
STUDIES OF SUE SPECTRAL DISTRIBUTION OV PHASE FOR SP=OU 

by..  

Geoffrey Maxwell Masson CASLEY 

A Thesis submitted for the Degree of Doctor of Philosophy 
• 

in the Faculty of Engineering, University of London 

Department of Electrical Engineering, 

Imperial College of Science and Technology, 

University of London 

December 1971 



ABST2ACT 

Several speech analysis methods which  aLilise 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 2n radians, and some analysis methods require the inclusion 

'of the correct multiple. The multiples are selected using an algorithm 

in which it is assumed that the first differences of the phase values have 

magnitude less than n radians. It is shown that a necessary condition 

for correct results is proper choice of the time origin. Theoretical 

considerations indicate that the time origin is best chosen near the point 

of maximum excitation; limited tests confirm this. The algorithm gave 

correct results for sounds of low fundamental frequency. An improvement 

is suggested to increase reliability at higher fundamental frequencies. 

An all-pass function, computed from the speech wave, is shown to 

be useful for determining; the point of maximum excitation. The all-pass 

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

nasal vdwels. 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 pases are used to derive low frequency 

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

pulses against minimum phrse and maximum phase assumptions. A small sample 

of glottal pulses wee found to be approximately maximum phase functions. 

A method of deconvolving non-nasal vowels into minimum phase and 

maximum phase functions is described. Limited tests showed that the method 

approximately separated the glottal pulse and the vocal tract transmission 

funotiono A aro,::;s&,tic,11 is 	for 	3.-:cv1,1 



P1---ZFACE 

Speech is a familiar means of communication which is never- 

theless a complex process with many aspects which can be studied. 

It can be considered ee  	trari pus various 1PWOR! HIP intentions 

of the speaker; the movements 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 desire to Ilse the 

acoustic evidence of speech to determine an articulatory description 

in terms of the .behaviour of the vocal organs. By taking- account of 

the physical constraints of the vocal organs it should be possible to 

eliminate redundant information in the acoustic wave and arrive at 

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

have applications in the efficient transmission and reception'of 

speech. 

The relationships between the acoustic and articulatory levels 

of speech are investigated ueing spectral analysis. Particular atten-

tion is given to the spectral phase to determine the usefulness of 

retaining phase data. For this reason there appears to be no point 

in considering fricative sounds where the source ef excitation is ran-

dom. Indeed random sources are usually characterised by their auto-

correlation function, which effectively discardb the phase data. In 

this thesis attention is confined to seunds where random sources are 

insignificant and the source of excitation is the periodic vibration 

of the vot3a1 folds in the laryilx. 

J 
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GLOSSARY OF PRINCIPAL SYMBOLS 

Section where 
Symbol 	Description 	symbol is 

first used 

Note: Laplace and Fourier transforms are represented by capital letters, 
for exaAple; 	Hijw) = 	ih(t)3 

a(t) 	Min±mum phase function 	 7.2 

b(t) 	Maximum phase function 	 7.2 

b 	Spectral slope at high frequencies 	2.5 

c(t) 	Periodic function with period T 	2.1 

Cn 	n-th coefficient of - Fourier series 	2.1 

• d(t) 	Time-shifted version of h(t); d(t) = h(t +T) 	2.2.3 

d 	Duty ratio of glottis; d = Tc/T 	4.1.1 

f(t) 	Vocal, tract pressure response to a single glottal 	3.1 
pulse 

g(t). 	Volume velocity of a single glottal pulse 	3.1 

Raised-cosine pulse 	 4.2 ge(t)  

h(t) 	Typical aperiodic function 	 2.1 

j 	.Square root of minus one 	 2.1 

K(w) 	Integer function of w 	 2.2.1 

K 	K
n = K(w) 	 2.2.2 

n 	Harmonic number 	 2.1 

n 	Order of lowest-order discontinous derivative 	4.3 

p(t) 	Typical maximum phase function 	 2.4 

q • 	Quefrency 	 7,3 

RH(w) 	Real part of the spectrum H(jw) 	2.2.1 

s 	Complex frequency; s 	w j 	. 2.3 

t 	Time variable 	 2.1 

T 	Period of a periodic function 	 2.1 

T 	Durntion of T7lottn1 puThe 	 4.2 
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uK(t) 	Volume velocity at output of K-th tube 	3.2 

uo(t) 	Volume velocity at glottis 	 3.2 

um(t) 	Volume velocity at mouth 	 3.4 

un(t) 	Volume velocity at nostrils 	 h 

v(t) 	Vocal tract impulse response 	 3.1 

w(t) 	Typical mindow function, such as the Henning type 	8.1 

Z 	Acoustic impedance 
	 3.2 

Log-magnitude-of spectrum 2.2.1 

Principal value of spectral phase 2.2.1 

Real constant ( also '(w) --r-X(w) -T..(co) in Chapter 8.3) 2.3 

Unit impulse;  or Dirac function 5.1 

Minimum phase, computed from 	a(w) 2.4 

Excess phase; 	= OF(w) 	e(w) 8.3 

Average of 	X(w) curves 8.3 

3.14159265358 2.1 

Real part of 	s 2.3 

Delay, or shift of time origin 2.2.3 

'Unwrapped' phase 2.2.1 

Multivalued spectral phase function 2.2.1 

9 

a(w) 

(t) 

GM 

X(w) 

5(w) 

cr 

0(m) 

1r((w) 

Frequency in radian/second. w/2n is frequency 	2.1 
in hertz. 

wn 	n-th harmonic frequency 	 2.1 
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0-lerators 
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Fourier transform 2.1 

Inverse Fourier transform 2.1 

Unilateral Laplace transform 2.3 

Bilateral Laplace transform 2.3 

Convolution 3.1 

First difference 	• 2.2.2 

Modulus or magnitude 2.1. 

Real part 2.2.1 

Imaginary part 2.2.1 

Complex cepstrum 7.3 

Indicates a phoneme 1.2 

Superscripts  

Complex conjugate 2.4 

n-th derivative 2.5 

First derivative (alternative notation) 4,4 

Second derivative (alternatilre notation) 5.5.2 

Subscripts 

A,B,F,G;T Denotes the corresponding spectrum, for examples 	2.2.1 

	

11,1/ 	J aII(0 is the log-magnitude of H(jo). 

	

M 	Phase changed 	minimum phase, for examples 	5.1 

(i4(jw)  = exp LuG(w)  + jeC;(4  

	

D 	All-pass function with minimum phase subtracted, 	5.1 
for example, GD(jw)- = ex' ( j,1-0G(w) - jGG(4) 

	

P 	.All-pass funotion with minim= phase aaded, 'for ' 	5.1 
example, 	Gn(jw)  = exp (j11A,(w) + -12,  (w)lJ  ) 7 	 , 	1_.,, 	G 

(n) 



C7APT7P I 

THE PRODUCTION OF SPEECH 

This chapter briefly describes the. vocal organs, the production 

of sneech sounds, and the use of phonetic symbols to classify speech 

sounds. A model of speech production is described and its limitations 

are discussed. 

1.1 The Vocal01-7,ans 

Speech sounds are produced by the vocal organs which modulate the 

flow of air as it passes from the lungs to the outside atmosphere via 

the mouth and nostrils. A schematic diaTran of the vocal organs is 

shown in Figure 1.1. The cavities.between the vocal organs form the 

"vocal tract" whose transmission characteristic is determined by the 

confirmration of the vocal organs. The air flow through the vocal 

tract begins at the larynx, passes through. the pharynx cavity and past 

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

the nasal cavity the other through the oral cavity. The entrance to 

the nasal cavity can be closed by the soft palate (or "velum") at the 

bac%-. of the oral cavity, causing all the air to flow through to the 

mouth. The oral cavity can be partially or completely closed by the 

tongue, teeth or lips. 

