oy includes the minimum phase

portion of the glottél puise'as well as the vocal tract character-

istic. It is not thought that the minimum phase assumption for the

vocal tract is'a cause of error,because this assumption is so

- strongly supported by the success of inverse filtering which uses -

this assumption. Furthermore, if there was a tranmission zero in

phase portion a(t); since a zero produces a rising high frequency
cﬁaracterisﬁic, ‘the exclusion of a zero from the minimum phase
portion would cause o, to be less than oy e This is contrary to
the above results, whiéh suggests that for these sounds V(s) was
minimam ?hasé.'_Thé facﬁ-that aA.excgéds %y is consistent with
the iﬁterpretation that some glottal zeros have been included in
thg minimum'phase.portion.

The above results for the two spoken sounds were obtained‘A
with the fime origin choséﬁ near the peaks of the all-pass
Sfunction fD; for these sounds the peaks were very clear (see
Chapter 6.3). TFor both sounds the deconvolution was repeated
three times‘with thertime origiﬁ Shiftéd from the abovehfoéition
by T/, T/2 and 3T/l. Thé resﬁlts were completely differeut
from those shown in Figs. 8.2 and 8.3; these new results vere
rejected.becausg the a, curves did not show all the formant
peaks of Ope These results confirm that deconvolution is un-
likely to be correct unless the origin is chosen near the peaks

of the ?D Wave. .

e T R e T e s s LT e e T e e

"~ the right half of the s-plane, it would not appear in the minimum . oo
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8.3 Surnestions for Improved Phase Curve Deternination

It is considered that the major source of error in the
deconvolution method is the determination of the phase values
¢f(wn), and that this aspect requires improvement before further

progress can be made. The unwrapping technique requires that

-the phase is a slowly fluctuating function of frequency; there are three- -

sources of fluctuation in Q?(w):

’i; ' The glottal phase ﬁé(w){v
2. The vocal tract phase ﬂv(w>;b
5+ The linear phase shift caused by uncertainty

in the choice of time origin.

In this chapter attention has been given to the choice of time
origin with the aim of minimising source number 3. It is suggested
here that source number 2 can be minimised by unwrapping the

values of h(wn) instead of ¢f(wn), where
M) = gple) - e(w) - - (8.7)

and QF is the minimum phase of the speech f(t).2 Assuming a minimum

. phase vocal tract, A contains only a glottal contribution because

ﬁﬁ(m) = Gv(w); therefore E _ - ;'
Mo) = Fw) - 8 (0) . (8.8).

This leaves source number 1, the glottal contribution; since the
glottal. wave varies in shape, so will the A(w) curve. Consider
A(w) which represents an 'average' A{w) curve; this could be

determined experimentally by analysis of a large sample of glottal

doen not dindroduce extra unlmoym multiples

£ a
cauge it is computed as a single valued function from «

]

Dy v A5
Lo LAt

[
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nulses. TFurther, let ¥{w) be defined as the deviation from this

average curve:
¥ = alw) =Aw) - (8.9)

It seems plausible that X would show significantly less fluctu-
ation than A and would, therefore, be suitable for the- unwrapplng
proceaure. Substitution from eauatlon (8.7) into equation (8 9)

 yields ©

¥ = o) - 6y(w) - 7lw) (8.10)

Combining the suggestions made above, it is proposed
that the following'procedure wvould lead to more reliable deter-

mination of the phase values ﬁf(wn):

wave

1. Choose the origin near the peaks in theAfD

<y )

as before.

2. Galculate the principal values of phase BF(wn),

and the spectral log-magnitude aF(wn).
3. Compute the minimum phase OF(mn) from tbe qF(wn?.

L. Using predetermined values of'x,calculate the
values of [éF(@n) - GF(wn) - A(wni]-
5. Apply the unwrapping algorithm to these values to

obtain the K(wn).
6. From equation (8.10) determine the values of ¢f(wh).
Tt uhould be noted that the values of (éF(w ) - O (w ) -

A(w i] are not necessarlly prlncnpal values, which lie in the

range =% to n. Care should be taken that the unwrapping algorithm



is sufficiently general to deal with this situation. The algorithm
used in this thesis (Chapter 2.2.2 and Appendl,c A) is sultable,

but the nne given in ‘oblnson s book is not (R-2, p 65).
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9.1 Discussion of Previous Chapters

,ﬁ{__It‘was.pointed out in Chapter 2.1 that the spectrum of . .. . = ..

a periodic voiced sound can only be determined at the harmoﬁic
frequencies, if the acoustic‘wavéform is the only source of data.
The principalrvalues of phase can be found, but the correct
multiples of 2n radians must be added if the true phase values
are required; the 'true' values are those which-lie on the phase
curve of the transient reépﬁnsé produced by an isolated glottal
pulse. The 'unwrapping' method of determining these vélues,
.which‘reiies on the phase‘curvé Being a slowly flﬁctuating
function of frequency, has been examined. Correct resuits can-
not be expected from this method unless attention is given to
- the choice Qf origin on the time axis;.indeed, it was shown in
Chapter 2;2.2 tha%, even if the phase curve is slowly fluctuating,
there is always a region on the time axis inside which a choice

of origin leads to incorrect resultss L

In Chapter 4.3 theoretical consideration of the high fre- '
quency pfoperties of pglottal pulses showed that a favourable
choice of time origin is the point of maximum excitation, which
is where the lowest-order discontinuous derivative has its maxi~

coumum discontinuity.  This point normally occurs at glottal closure.

1 v - . :
Gxecept for the trivial case noted in Chapter 2.2.2.
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It was arrsued in Chanter 5.5 that the all~pass function QD, calcu~
lated from the glottal wave, should have a waveform which is highly
éeaked at the point of maximum excitation, provided that excitation
elsewhere is relatively sﬁall. Furthermore, for voiced soﬁnds

other than nasal vowels, the all-pass'function fn, calculated from

the speech wave, is the same as By Therefore, on theoretical - s

grounds, it was expected that fD and g would be highly peaked
. near the point of maximum excitation; this was investigated in.

Chapters 5 and 6 with the following results.

In Chapter 5 glettal pulsesi obtaihed by inverse filtering
were exahined, The sample was too small for generalisations to be
made, but the experiments were useful in comparing different
welhods of investigation. The peaks of the gy vaveforms were
larger near closure than elsewhere, but not markedly so. It is
thought that the relatively high level of‘random noise on the
pulses masked the high frequency components, normally produced
at clooure, and thus reduced the sharpness of the peaks in Bpe
Consequently, for the tests of voiced souuds, fairly strong
voicing was used as a means of reducing the relative level of
the random noise, which comes fronlfrigativesourcesamd}ﬁeasurement

Eerrors.

In Chapter 6 the voiced sounds of four male speakers were
analysede. For most of the sounds the fD waveforms were highly
peaked in a narrow region on the time aiis,' In some cases it was
possible to verify that these peaks marked the point of mzximum

'ewcitation because bhlS p01nt coula be clear1J seen as the start '_'

of formant cscillations on the speech waveform. It is suggested

that the highly peaked naturc of fD.may make it useful for
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automatic selection of the time origin.

It vas shéwn in Chapter 4,3 that when the point of mazrimum
excitation~is at.glottal clésure the high frequency spectral zeros
lie in the right half of the s-plane; this is a necessary but not
sufficienf conditién for the glottal pulse to be maximum phase.
Methods of investigating the validity of making a maximum phase
assuﬁptioﬁ for glottal pulses haﬁé béen‘described in Chapter 5
and 7. The methods of Chapter‘5, which involve computing minimum S
phase and all-pass functions, have the advantage that the princi- -
pal valges of phase can be used; however, the methods only give
a gualitative idea of the error in making a maximum phase assunp-
tion. The method of Chap£er 7, where the pulse is deconvolved
inte minimum phase and maximum phase portions, gives a quantitative
measure of the error. However, it has the disadvantage that the
phase values must include the correct multiple of 2n radians.