The vocal tract can be acoustically stimulated in a variety of 

ways and places. The vibration of the vocal folds in the larynx pro- 

daces a sequence of puffs of air which then .oars into the vocal tract; 

this is called nvoicinc" or ”phr)nat-!on". Another source of excitation 

is the turbulence caused by air passing through a narrow constriction 



in the tract, 

1.2. Phonetic Classification and Articulatory D.,Pg,-,..rintlen of :Sounds  

.t study of the 7)honetic aspects of •npeech involves considerat-;on 

of speech production at two levels. Firstly the sounds can be 

chL:traeLerised by their acoustic propertiesisuch as pressure waveforms, 

or their transduCed electrical equivalents. Secondly there is - the 

articulatory level, where the source characteristics and the config-

uration of the articulators are studied. The two levels are intimately 

related because the acoustic waveforms are the 0::ternal evidence of 

the articulatory gestures made by the vocal tract. Phoneticians util-

ise this relation in their .ohonetic script which is used as:'a con- 

venient means of classifying 	speech sounds,, The classification is 

strongly related to the manner in which the sound is produced. Many 

fine shades of sound can be -represented using the phonetic script 

(reference 1-1). 

- Phonemes  

For convenience the- sounds of speech can be broadly classified 

by the phonemic deccrizAion. The nature of a phoneme can be illus-

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

They can be heard to be diff -,:rnnt and they can be felt to be formed 

differently at the articulatory level. However,in the English language 

they are linguistically identical because there are no two words which 

differ by only these two sounds (C-1, p.93). They (.re therefore class-

ified as the same 1)honeme which is written between two slanting lines: 

A.:/. Phonemes are intended to be used as a linguistic, rather than a 

phonetic, classification; nevertheless they form a useful set of symbols 

12 



for broadly classifying sounds. Mien using the Phonemic description 

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

inforvntir,n about the speaker. 

This thesis deals with three categories of voiced sounds. These  

are defined on an articulatory basis: non-nasal vowels, nasal con-

sonants, nasal vowels. 

Non-nasal Vowels  

Examples are: /a/ as in father, /aD/ as in cat. nen these 

sounds are pl.onounced,the nasal cavity is sealed off by the velum so 

that the larynx pulses pass through the- oral cavity and out of the mouth. 

In this case the vocal tract is a single tube whose cross-sectional 

area varies along its length. The shape of the tract depends on the 

positions of the tongue, tooth, and lips. 

Nasal Consonants  

Examples are: /m/ as in dam, /n/ as in don, /j9/ as in. sites. 

For these sounds the nasal path is open and the oral cavity is closed, 

The point of closure depends on the particular sound: /m/, by the. 

?ins; /n/, by the tongue against the liard palate; // /, by the tongue 

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

by the larynx pulses, but the sound radiates only from the nostrils. 

The closed oral cavity acts as a shunt resonator whose characteristics 

depend on its size and shape. The nasal cavity divides into two paral-

lel baths along part of its length, one oath to each nostra. If the 

two paths are symmetrical then they can be effectively represented as 

single path; experimental resalts indicate that this is a satisfactory 

representation in practice (F-1). 

13 
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Ref. Cherry (C-1, p 147) 
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—A 1tryngoscopic view of the interior of the larynx. 

(b) 

Ref. Gray's Anatomy (34th editn.) 
(G-3) 

Figure 1.1 The Vocal Organs 

g(t) 	= P(t) 

f--Cundform cartilage 

.Figure 1.2 Source-•tract Model of Speech Production 



raspl Vowels  

When both the nasal and oral cavities are unconstricted the 

larynx pulses pass through both of these cavities; thus sound is 

radiated from the mouth and the nostrils. The hard and soft palates 

separate the two cavities; :Lt is assumed here, as elsewhere (F-2, z.16), 

that there is independent transmission along the two paths. 

Nasal vowelsare not phonemically distinct in English, where 

they occur as transitions between non-nasal vowels and nasal conson- 

ants. In this thesis nasality.is represented by a tilde over the 

related vowel, for example, /ci/ in van. In French there are four 

phonemically distinct nasal vowels; these occur in the phrase: 

un bon vin blanc  

In phonetic symbols (I-1) this phrase is written as 

C6' b3 va" big 

This notation is used later in the thesis. 

Work done by-Hyde (H-1) shows that in English speech there is 

almost always some nasal output, particularly in the vicinity of nasal 

consonants. When it is desired to study non-nasal vowels it is there-

fore necessary to guard against nasality by choosing test words which 

do not contain nasal consonants. 

(.; 

The above three classes of sounds have two points in common. 

Firstly the major source of excitation is voicing .
1 

Secondly, they can 

be continuously uttered and are therefore called ,Jntinuants; in this 

case the steady-state •type of analysis, which is .._fled in this thesis, is 

apy;licable. This assumption of continuous utterance is a simplification 

1 
Tt is possible to sylea7„: entirely by whisperinr:. but this case is 



or the reality of continuous Speech where there is change from one sound. 

to the next. For non-nasal vowels the articulation changes quite slowly 

and so the simplification is reasonable. For a nasal vowel which occurs 

as. a transition from:non-nasal .vowel to nasal consonant, the articulation 

would be expected to change more rapidly. Therefore,whenusingsteady-state 

analysis the speaker should be asked to hold his articulation while 

uttering the test sound. This is an idealisation of the real situation; 

however it considerably simplifies analysis and can be considered as a 

starting point: for more ambitious analysis. 

1.3. Source - 'Pract.  Model  

In speech analysis and synthesis the vocal organs are usually 

modelled as a passive linear system, representing the vocal tract, which 

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

tion. Excitation may occur simultaneously at more than One place, for 

example the voiced fricatives /v/ and /z/; however, in this thesis anal-

ysis is restricted to—those sounds whore vo:7_Ung is the dominant source 

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

This model is an idealisation of the very complex process of speech 

production; nevertheless it has been found to be very effective in the 

areas of speech analysis and synthesis. Nany speech synthesisers have 

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

The success of the inverse filtering method, which enables the glottal 

wave and the vocal tract transmission characteristic to be determined, 

is an illustration of ,:he usefulness of the model (1.T-l). 



CHAPTER 2 

SPECTRAL ANALYSIS 

2.1 Fourier Analysis  

Transient Functions 

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

H(jw) where 

H(jM) = 711h(t) 	= ch(t) e- dt 

The existence of the transform is assured if the function is 

'transient' or, to be more precise, if either of the following 

conditions are satisfied: 

(2.1) 

either 
	

ihttd dt 	00 

or 
	

jh(t)) 2  dt < 	oo 

These conditions 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: 

h(t)  = 	—1111( joi 	f 	Jo)) e icot dW 
	

(2.2) 

Periodic Functions 

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

so that 

c(t) = c(t T) 

17 



It can be expanded as a Fourier series as follows
1: 

00 

C p e nt 
	

(2.3) 
n= 

T 
1 f where C

n 	
-juLt c0-,) e 	dt are the Fourier coefficients 

d 
0 

and n 	2nn/T are the hal.monic frequencies 

+ + 
for 	= 0, -1, 	etc. 

(refer 1-2, p 1006). 

Consider now the case whore c(t) is the sum of a number 

of identical transients equally spaced in time: 

t,0 

c(t) = 	1,(1, - kT) 	(2.4) 

k=- 

Inspection of this equation reveals that c(t) is periodic with, 

period T. The following question is now raised: given the periodic . 