This is not a great disadvantage because the resuits can be

checked by repeating the calculations with the spectrum evaluated

at more closely spaced values of frequency.

The results of both Chaptefs 5 and 7 showed that the -
pﬁlses obféined by inversé filtering Qere apﬁroximateli\ﬁaximum
prhase; the presence of randum noise on the pulses increased the
error in the maximum phase assumption. The pulses generated by
the mechanical model were neither approximately maximum phase
nor approximateiy minimum phase; however, the accuracy of the

model is not knovm.

,“_In Chapterr8 the deconvolution method was applied to non-_
nasal vowels., The results for the synthetically generated vowel

showed that the maximum phase and minimum phase portions were



4

carrectly determined, nrovided that the time oricin was chonen in
a region near the p01nt of maxirum discontinuity; this reglon wvas
found'to correspond to the peaks in the fD wave. when the orlgln
was chosen.aﬁay rom this region the results were grossly in’
error, the reason for this was incorrect determination of the
o phase'values'by the unwrapping technique. -
The deconvolution method Qas also applied to two samples
'vof spéken vowels.” In e;ﬁhhcase the résult for the mlnlmum phaseJ
portipn was compared to the vocal tract transmission function as
calculated from the formant frequencies. This showed that the
minimum phase and maximum phase portions were correctly obtained
whén, as ahove, the time origin was choseﬁ near the point.of
maxinmum excitation as indicated by the all-pass function fﬁ.
The formant peaks were clearer on the minimum phase portion than
on 'the gpectral magnitude curve of the original speech. .This is’
attributed to the-removal of the maximum phase portion of the
glottal‘pulse. The results suggest that the method gives approx-
imafe separation of the glottal pulée‘and the vocai tract trans-

mission fvnction, the main source of error being that the glottal

pulse is not exactly maximum phase.

lThé deconvolution metﬁod developed in Chaptef 7 has the
same objective as Oppenheim's method of Homomorphic Tiltering:
_to separate the speech into maximum phase and minimum phase
portions. The methods differ in implementation because the former

method requires the minimum vhase curve to be calculated, whereas

ﬁhevlattgr‘;gqﬁirgs‘the"cqmplex cepstrum' to be found. Neither

method seems to have much advantage over the other because both

have the Tupdamen{al difficulty that the phase values must include
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the correct multiple of 2rn radians. Tt énnearo that this diffi-
culty, and the importance of proper choice of the time origin in
reducing it, have not Been’recoghiséd before. It %s felt that -
the presentation in.Chapter 7 is simpler than Opnenhclm s, and’

that it uses more widely kmown ideas.

9.2 Sugrestions for Further VWork

_‘Thg work of this thesis,was_ﬁo a great_extentAdictated
by the existing speech research facilities. Good batch processing
facilities were‘available; these were suitable for developing
analysis methods and testing small quantities of speech. Recently
facilities have been greétly improved with the installation of a
medium-sized computer with analogue-digital interfaces. Cénse—
quently larger quantities of speech can now bé anslysed. With
Ton-line'! operation the researcher can'pbserve results and :
bimmediately adjust parameters. This interaction meahs that
operations which require human intervention, such as inversé
filtering, can be conveniently undertaken. The improvement in
facilities‘mékes possible the investipgation of the following

v

suggestioné.

1. It would be useful to cxamine a large sample .of glottal
pulses, obtained by inverse filtering, to determine the error
involved in making a maximum phase assumption. It is suggested

that the method developed in Chapter 7 be used.

2« The reliability of the deconvolution of voiced sounds,

escribed in Chapter 8, needo to be 1mproved. The greatest

weakness is the determlnatlon of the nhaoe curve, esne01ally for

Tt b mwa oo

higner pitched Tfeiale volves whére the harmonics are more widely
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sraced thon for the male voices an]:r::erl in this thesiz. The
suggestion made in Chapter 8.3 should be useful in this respect.
The method aiso needs to be improved in accﬁrécy at high fre-
guencies, but it is considercd that thie is a minor problem in’

comparison with the above. Inverse filtering is suggested as

the most-accirate vay of checking the results.

3. It is considered that the deconvolution method could be

zero analysis! (M~3). In this technique, the spectrum is approx-

imated by a number of poles and zeros in the s—plane. The poles

are assigned to the vocal tract and the zeros to the glottal pulse,

thus, separation of glottal and vocal tract effects is achleved.

" more useful when used in combination with the technique of 'pole- .

A major difficulty is the large number'of*zeros"requiredwwanﬁﬁ*-~“~-

thls has hindered efforts to automate the procedure (M~4). The

deconvolutlon method would be useful in thls respect because 1t

enables the maximum phase portion of the glottal pulse to be

divided out, thus removing the glottal zeros which lie in the
right half of the s-plane. Since it appears that ‘this is where
most of the zeros lie, the remaining minimum phase portion would
have coneiderably less zeros than the spectfum of the egeech. |
Therefore, the minimum phase portion would be more amenabie to

pole~zero analysis. The procedure envisaged is as follows:

(a) TUse an approximate pole-zero analysis to remove the
more obvious poles and zeros; this would reduce the

fluctuations in spectral magnitude and phase.

“(b) ‘Find the minimum phase portion using the decon~ "

volution method. The reduced spectral fluctuations
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as a result of (3) would make the deconvolution more

accurate.

(c) Apply the pole-zero amalysis technique to the minimum

phase portion.

The constraints on low frequency zeros developed by this author
in Chapter L.l would simplify the determination of the zero

- positions in the pole-~zero analysis méthod._y Wi el

L, A difficulty with qhahnel vocoders is that 'Voiced sounds
are synthesised from a pulse source whose waveform and phase
spectrum do not reflect certain details and changes of the real
vocal cord wave.! (F-8, p 248). The spectral magnitude of the
glottal wave is to a great extent refained because vocoders are
difected to feproducing the.spectral magniﬁude of the speech.
However, the phase data is lost. Therefore, it would be of
interest to use a pulse source whose shape is similar to the
& waveforms described in Chepter 5. In this way the phase of
the réconstructed speech would be more similar to that of real
speech. This maX improve the quality of the syﬁthesised speech
because the ear is not entirely insensitive fo phase-changes

(P-2, F-9).

5. There is some evidence to suggest that the.shape of the
glottal'wave may be sufficiently regular to be useful ii automated
speaker identification (F-5, p 111; ﬁ-h). Glottal wave shape is
probébly difficult to change at will and perceptually not of

major importance; consequently, glottal data should be useful

" for making imperscnation difficult. When the vocal tract is - - o

minimum vhase the all-nose Punction £, described in Chapter 6

JRESIS FOR Sy BES Lo 1 22
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is entirely determined by the shape of the glottal wave. fD is
easy to compute and it should be suitable for investigating
gloﬁtal wave variatiéns between speakers. The maximum bhase‘
portion of tﬁe speech could also be used, but this is more diffi-

cult to calculate.

6. The occurrence'df:non~minimum phase tfanémissionAduring
nasal vowels does not appear to hawe been uhoroaghlj 1nvest1gaueu
Vyet.- ouch an 1nvest1gat10n mlght lead tolan 1mproved method of |
detecting non-minimum phase transmission than the one used in

Chapter 6.5.



APPENDIX A

'PROGRAM FOR 'UNWRAPPING' PHASE VALUES

The iﬁitiéi set of nhase ﬁalues, in radians;Ais placed in
the array A(l), i= 1, 2, .oy N The program changes these
' values, where necessary, by addlng or subtractlng 1ntegral multl-

"ples of 2n so that the final set of values satisfies
ACL) = A(L - 1) s mfor 2 =2, 3, «aay N

The value of A(1l) is not changed. The program, in Fortran, is

given below..