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

Firstly consider the case where h(t) is a pulse of limited 

duration Tc
, -where T

c is less than 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 c(t) in this restricted case. In general 

the duration of h(.6) 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 (1-2, p 1016):- 

1 Provided it is piecewise differentiable in the interval (0,T) 
(H-2, p 27). 
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C = H(jw
n
)/T 
	

(2.5) 

where n = 0,±I,f2, etc. • 

Therefore, the spectrum H(jw) Can be determined at the harmonic 

frequencies w = wn
, using equation (2.5). The values of H(jw) when 

w wn 
can be chosen arbitrarily without affecting the periodic 

function c(t) because, from equatiohs (2.3) and (2.5), c(t) is 

completely defined by the values of H(jwn), provided that T is.  

known. Therefore, H(jw) can be determined at the harmonic fre-

quencies w =wn
, and at no other frequencies. Since H(jw) is not 

completely specified, it is concluded that, when overlapping 

occurs h(t) cannot be determined given only c(t). Some other 

information or assumption is required. 

The points made above may appear c-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, quite 

important in other respects, which has been recently published 

(R-1). The paper describes an efficient method for the compu-

tation of spectra of time functions of limited duration, at 

-arbitrary values of frequency, either real or complex. The method 

is then applied to periodic sequences of transients: .the Erectrum 

of a single .period is evaluated at frequencies other than the 

harmonic frequencies, and this is taken to be the spectrum of the 

transient. The paper 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 else-

where. The method is applied to examples of real and synthetic 

vowels where the successive trancients overlap consirlerablv: in 



= loge  IH(j01 = loge  k(w) -i- 4(w) neper, 

i

tanil(w) = XII(w)/III/(w) 
simultaneously satisfies: 

sinTji(w) = XH(w)/IH(N)I 

ReiH(jw)1, XH(w) = Imi!i(jA 

these cases such an assumption is only approximate. These remarks 

are made not so much to criticise an informative paper, but to 

emphasise the important implication of equation (2,5): given c(t), 

it is only Possible to compute H(jw) at the harmonic frequencies 

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

2.2 Spectral MamLiallland Phase 

2.2.1 Transient Case  

The spectrum H(jw) can be expressed in terms of its logar- 

ithmic components: 

H(jw) = exp [-51(w) 	J 

provided that H(jw) / 0, 

(2.6) 

 

where a (w) 

(W) 

and 	PH  (w) 

all(w), the log-magnitude of the spectrum, is a single valued 

function of co. lirH(w), the spectral phase measured in radians, 

is a multivalued function. For a Particular value of w .there 

exist infinitely many values of 	differing by integral multi-

ples of 21t radians, which satisfy equation (2.6). For most appli=- 

cations it is suffik„lent to consider the principal value, pli(w), 

which is that value of 	(w) which has least magnitude: 

-n < p1(w) 	it 	(2.7) 

A 	can be uninunlv antnrminna frnm .Fhe.  rp.1 .no :islar7innr7r T-%mi-fc ..ii(fO)  

• 



of H(jw) as shown in Table 2.12. The relation •between (3 and i  • H 

21 

issilowninFig.2.1:thediscontirmitiesinP,(w) occur at points 
, 	• 

Table 2.1 

Calculation of Principal Values of Phase 

Note: -1z/2 < arctan x 	n/2 

RH  XH PH 

0 >0 arctan (XH/RH) 

<0 :3?:0 n + arctan (XH/RH) 

0 <0 -n + arctan (XH/RH) 

>0 ......; 0 • arctan (X.JR-) n- 	n 

= 0 = 0 undefined 

where 11(w) 'equals odd multiples of n radians. In the complex 

plane representation, where X1(w) is the ordinate and RH(w) is 

the abscissa, these points correspond to the crossings of the 

negati7re real axis made by the locus of H(jw). 

The following assumptions are now made: 

(i) h(t) is a real function; 

(ii) the DC component is positive3, that is, H(j0)> 0; 

2 In some textbooks (I-2, p 1006; S-1, p 412) it is incorrectly 
defined as: 

pH = arctan (XH/RH) 

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

3 Tn nnnn-Hor% 	nnt a cav:,,,c, 1,ceztnicf4n21 	11(in) 
is noGativc thcn LS-''(t1 can bc considcred instcad of h(t). 



Figure 2.1 Typical Phase Curves Illustratinc• 
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H(jw) is a continuous function of co.4.  This implies 

that the phase *H(w) varies continuously . 

With these assumptions: 

aH(w) is even: a..(--w) = au(w) 

is odd: PH(w) 	PH(-6)) = pH(w) ; PH(0) = 0 

Furthermore, the phase function \17H(w) consists of continuous curves 

separated by integral multiples of 2ni with one of the curves passing 

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

The Continuous Single Valued Phase Function 0 (0 

0H(w) is defined as that phase curve, selected from the 

curves, which passes through the origin; thus 

OH(0) = 0, and THU = OHM kn 

where k is an arbitrary integer. 

The 011  curve is illustrated in Fig. 2.1. 

In many applications the spectral phase is specified by 

the principal phase curve 1311(0 because this, together with 

is sufficient to find H(N) from eauation (2.6). However, some-

times it is necessary to know the continuous phase curve 011(w). 

This can be found by piecing together the discontinuous segments 

of H 	to form a continuous curve. Let 

OHM = f3H(w) 2m.K(w) 	(2.8) 

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

4 . 
A property possessed by analytic functions (P-1, D 2i34). 
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the continuity condition for
IT
(w); therefore, every discontinuity 

of p
H
(w) produces an equal and opposite discontinuity in K(0. 

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

at w = 0 

011(0) = 0 = 13,1(0) 

therefore 	K(0) = 

As w increases, pli(w) becomes increasingly negative and approaches 

-It in value. Its value then discontinuously changes to +it; hence 

K(w) must change from 0 to -1 to maintain the continuity of 011(0. 

On the complex planelthe corresponding locus 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 n__li(w) from -n to -1-n corres-

ponds to the crossing of negative real axis by the locus. In 

general K(w) equals the net number of anticlockwise crossings of 

the negative real axis5. 

This method of determining 0/, from pH  is called 'unwrapping' 

(0-1). It should be noted that the resulting phase curve is an 

odd function: 

= OHM 

2.2.2 Periodic Case: Unwrapping the Phase Values 

When the waveform is a periodic sequence o.c transients, 

as .in equation (2.4), it has been shown that it is only possible 

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

5 A change of K(w) corresponds to a change to a different branch 
of the multivalued function Log HOW to form a continuous 
single valued function (11-2, p 4(39, 503). 



(2.5). Consequently, alr(w) and R(w) can only be found at these 
.!( 

frequencies. 

The fact that pH(w) is only known at discrete points raises 

a difficulty with regard to the determination of OHM: it is not 

possible to employ the continuity condition to join up the segments 

of the piecewise continuous pH(w) curve. Therefore, not only is 

OH(w) u-kilrliown at w / wn' 
there is difficulty in determining it at 

W = (.1) 
	

From equation (2.8) 

where 

	

°H(Wn) 	131I(Wn) 4  2/ Kn 

n = 0, -1, -2, etc. 

	

K
n 	

K(co
n), an integer 

K = 0 

(,e./ 0) L 

The task is tc select the correct values of K
21  
 so that the 0H(6)n) 

can be 'unwrapped' from the pH(wn). It is emphasised here that 

the K
n only change the phase by integral multiples of 2n and this 

has no effect on the time waveform; thus c(t) contains no evidence 

to guide the selection of K11. 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 0H(wn) may be 

fairly obvious. Consider an example where the Hist seven PH(wn) 

are: 

0, 0.3/, 3.5/, 0.7/, 0.911, -0.9n, ..0.8n 

It is reasonable to suppose that, by adding 2i to the last two 

values, the corresponding (w
n) are: 

2.5 



if 

(2.11) 

ApN(wn) < -n 

if Apm(wn) > 7t 

otherwise 

Apii(con) + 2n 

A5H(on) 	27t 

Ap(wn) 

26 

0, 0.37c, 0.rjn, 0.7m, 0.91t, 1.17t, 1.27c 

This suggests a method, discussed below, where the first differ-

^"-^-  of phase arc considered. The first differences of pH  and 011  

are 

APH(wn)  = PH(wni_i) - PH(wn) 

AOH(wn) = 01.1(wn..1.3 ) - 01.1(wn) 

for n =. 0, -1, etc. 

From the definition of p13(%), inequality (2.7), it follows that 

-27c < Ac3H(con) < 27c 

Therefore, the first differences of the principal values are not 

necessarily principal values. The 01./(wn) are only known to within 

an integral multiple of 2n and so the same is true of the AO(wn). 

To enable the AO(wn) to be determined an assumption is made: 

ASSUMPTION: The first differences are assumed to 1,1.not greater 
than 21-c: 

-n 	< AO (wn  ) < n 
	

(2.10) 

The AOH(wn) can now be found from the 4H(wn
) by adding or sub-

tracting 2n where necessary to bring the values into the range 

specified by inequality (2.10); thus 

From these first differencthe g_((,) ) can be found from 
JA. n 



91H( O) = 0 where 

n-1 

>.  
i=0 

27 

Example (1) 

The method is illustrated with the example shown in Table 

2.2. The second column of the table shows the principal values pH(wn). 1 

the corresponding first differences are dhown in the third column. 

The A0H(wn), determined according to equations (2.11), are shown 

in the fourth column. Finally, the 9".„(w) have been determined n n 

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 
	

4 
	

5 

n  Pli(wn)  A51-1(wn)  9111 	. 

0 0 0 
0.2n 0.2n 

1 0.21[ 0.2n, 
0.6n 0.6n 

2 0.871 0.8n 
-1.6n 9.4n 

3 -0.8n 1.2n 
0.211 0.2n 

4 _0.6n 1..47, 
-0.2n -0.211 

5 -0.8n 1,2n 

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

is tuuka; oi,liwisu Lilt £-tn 	ave in error by ini;egral muli;iple8 



of 2n. Sometimes it may be possible to check the results, such as 

when the period T can be varied: if the results for 0m(w) are un-

changed as T is made larger, which causes closer spacing of the 

harmonic frequencies, then it is reasonable to assume that the -

results are correct. 

Computer Programs for Unwrapping Phase Values  

Programs to imple'ent the above method are fairly simple. 

to write. Robinson (R-2, p 65) describes one which is suitable 

when the principal values of phase are supplied; however, when 

non-principal values of phase 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 necessarily 

a principal value. For this reason a more general program has 

been written, which, by addition or subtraction of the appropriate 

multiples of 2n to the supplied phase values, yields an output set 

of values which satisfy inequality (2.10). The program is des-

cribed in Appendix A. 

2.2.3 Effect of Shifting the Time Origin 

So far it has been assumed that the time origin of the 

periodic wave coincides with the time origin of the transient 

function h(t). In practice this cannot be always achieved because 

the origin is not always obvious. Consider that -the time origin 

is shifted by an amount T; thus the periodic wave becomes c(t .4.T) 

instead of c(t). From equation (2.L) 
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C\ 1.; 
	I

NI 	= 	1-1(t ~ 	id) 

NN>. d(t - kT) 

k= -0o 

where 	d(t) = h(t +1;) 

Therefore, Fourier analysis gives the spectrum (at the harmonic 

frequencies) of d(t) rather than of h(t); the spectrum is changed 

as follows:. 

D(N) 	H(jw) e j'et 

Therefore 
	

ID( jw)I 	= 11-1( ic, )1 

D(w) = a
H
(w) 

VD(w) 0H(o) cer 
	 (2.13) 

The spectrum is unchanged in magnitude but a linear phase shift 

error is introduced. The effect on the first differences, using 

equation (2.13), is: 

aD(wn) = °D(wn+1 	°D(wn) 

= °11(wn+1) r wri+ir - 011(wn) — 

Putting on = 2nn/T yields 

A0D(wn) = A/H(wn) 2nT/T 
	

(2.14) 

Consequently, all first differences are changed by the same amount 

2nT/2. The unwrapping procedure described above assumed that the 

17irc,t differences satisfy inequality (2.10). The question now 

arises: what effect does the change in the first differences have 
• 
on the unwrapping procedure? Suppose that: 



Al  is the most positive value of AOR(wn) 

A
2 

is the most negative value of AOH(o.)n) 

Therefore, 
2 	T-1 (w n  ) < A1' - for all n (2.15) 

Furthermore, suppose that inequality (2.10) is satisfied; there-

fore 

..it <A. < Al  
2  

(2.16) 

This means that the unwrapping procedure can be successfully 

applied to the first differences 01/./(wn). The range of the ap(wn), 

using equations (2.14) and (2.15), is 

A2 + 2.11 T D(u)n) < Al  + 2TCUT 
	

(2.17) 

For some values of T the unwrapping procedure will fail; two types 

of failure are distinguished; type I and type II. For the present, 

let 	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 

-7; <( 	< 7; D n (2.18) 

which is the condition for successful unwrapping of the 01)  values. 

Therefore, all the errors are equal to the constant 2T /T term in 

equation (2.14). Using inequality (2.17) it can be seen that in- 

equality (2.18) holds provided that 1:>. 0 and Al  + 2nTA 	it, 
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that is, nrovidcd that 

where 

and 

o <T 

7-c --41..)/27; 1 	T(  

1/1  2 = T(n - A2)/27c 

  

Using inequality (2.16) it follows that 

0
1 
< T

2 
<T 	(2.21) 

Type I failure also occurs when 

n <A0D(wn) 	3ic for all n 

so that the unwrapping procedure produces an additional error of 27c 

in all the first differences. Using inequality (2.17)I this happens 

when both the following inequalities hold: 

7c < A2 + 2707 /T 

37c 	A1 + 27c 

Combining these gives 

T(it - A2)/2n < 	A1)/27c 

T2 	
+ T 

From inequality (2.21) C1  % 0; therefore, type I error occurs when 

't
2 
< L < T 

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

error are 

0 < 	 and 	< 	< T 
	

(2.22) 
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Typo II failure 

When the unwrapping procedure gives errors which are not the 

same for all values of n, a type - 11 failure has occurred. This 

happens when •at least. one, but not all, of the AO
D(wn) satisfies 

inequality (2.18); in this situation •at least - one, but not all, e 

is correctly given by the unwrapping procedure, with the rest 

in error by 2n. Using inequality (2.17), type II failure occurs -

when 

A
2 + T/T < ,t < A

l 
+ 2n Z /T 

A2  < n - T/T < A
l 

T - A
2
)/2n > t > T( - Al)/2n 

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

II failure is 

›* 
2 	1 (2.23) 

From inequality (2.21), T2  > Ti; therefore, the region of type 

II failure always exists'. 