SUBROUT INE SMOOF ( A+ NsKUNIT)

KUNIT=0 UNITS ARE DEGREES» KUNIT=1 RADIANS.

ACI)s 1=1+N PHASE IN DEGREES (OR RADIANS).

VALUES OF A(1) ARE INCREMENTED BY MULTIPLES OF 360 DEGREES

TO SATISFY ABS(A(I)=A(I=1)) ol.Ese 180 (OR PI)

A(1) IS NOT CHANGED _

DIMENSION A(1) -

P12=360.0 : g

IF(KUNIT «EQe 1) PI2=8e0%¥ATAN(140)

DO 1 1=24N

DIFFZA(I)~ACI=1) _ _

NPI=zABSIDIFF)/PI2 + 0.5 : el
1 ALI)=A(1)~ SIGNI(PI2+DIFF) % FLOAT(NPI) , R

RETURN

END

COO0O0n

~
- ~



. APPENDIX B

COMPUTATION OF SPECTRAL MAGNITUDE AND PHASE

FOR MINIMUM PHASE FUNCTIONS

I Phase Computed from Magnltude
Tor a minimam phase funchlon the sp°ctral phase 9 can be
calculated from the spectral log-magnltuae «, using the following

relation given in Chapter 2.5:

8(w) = el(m) + ee(m) ~ (B.1)
‘ . ~ S Y : :
where . 2w a{x) - oalw)
wo o3 [
X" -
P : 5 . T
| (B.2)
o) :
2w alx) - alw)
N x“ - w J
L

a

61 is calculated from measured values of o. The term 62 represents

the contribution of frequencies higher than W - Beyond wp, it is

assumed that

194

alw) = q(wL) + b.loge(m/bL), © > (Bl})-

This is the approximation used by Bode (B-1, Chapter 15); he
showed that

w+ o | o
+ b, B((D/(DL)

0 =2 [atey) - ala)] 208,

(D—(DL
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vhere Bly) =

SRE
——
A ll“
}—J
2
}—J
+
b
o)

Bode also showed that B(y) can be conveniently calculated from

the following vpower series -

B(y) = '% (y + y?/) + y‘/5 4 oeee) ' (B.4)
Using Raabe s test (H-2, p 121) it can be shown that the series
converges provided |y| < 1. When'|y| > 1, then |1fy| < 1;- -

using the Iollowing relation
Bly) = =n/2 - B(1/y)

it is, therefore, possible to find B(y) for all values of y from
the power series (B.l4). The series converges slowly when !y[ is

- near to 1, and Bode gave a method of overcoming this difficulty:

When  |y| s;JE-;ﬁi' &~ 0.414, the series (B.4) is used.

When ~ |y| > /2 -1, B(y) is calculated from

|

B(y) =

———

1+

- loge

+I=a

.log ‘ - B(]_+ -

The series (B.4) need never be evaluated for an argumeﬁt greater

than J§;~ 1, because

1l -~ yl < _ —

[l Tyl 2 - 1 vhen ]Jl > /2-1
The subroutine MPHL and the function BOD were written to

perform the above calculations; copies of the Fortran 1istings

.are attacheds .. i:.ow o
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Annlication to rlottal nulses and voiced sounds

At high frequencies the magnitude of the glottal spectrum
decreases at about 10 to 22 dB/octave (see Chaptef 5.3.2). Super-—
imposed on this decrease is local ripple, due to the asymptotic
zero spacing of 1/TC Hz, where TC is The pulse duration (see.
Chapter 4.3). When computing the‘minimumAphase, the local ripple
was not taken into account, BecauSe'TC wés not usually known.

The high frequency slope was assumed to be -18 dB/octave, or

b=—3.

For voiced sbunds the effect of the vocal trgct should
also be laken into acéount. The high frequency approximation
where the formants are-equally spaced at 1 kHz, gives a spectral
magnitude with pcriodic ripple, and with zero average slope (F-2,
p 50). This suggests b = 0, but this corresponds to 6(w) = 0 at
high frequencies. A more realistic phase.valué is -5n radilans |
at 5 kHz, corresponding to five formant frequencies'in the range
O to 5 kKHz. A choice of b = ~12, giving an asymptotic phase
shift of ~bn, was found to'give good accuracy over 0 to 5 kHz in -
the case of the synthetic /@%/ vowel described in Chapter 6.3.
Combining'bofh the glottal fuise and vocal trqct, the o;érall
value was b = -3 =12 = -~15. This method of chooéing.the value
of b was glso used for the spoken vowels. The value of b was
not critical for most applications, since it only affected the
phase of high ffequency components, which were usuully of low

magnitude.
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-~.following relation from Chapter 2.4:7

TIT Maritnde Cormvoted from Phase

Given the phase 9 of a minimum phase function, the magni~

tude o can be found to within an unknown constant o{0), using the

m .
2 J o)

| a(@) - A‘o:(O) = - 2

x(xz -

¢

‘This can be written in the form

el

2 2
X~ - w

a

[a(w) ) oc(O)] 2 [ 00x) /x = 0(w)/a o (5.5)

The addition of the term 6(w)/w makes no net contributioﬁ to the
integral. It can be secn that the righthand side of equation
(B.5) has the same form as that of (B.2). This means that the
same prograﬁs,.MPHl and BOD, can bé used. A difficulty is to
decide how the high irequency contribution should be estimated.
In Chaptef 7, o) s the Spectrai ragnitude of the minimum phase
portion, was estimated from the phase ¢A. Tt was assumed that
QA(w)/b was constant for high frequencies; this is the phase

_ ' e
characteristic of an impulse function. This assumptionAfound to

give good accuracy when tested with synthetic pulses. In Thapter

8 the same assumption was used for voiced sounds. The tests with

the synthetic vowel showed that oy was overestimated at high fre-

A

quencies, although the general shape of the a, curve was correct.
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SUBROUTLNE MPH1 (ALPHALP1 sBs THETAWKP1 1 KERR)

THE MINIMUM PHASE THETA(I) IS FOUND+FOR A TRANSFORM OF GIVEN
LOG-MAGNITUDE ALPHA(I)s UNDER THE CONSTRAINT THAT THE
INVERSE TRANSFORM IS A CAUSAL TIME FUNCTIONe

THE COMPLEX SPECTRUM IS CEXP(CMPLX(ALPHA(I) sTHETVA(I)) )

INPUT .

LP1 IS THE NUMBER OF VALUES OF ALPHA GIVEN NUMERICALLYS

MINIMUM VALUE OF |LP1 1S 2. -

ALPHA(I)s I=1%cesossLP1 MUST BE SPECIFIED (NEPER) .

FOR I «GTe LP1 THEN IT IS ASSUMED ALPHA(I)=A+B#*ALOG(I—~1)4
WHERE A=ALPHA(LP1) — B¥*ALOG(LP1-1).

B=FINAL SLOPE OF |LOG-MAGNITUDE AT HIGH FREQUENCIES, =~ =~ =

KP1=REQUIRED NUMBER OF THETA VALUESs NOT LESS THAN LP1le

ouTtPUT . . : : T
THETA(I) I=1%se0sesKPle MINIMUM PHASE (RADIAN) s’
KERR =0 NO ERROR DETECTEDs =1 INPUT ARGUMENT ERROR.
SUBROUT INE BOD(X) REQUIRED. ‘

DIMENSION ALPHA(1)sTHETAC(1)
CHECK FOR ERRORS IN ARGUMENTS
KERR=1
IF{ LP1 oLTe 2 ) RETURN
IF( KP1 oLTe LP1 ) RETURN
KERR=0