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

marised as follows: 

no error 

type I failure 

type II failure • 

type I failure 

6 Except if Z1. T2, so that A, = A2  and AOH(col..) 
corresponds to a linear phase characteristic: 
makes the phase zero for all n; therefore d(t) 
Apart from this limiting case, type II failure 

• A1' all n; this 
Putting T. -Al  T/271; 
= 11( t + t) is even. 
always occurs. 
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Since c(t) has period T, a shift of 7, 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 

produce linear phase errors in 0H' 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: 

1. Regions of type II failure always occur6  . 

2. The time origin should be chosen in a region 

of type I failure. 

3. The type II regions may cverlap in some 

cases so that type I regions do not exist; 

in this situation type II failure occurs no matter 

how the origin is chosen. 

Example (ii)  

The values of A0H  (co•n) which were obtained in example (i) 

are shown in the fourth colvon 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 Ti = T/4; 

using equation .(2.14):. 

AOD(wn) = A011(wn) 0.5n 

The resulting values of LOD(%) are shown in column 2 of. Table 2.3. 

It. can be seen that all values lie in the range of -n to n except 
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37r 
	 0 

	0— 	
D n)  

O 

D(wn)  

	I i  	1 > n = 4/2n . 

3 

1 	 I 	
1 

,/ ,,,// , 	. 	
• 17 / 

/ 	Type .1 v̀ Type II Type I ( Type II j  / 

• A 	K / /) . 	V/ / A 

	

Z-1-61 	i 	• / / / • • 	t______I- 	• / / / / / / i 	t  

	

-T 	0 	T* 

Note: 7: = error in choice in time origin. 

__ A 
Typo 11 yj  

✓ /1//A  

Figure 2.2 Regions of Occurrence of Type I and Type II Failure. 

Phase in radian. 

Note: 7-  is the estimate of - D obtained by unwrapping 

the principal values of pnase, 13D  

Figure- 2.) An ExaKiplu 57111:1 4^ tin; Unvfapping Procedu2e Fails 4 



Table 2.3 

Example (ii) - Type 11 Failure in the Unwrapping Method  

Note:
D
(wn) are the valuco obtained by the unwrapping method 

1 	2 
	

3 
	

5 
	

7 

11: A0 (co) Dn 0 (w) Dn (3,(co )14 (w l_in 	Dn ffl:(w ) 1J 	n 0 	(oil .) D 	n 

0 0 0 0 
0.7n 0.7n 0.7n 

1 0.7n 0.7n -. 0.7n 
1.1u -0.9n -0.9n 

2 • 1.8n -0.2n -0.2n 
0.9n 0.9n 0.9g 

3 2.7n 0.7n 0.7n 
0.7n -1.3n 0.7n 

4 3.41 -0.61T 1.4n 
0.3n 0.3n 0.3n 

5 3.7m -0.3n 1.7n 

forn=2,whenOD(w2 7  )=1.1n.therefore, type II failure occurs. 

Column 3 shows the 0D values and the corresponding values of (3D 
are shown in column 4. The unwrapping method has been applied to 

the pp  values; the results, denoted by 0(w
n
), are shown in. column 

7. Comparison of these values with those in column 3 shows that 

the results are incorrect: for n 	2,there is an error of 2n 

radians. This is illustrated in Fig. 2.3. 

2.3 Laplace Transform  

This 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, 11-2, S-2). 

Unilateral Laplaor,  Transform 

Consider a real time function h(t) which io 'causal', that 
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h(t) = 0 for t < 0 
	

(2.24) 

The unilateral Laplace transform of h(t) is defined as 

00 

h(t)1 = 	h(t) e-st  dt 
	

(2.25) 

0 

.The transform exists for all values of a with real part-greater 

than a real constantW: it exista - forRe s > 	For Re s < W • 

It does not exists for Re s = W it may or may not exist (H-2, p 57; 

P-1, p 170). The region of existence is illustrated in Fig. 2.4, 

where the s-plane is shown with the w-axis vertical and the or-axis 

horizontal. If W < 0, .so that the region includes the w-axis, 

then the Fourier transform H(jw) can be regarded as a special 

case of the Laplace transform, with 07. 0 and s = jw; this can 

be seen by comparing equations*(2.1) and (2.25). The Laplace 

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

h(t)1 = H(s) 	for Re s > 

The complex function H(S) is an 'analytic' function of a 

in the region of existence: the derivative dH(s)/ds exists for 

Re s > b" (P-1, p 170). If the region of existence includes the 

w-axis, then H(s) is analytic everywhere to the right of the 

6-axis; if there are points where H(s) is not analytic, such as 

poles, then they lie to the left of the 6-axis. This property 

can be used to derive the Hilbert transform relationship between 

the real and imaginary parts of H(jw): 

If 	H(jw) = R(w) 	j X(6) 



op 

then 	X(w) 	
l• 	R(v) dy 

00 
(2.26) 

1 	X(y)  
7 	W y 

-m 

(refer r-1, pp 198 - 201). These equcttivii0 	cuid 

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

that at high frequencies: H(jw)--0- 0 as co—T:7,-w. 

Bilateral Laplace Transform 

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

in which negative values of t are included: 

	

II h(-01- = 	h(t) eT-st dt 
	

(2.27) 

-co 

The region of existence of the integral is ./r1 	
Re s <I.2 (P-1, 

p 188). If this region includes the w-axis then, as before, the 

Fourier transform exists; hence it is valid to write 

	

11(s) = 	TI thwl 

The bilateral transform is useful when the transform has 

poles in the right half of the s-plane; right half poles imply 

that h(t) is not causal. For negative t, h(t) is determined by 

the poles in the ri 
	

half of the s-plane (RHP); for positive t, 

R(W) dy 

h(t) is determined by the poles in the left half plane (LHP). 

This can be seen from the following equations (P-1, p 189): 

Provided that H(s)--w- 0 as I sI 	ty0 

then if t > 0 	h(t) =  > 1  A. 
Luip Fi 

 sift 

(2.23) 

ii 	< 0 	h(t) = 



where sk  are LHP poles 

s' are RHP poles 

Ak, A.' are residues at s = s
k s = si respectively, 

It can be seen that the unilateral transform is a special • 

case of the bilateral transform; for this reason the b-;.lateral transform 

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

2.t Minimum Phase and Maximum Phase Functions 

Minimum Phase Functions • 

A real causal function h(t) is defined as a minimum phase 

function if and only if its transform H(s) has no zeros in the 

right half of the s-plane.. It is assumed that the high frequency 

behaviour satisfies condition (2.32), which is discussed later. 

The complex logarithm of H(s), Log H(s), is analytic for valUes 

of s where H(s) is both analytic and non-zero. Therefore, Log H(s) 

is analytic in the right half 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 o-axis. Let 

Log H(jco) = aH(w) 	j 0(w) 

where all(w) = log-magnitude in neper 

0H(o) = minimum phase in radian 

The Hilbert transforms relating aH  and OH  are 

OH(w) = dx 	(2.29) 2 	2 
X 0 

(0) = Ccr(0) 

 

0.„(x) 

0 	
\ J ;. X - CO
2 

 / 
(2.30) 
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(P-1, p 206). Therefore, a knowledge of aH(w) allows 0,(w) to be 

determined. On the other hand, if OH(w) is known, theylam(w) can 

be found to within the constant a
H(0). From the al_alytic nature 

of Log H(s)3  it follows that OHM is continuous and single valued. 