-
PI=3.1415927
K=KP1=-1 ‘ '
L=LP1~-1

ALMl=L-1

LMa=L-2

Ll =0

SHIFT ALPHA SO THAT ALPHA{LP1)=0.0
AL=ALPHA(LP1)

DO 20 I=14LP1

ALPHA(TI)=ALPHA (1) ~AL

CONTINUE

NOwW A=*B*ALQG(LP1-1)

CALCULATE INTEGRAL UP TO START OF LOG RANGE -
THETA(1)=0,0 :
THETA(LP1)=060 ;

IF( LM1 oLTe 1 ) GOTO 31

DO 10 I=1.LM1

IP1=1+1

ZIL=ALPHA(IP1)Y /FLOAT(I%]1-LL)
THETA(LP1)=THETA(LP1) + ZIL
THETA(IP1)=ZIL/2,0

CONTINUE

CONT INUE

IFt LM2 oLTe 1) GOTO 32
DO 11 I=1sLM2

II=I%1 . R

IP1=1+1

‘DO 12 J=1P1+tM]

JP1=U+1 )
Z1J=(ALPHA(UP1)~ALPHACIP1) )/FLOAT(J%*JU-11)



12
11
32

13

15

14
33

17
34

16
36

19

M

22

23
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THETA( D1 Y=THETA? 101 y2771 1
THETA(IRP1)=THETA(IRPI)+Z1 J

CONTINUE ) -
CONTINUE :

DO 13 I=1sL .
THETA(I+1)=THETAC(I+1 )} %FLOAT(I)¥260 '
CONT INUE

ADD THE ZOI*I

DO 15 I=1.L

ZOIi=(ALPHA(I+1)-ALPHA(1) )Y/FLOAT(I)
THETA(I+1)=THETA(I+1)+Z011

CONT INUE

ADD THE ZII%I%2

IF (LLM1 oLTe 1) GOTO 33 .
DO 14 I=1,sLM1 ' : . ~
ZI112=C(ALPHA(1+2)-ALPHA(1) /2.0 o
THETA(I+1)=THETA(I+1)+Z1112
CONT INUE

CONTINUE

ZLLI==ALPHA(L) /2,0 !
THETA(LP1)=THETA(LP1)+ZLLI

CONTINUE CALCULATION OF TRUNCATED INTEGRAL FOR. 1 «GTe L
IF ( K o«LTe LP1 ) GOTO 36

DO 16 I=LPi+K : : ' )

II=1%] . : : S
YOI=-ALPHA(1)/FLOAT(I1)

THETA(I+1)=Y01/2.0

IF( LM1 «LTe 1) GOTO 34

DO 17 J=1eLM|
YJUI=ALPHA (J+1) /FLOAT (J%J=11)
THETA(T+1)=THETACI+1)+YJ]

CONT INVE

CONTINUE
THETACI+1)=THETA(1+1)*¥FLOAT (2%1 )
CONTINUE

CONTINUE

~ADD EFFECT OF HIGH FREQUENCY TAIL
IF(LM]1 «LTe 13} GOTO 35

DO 19 I=1.LM1 '
THETA(I*l)—THET“(I*I)TALPHA(Ivl)*ALOu(FLOAT(L—x)/FLOAI(L+1i)
CONTINUE o v S
CONT INUE

DO 21 I=14K
THETA(I+1)=THETALI+1)/P1
CONT INUE '

DC Z2 I=1i4K

THETAC(I+1 )= THETA(IF1)+B*BOD( FLOAT(I)/FLOAT(L) )
CONTINUE

RESTORE SRECTRUM LEVEL

DO 23 I=1.«LPI1.

ALPHA( T Y=ALPHA (1) +AL

CONTINUE :

RETURN

END

T owe
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FUNCTION BOD(X)

FINDS INTEGRAL FROM O TO X OF (1/P1)1#(1/T)%ALOGI(1+T)/(1=TY
MAXIMUM ERROR 4.,0-05

PI1=3.1415927

Y=ABS(X)

IF (Y oGTe 10y GOTO 1 )

IB1G=0 ' .-
GOTO 2 . -

1IBIG=1 : ‘

Y=1.0/Y

2 CONTINUE | -

IF {Y oNEe 10) GOTO 3
BOD=P1/4,0 : '
GOTO 8

CONTINUE =~ -

IF (Y oGTe 064143y GOTO 4

N=0

Z=Y

GOTO 5

N=1

Z= (160-Y)/(1.0+Y)
CONTINUE

BOD = Z260%(Z + Z#%#3 /960 + Z¥#5/25.0

IF (N «EQe 0) GOTO 6 :
BOD .= P1#¥%¥2 /4.0 =~ BOD - ALOG(Z)¥*ALOG(Y)

IF (IBIG sEQo 0) GgOTo 7
BOD= PI¥%2 /2.0 - BOD

BOD=B0OD/P1
BOD=SIGN(BODsX)
RET'!'RN

END



APPENDIX C

GLOTTAT, PHASE AT HIGH FREQUENCIES

- Consider a pulse g(%) which is zero oulside the range

tl <t <<:tK’ The Fourier transform is

t _
K ot _ :
Gljw) = J g(t), 7 at (c,1)

[ tl

Let it be assumed that the first n - 1 derivatives are continuous

functions; therefore,
(i) . (4) ' .
.for i = 1,;2, *eey n - l

Integrating équation (C.1) by parts n times, and noting equation

(C.2), gives

N K
G(jw) = L = J g<n)(t).e-jwt at - - (C.3)
: (jw) A

Assume that g(n)(t) is discontinuous; with the points of discon-~
tinuity occurring at times contained iﬁ the get of values ti,
1 =1, 2, ooay k. Turthermore, let these values Ltz ordered such
that tl < t2 < t3 etc. Divide the rapge of intcpration in

equation (C.3) as follows:

Kol Fi+1
G(,jw) - ".‘““';L"‘ﬁ \ ‘ g(n)(t). e-j‘mt at (CQL})
()t 42
O P T
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Let g(n)(t_

. =) and rg(n)(t,L +) be resovectively the values of g(n)(t)

just before and just after ti. The difference betwzen these values

' is the discontinuity at ¢ = t.; this is defined as

(n)
g

i

Integrating equation (C.h4) by parts:_

- . K-l -
Gmm=-;LT§H}m J“l-é@w+mﬂmﬂ-w~
(jw)n+ 1
o
ti+1 o
. g g(n+1).e—-3mt d
L ti /J
o (n+1) ' . .. . .
Provided that g (t) remains finite for t # ti, the integral
term is of order 1/w and can be ignored at high frequencies.
Collecting terms, and noting that g(n)(tl -) =0 = g(n)(tK +),
equation (C.6) becomes
. K ‘
1 (n) ~-Jwts
s — ————r—— Co
Gjw) = —==7 E g, e (c.?)
| (™47 | |

Let the largest discontinuity occur at t = t,,; furthermore, let

i

the time origin be chosen at this poirt, so that tM'= 0. Ccnse-

quently, equation (C.7) becomes

X
. 1 () N\ () -jutyg
G(Ju) = ’ )n+1 By + :24 B ee
I i=1
1A

The term in square brackets has a real part of constant sign, pro-

vided that ‘

T A R R I X

(0.65



. . +
Consequently, the phase angle of this tern varies less than -~ n/2

)n+

radians. The term (1/jw 1 has a constant phase angle equal to

an integral muitiple of n/2 radians. Therefore, the phase angle
of G(jw) varies less than - m/2 radians about a constant value,

provided that the origin is chosen at the point of greatest dis-

continuity, and provided inequality (C.8) is satisfied.
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