Furthermore, from equation (2.29) it follows that 

OH(0) = 
- fl 

o(-ca) = -0H(w) 

Therefore, 0,(w) corresponds to the continuous single valued phase 

function 01_1(w) which was discussed in Section 2.2.1; thus, in the 

case of a minimum phase function: 

	

OHM = OH(w) 
	

(2.31) 

The above discussion is based on an assumption of certain 

behaviour of H(s) at high frequencies: 

If Re s 	0 	then , Log H(s)---4.- 0 
	

(2.32) 

as 

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

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

follows: 

Let 	• d(t) = h(t +T) with T <:. 0 

s   r  Therefore 	D(s) =. H(s) e 	(2.33) 

aD(w) = aH(w) 

°D(w) = 011(w) + wi" 

= O
H(w) + w 

Since aD• (w) = ail  (m) 	'r(o) theefore, OD(w) = 0H   (w) and 0D  (0 	OD 	wi = 	(w) + T, ' 	-1:  



Therefore, OT)M / Ou(o) and so d(t) cannot be considered a 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 es 'r has 

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

half of the s-plane. However, using equations (2.32) and (2.33), 

it follows that the high frequency assumption is not satisfied: 

Log r(s) = 	 (s + Log H(s)) 

/ 0 as s 	co , for Re s 	0 

Even though d(t) is not strictly minimum phaselit has the same 

shape as h(t); for this reason the term 'minimum phase', in this 

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

minimum 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(t) = 0 fort > 0 

The Laplace transform js 

P(s) = 

1+1 

0 	. 

p(t) eTst'dt 

-oo 

,St 
j)% 	" 



therefore 	P(s) = H(-s) 

Since a,ll pole 	zeros of 11(s) are in the left half of the c- 

11-2 

nil pnlos  zeros of P(c) lie in the right 

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

forms as 

P(jw) = H(-jw) = H*(jw) 

where the asterisk denotes the complex cc-,jurate. The transforms 

have the came magnitude and opposite phase: 

a_vo) = a"(w) 

Op(w) 	-0H(w) 

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

for both 

0 (co) = H(w) 

Therefore 
	0 	= -8p(w) 
	

(2.34) 

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

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

As before, it has be..n assumed that at high frequencies 

the assumption (2.32) is satisfied; however, the term 'maximum 

phase' is usually used without regard to the choice of time origin. 

In this'thesis, the maximum-phase functions conside;.ed are_restricted 

to functions of limi-ced time duration; by suitably shifting the 

time origin such a function can be made causal. 



2.5 Comnutational Methods 

This section describes computational methods which are fre- 

quently used in later parts of the thesis. The calculations were 

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 CAICOMP plotter. 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
n 

Usually  the periodic wave c(t) is only known in sampled 

form at equally spaced intervals of time; in this case the relevant 

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

N-1 
1 1 

CI . 
	, ck.e

-j art kn/N 	n = 0, 1, 	, N 	1 

k=0 
N-1 

ck 	
C ' e j 27; kn/N k = 0, 1, 	, N - 1 

n=0 

whereU = number of time samples per period 

\. 

The coefficients C' can be shown to be traneziodal rule estimates 

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

T 

c(t).e-j°nt  at 

Dividing tho range of integration into N equal intervals of width 

TAT, pu.ning - k7/11, n 	211n /T, and no'6ink; that c(0) = c(T), 

1+3 

ek 	c(kT/N) 

T/N = the sampling interval 

C 1  T  

  



the trapezoidal rule gives: 

N-1 
, i \----1  C

n 	
.... 7  / , c('XT/N).e- jonkT  .T/N 

k=0 

N-1 

=c e-j 271 kn/N.11/W T  , 	k' 
k=0 

= Cf 
n 

Therefore, provided that the sampling rate is sufficiently high, 

C' is a good estimate of C
n If the waveform is bandlimited to 

beloW the Nyquist frequency w
1/2 
 .,so that C

n 
= 0 for n 	N/2, then 

) 

C
n = C' exactly for n < N/2; however, if the waveform contains 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 Nyquisi; 

frequency. This can be checked' by recalculating, using a larger value 

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

Two library programs were used to compute the transforms: 

HARM and FORIT (I-3). HARM is fast in execution but has the dis-

advantage that the number of samples N must be an integral power 

of two. FORIT does not have this disadvantage, since N only has 

to be an odd number; the slower the execution speed Was never a 

serious disadvantage in the experiments. 

(ii) Computation of Minimum Phase Ar0.e e(w) 

The values of H(jw ). are found from the C
n using equation 

(2.5): 

H( jw2,) = C - 



The loF-magnitude of the spectrum, a,(6) ), is then calculated; 
A n 

from this the minimum phase OH(wil) can be found using the Hilbert 

transform, equation ;2.29)7. A mocified form of this equation is 

more useful in practice: 

Apon (,) _n (0 = 	  dx H(w) 2 	2 	- 
0 x - w 

(2.35) 

This differs from equation (2.29) by the term N(w) in the numer-

ator of the integrand. While this makes no theoretical difference,' 

(B-d, p 335), it has the computational advantage that the integrand 

remains finite when x = w. This can be seen by applying L'Hopitai's 

rule: 

lint a_(x) all(w) aH
(1)

(w) 

X 	 2 -2 	2w 
x w 

(2.36) 

The method used to evaluate equation (2.35) is given in Appendix B. 

Briefly, measured values of aH  (wn) are used up to a frequency wL, 

beyond which it is experimentally difficult to measure aH. For 

frequencies greater than wij,the spectral magnitude is assumed to 

be proportional to wb: 

for w > w 	H(jw) 	= 	 H(jcoL) . (w/CoL)13 
	

(2.37) 
or 	a

H
(w) = a (wL 
	D 
) 	b.lore  (w/wL  ) 

Another method is to form ne function Hm(jw), with spectral 
magnitude o and phase OH. Em(s) can be written as 

J 
H.,(  s) = H(s) TT (s 	s.)/(5 - 5.) 11 %  

i=1 
where si , i = 1 to J, are all the zeros of H(s) in the right half 
of .the s--plane; these may be found using the Newton-Raphoon iter- 
ative technique. This method of finding OH  was used with success 
4-)T1 a 	Hcwover, w pl'actice it is difficult to 
locate all thc s,; collsoquc.ntly, this meLhod 	not yursued 

p7. 	A--„"n4.1, 1--- .- 



This corPesnonds to the semi-infinite rlone technione used by BoJe 

(B-1 Chapter 15). When H(s) has a finite number of poles and 

zeros, b is the numbb:c of zeros minus the number of poles. Asymp-

toticallyaH(w) varies at 6b dB/octave, and OH(w) approaches AD7c/2 

radians. 

A computer program, in subroutine form, has been written 

to compute OH(w,i) using the above principles; this is described in 

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

(L 	1) 	number of values of cc
H 

supplied; 

a
H(wn) 	n = 0, 1, 	, L (neper), spectral log- . 

magnitudes; 

b 	high frequency slope beyond wij; 

+ 1) 	number of values of ON  required; 

The program computes the minimum phase: OH(wn),. n = 0, 1, 	, K 

Example (iii) 

The subroutine was tested on a function known to be minimum 

phase: 

H(s) - 
(s 74)(s ,74*)(6 73)(s 7B*) 

Numerical values: 

wA/2Tt = 410 Hz; 	wW2u = 1270 Hz; 	wc/2it = 770 Hz; 

aV2g = 50 Hz; 	G-  /2it 60 Hz; 	.= 	55 Hz. 

The corresponding pole-zero pattern is shown in Fig. 2.5. The 

spectrum was computed at multiples of 200 Hz; from these values, 

(Ct. the 75 	 , crodic wavzform c(lt) wa6 computed. t;\ u/ 	u pul-Juu 01 	wo 
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and is shown in Dart (a) of Fin. 2.6. Parts (b) and (c) show the 

curves for aH(w) and 0H(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 only 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(0._ The 

minimum phase 0H(con) was computed using these values, and beyond 

12.8 kHz aH(w) was assumed to fall at.-12 diVoctave,,so that b = -2.. 

The values obtained are marked on part (c) of the figure. Comparison 

of numerical values of 0H and 0 shows that the errors are less 

than 20 degrees for this example, 

Part (d) shows the time function cm(t) which was computed 

from the same spectral magnitude ali(wn),but with spectral phase 

equal to 0H  (co n) instead of H(con). Compaison of c(t) with cM(t)' 

in parts (a) and (d) of Fig. 2.6, shows the effect of the phase 

errorsin the time domain. 

The method gives reasonably accurate results despite the 

wide spacing of 200 Hz between the harmonics and the rapidly fluc-

tuating nature of the spectrum H(jco) in the region :900 to 1400 Hz. 

Other examples with smoother spectra were found to give less error. 

Closer spacing of the harmonics was found to considerably reduce 

the error; trapezoiOal rule integration produces error proportional 

to the square of the spacing of harmonics (H-3, p 132; M-5, p 165) 

When minimum phase calculations are made later in the thesis, the 

significance of the errors is assessed for the particular appli-

cation involved. 

L1.7 
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(a) 

2 	a 	3 

w/2n (Hz) 

aH((A) 	X
H
(wn) 

where wn /27t = n/T 

,,„„.

......_ 
n = harmonic noo 

= n,200 Hz 

0 -- H(ton) 

0 -- H(ton) 

c (t) 

hm(t-kT) 
k 

103  • 10 

0 

(c)  

w/27 (Hz) . 

oh(w) 0 L"..  

9H(w)  

(degrees) - 
L 

—100 

2igure 	Ida,,,oform for Exomple 	:1,animum Phase Calculations, 



2.6 Surirlr.z 

The Fourier analysis of transient and.periodic waves has 

been outlined, and the fact that the spectrum of a periodic wave 

Can only, be found at the harmonic frequencies has been emphasised. 

The phase is a multivalued function and this presents difficulties 

particularly when the spectrum is only known at the harmonic fre-

quencies. A method of selecting the phase values has been des-

cribed where the values are chosen on the basis of miniMum•first 

differences. Tt 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 discussed, 

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. 



TRAI;SMISSION P2CPERTIES OF  THE VOCAL TRACT 

The transmission properties of the vocal tract, from the 

glottis to the outside atmosphere, are considered for the three types 

Of sounds which were discussed in Chapter 1: non-nasal vowels, nasal 

consonalits, nasal vowels. For the first two types it is shown that 

the transmission is minimum phase; for the third type the-possibaity • 

of non-minimum phase transmission is discussed. 

1. The Vocal Tract as an Acoustic Tube  

In the analysis of voiced sounds, the vocal tract is normally 

modelled as a tube whose cross-sectional area varies along the length 

of the tract and whose transmission function is linear. The input 

glottal flow stimulates the vocal tract, producing an output pressure 

response; this is measured at a point a few inches in front of the 

mouth. The accuracy and usefulness of this approach has boon well est-

ablished by many workers, notably N.K. Dunn in 1950, C.G.M. rant in 

1951, and E.S. Weibel in 1955 (D-1, F-3; 7!-1). Using this model they 

were able to synthesise realistic sounds; it wastlso possible to relate 

the formant frequencies to the shape of the tract as measured by x-ray 

techniques. F.L. Miller estimated that transmission paths other than 

the vocal tract, such as throat and chest raaiationlaceount for at 

most ten per cent' of the t-tal speech energy, al-ld probably much less 

(11-1, p.673)* 

For frequencies below 4' 7,-J1z, where the wavelength is lar:.;e. com-

pared to the transverse dimensions of the tract, the sound propagation is 

mcdes r:f v:_ ration aorsss ill 1, 

• 
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tract. The basis of analysis is the horn equation (W-2); this is often 

called "Webster's horn equation" despite the fact that Bernoulli, Euler 

and Lagrange all derived the equation more than one hundred and fifty 

years before Webster (B-1). Except for special tube shares, the horn 

equation is difficult to apply. Instead the tract is usually approx-

imated by a number of abutting uniform tubes, as shown in figure .3.1. 

Provided that a sufficiently large number of tubes is used, a good 

approximation can be obtained (D-1). 

The transmission of the vocal tract is linear, so that the 

output f(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 frequency domain (1-2, p. 1062); 

therefore the relevant equations are: 

f(t) = g(t) r v(t) 

F(s) = G(s) 4 V(s) 

	 (3.1) 

where • •-2 f(t) = out-out pressure in front of mouth (newton metre ) 

g(t) = glottal pulse volume velocity (metre3  sec-1) 

v(t) = vocal tract impulse response (newton metre-5) 

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

3.2. Non-nasal Vowels 

During the utterance of a non-nacal vowel, the nasal path is 

closed by the soft'talate; all transmiE2sion is through the oral cavity 

and the sound radiates from the mouth. Weibel (W-1) nas shown that in 

thede circumstances the transmission function V(s) is an all-pole func-

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

fore V(s) has no zeros in the right half of the s-plane and consequently 



U
o, Jl 
	11 

d is. cylinder length; 

ft 	11 	11 volume vekcity; 

the transmission is minimum-phaSe. Weibel's Proof is derived from the 

horn equation and does not require the approximation of the tract as a 

number of abutting acoustic tubes; A simpler proof of the minimum phase 

Property, which uses this approximation, is now given because it-is 

conceptually helpNL 
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Acoustic Tube Model 

Consider the section of tract adjacent to the glottis in figure 

3.1; this is shown again in figure 3.2. The transmission equations 

for this tube are (refer D-1): 

P
o 
 = P . cosh .6 d 	+ U ' 	sinli d 	

) 
	

(3.2) 
Uo  = P11  (1/71 c ), sinh d + Ul, cosh 6 d 

where Po., P.
1  are respectively input and output pressure; 

y 	+ sT,)(G + sC) is the Propagation factor per unit length;: 

1? 	corresponds to viscous loss Per unit length; 

heat 
	IT 	If 	11 	11 

I, = in/A; C = A/Oc
2 

p is dencif.y of air in the tube; 

velocity of sound iri air; 

A 	fn cross-sectional area of tube; 

	

167+ 	sc).  is characteristic inpodance. 

Let the accuL;tic input 1/3pedance of the nent tube be 	= P1/111  ; sub-

in enuations (3.2) yields the transfer ratio 

	

'1/p 
	= 1 / (cosh 'Kd 4- (7, 	sinh 'Sd) • . o  

rn 	ratio is a f.„,.nc:;ien of L-J and its cros occur at the poles of the 

tienovrien4E-or, Since); remains -finite for s fini te, 'lien so do the. et^nis 
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Figure 3,1 Vocal Tract Approximated by a Number of Uniform Tubs. 

P  
U  

Zc = characteristic impedance 

propagation factor per unit length 

Figure 3,2 Uniform Tube (Next to Glottis), 

Za = Ze 	tanh('),(c1/2  ) 

= Z / sinh( (d/2 ) , 	(refer D-1). C 

Figure 3,3 Electrical. Equivalent of the Uniform Tube in Fig. 3.2 0 
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cosh 'Al. and sink '0; therefore any zero of the transfer ratio must 

occur either at a Dole of '2,c 	 71 	'12  or at a zero of Z1 , since 	and '7  are 
'  

two-terminal imedances, therefore all their poles and zeros lie in the 
• 

loft half of the s-7.11ane, because otherwise 	be either short 

circuit unstable or open circuit unstable (G-1, p.2.). Hence Pl/P0  

has no zeros in the richt half of the s-plane; thus tansmiscion 

throuch a uniform tube is always minimum phase regardless of the acoustic 

load. Now, the vocal tract consists of a cascade of N similar tubes and 

so the overall response is 

PN
(s) 'N n  (-' ) = Z

o
(S) 

IIo
(s) 	 P o(s) 

- P1(s) 	P2 . (3) 	PP.1(s)s) 
= Zo(s) . 	_._ . 

Po'-' 	- (-) 	P1  (3) 	-11 	(3) ,  

where o
(s) = Po

(0) / U
o
(s). 

Each term is minimum phase and therefore the overall response is also 

minimum phase. 

Electl-ical . Network  odel 

For someone with an electrical engineering backf-xound it is 

=neptually helpful to represent the vocal tract in terms of an equiv-

alent elJctrical network, where the volume velocity is reprosznted by 

current, and the pressure by potentialafference. The uniform tube of 

ficure 3.2 can be represented by the T network shown in fiGure 3.3 

(D-1). The transfer ratio of this networ:7: is 
r7 

/V% a 

where Z = 
1 / 11  is the input impedance of the ne::t section. The 



zeros of 	/ 	if anv, can only occur at the poles of 7 , or the zeros 

of al , or the zeros of Zb. These all lie.in the left half of the 

s-plane because Za' 7b and Z are two-term 	therefor impeda-ces; therefo  

the transfer ratio 7  /
o 
 is minimum Phase. It is armin concluded 

that the vocal tract has minimum phase transmission because it is rep- 

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

network (G-1, p. 477). 

3.3. Nasal Consonants. 

During nasal consonants the sound output is from the nostrils; 

the oral cavity is closed by the lips in the case of /m/, and by the 

tongue in the cases of /n/ and /5/. This situation is represented dia-

grammatically in figure 3.4. The electrical equivalent is shown in 

figure 3.5. The oral cavity acts as s. shunt resonator, and so it is rep-

resented by a shunt impedance in. figure 3.5.. The nature of this impedance 

depends on the shape and size of the oral cavity, which in turn dppends 

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

formantpaes, the vocal tract has transmission zerosor "antiformants", 

which are due to the shunting effect of the oral cavity. Typical 

results for /m/ show cue antiformant at 1 kHz and a second at 3 kHz. 

For /n/ tbe oral cavity is smaller,,and the antiformants occur at higher 

frequencies: the first occurs at about 1.7 lcIIz and the second beyond 

3 kHz, which was the upper limit of the experiment. For /5/ the oral 

cavity is extremely smn11 and the transmission zeros lie outside the 3 kHz 

range; the vocal tract behaves as a single tube made up of the pharynx 

and nasal cavity. This situation is analogous to non-nasal vowels, 

where the single tu/7e tract has a transmission function which is all-role 

56 
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Nasal cavity i  Z Nasal output 

Glottisi  Pharynx  Oral cavity Zero oral. output 

Figure 3,4 Diagrammatic Representation of the Vor.al 

Tract during a Nasal Consonant. 

J_Input impedance 
of oral cavity 

Figure 3.5 Electrical EqUivalent of the Vocal. Tract during 

a Nasal Consonant. 



except for a radiation zero at s = 0. 

For nasal consonants the vocal tract has minimum phase 

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 network. 

3.4. rasal Vowels 

When a vowel is nasalised, the soft• -palate is lowered forming 

two transmission paths, one through the nasal cavity, the other through 

the oral cavity. There is sound output fr7,m. the mouth and nostrils; 

these outputs combine in front of the speaker's head, as shown in figure 

3.G. The electrical equivalent is shown in figure 3.7 where each of 

the paths is represented by a-ladder network. Using the arguments of 

the previous two sections, it can be seen that the transmission  o. each 

path is minimum phase. However the combined transmission function is 

not necessarily minimum phase. This statement can be illustrated by 

the following simple c=mplle. 

Consider two minimum phase functions F
1
(s) and F

2
(5)
' 
where 

_ 

(S) 	
1 	

F-(S) = 	
1 

1 
(S 	1) (S2 	2s + 2) 	G2 + 2s + 1 + b2  • 

The poles of those functions lie in the left half of the c—plane, nr 

shown in figure 3.3. Let F(s) be the sum of these two functions; thus, 

7(s) = Y1(s) 

+ 4s -  + Cs 	3 	b2 - 
= 

(a 	1) (0c-  + 20 + 	
, 

2) 	+ 2s + 1 + b 

:all the poles of F,(s) and 2 (s) appear in F(s) with unchanged positions; 

ro 
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Combined 
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`Figure 3.6 Diagrammatic Representation of the 
Vocal Tract during a Nasal Vowel. 

Nasal 
output 

1473_0 
Oral 

tr f  output 
	0 

Figure 3.7 Electrical. Equivalent of the Vocal Tract 
during a Nasal Vowel. 
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Figure 3.8 Example : Two Minimum Phase Functions. 
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Fipure 3.9 Example: A Won-minimum Phase Function which is 

the Sum of Two Minimum Phase Functions, 



:loweve F(s) .his sews net rre2ont in F. (s) or F,,(s). These zeros 

correspond to the zeros of the numerator polynomial of F(s); they 

lie in the left half 	the s-plane provided that the polynomial 
• 

is "Hurwitz". Applying the standard test for Hurwitz character - 

(refer G-1, p.19; 	r.427) it can be shown that the polynomial 

is. Hurwitz if b24=21* if b
2 	then zeros occur in the right half 

of 	s-plane so that F(s) is non-minimum phase. For example 

suppose b
2 = 52: the corr,?sponding role-zero Pattern of F(s) is 

shown in figure 3.9, where two zeros are in the right half of the s-

plane. This illustrates the fact that the sum of two minimum phase 

functions may be non-minimum phase. 

For nasal vowels, the volume velocities at the mouth and 

nostrils, respectively U and U , are related to the glottal volume 

velocity U as follows: 

U (s)/U (s) = 	a IT 	(s) PI  0 

Un(s)/Uo
(s) = (1-a) Nn 	n (s)/D (s) 

(3.3)• 

The quantity "a" determines the proportion of 'low from the mouth. 

For example, a = 1 when the entrance to the nasal cavity is closed by 
• 

the soft palate, 	that-o 	all output is from the mouth. The functions 

Nm, Dm
, N

n 
and D have the form of the following polynomial of c: 

.46 

C/S. 

= 1 

where the c c.re the .,__'es of the 'oolynonial (7-2, 1)1) 42-46, 'e 150). 

This 	can be well a7,7,roximatod over a limited frequency rr:.ney  

using the firrft few zeros and a correction factor for the omitted zeros 
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(F-2, pn. 49-5.1). It should be noted that, rine° both the oral and 

nasalpathshavemininuraphasetransmission,allthezeross.lie 

in the loft half of Lhe s-plane. Therefore N
m
, D

m
, 19 

n 
and D are all n 

Hurwitz polynomials. 

The' sound pressures produced in front of the speakers head 

are given by the following apPronimate e-nPressions: 

P (s) = U (s) . se 	enp (-sr/c) 0 m 	m 	-_-_  
Orr 

2n (s) = Un 	. (s) 	SP , exp (-sr/c) 
/;. m r 

where is the density of air, c is the velocity of sound and r is the 

distance of the point of observation from the speakerts face. These 

equations assume that the sources are spherical, and that the point 

of observation is equidistant from nose and mouth (F-8, p.35). Combining 

equations (3.3) and (3.4), the overall transmission of the vocal tract 

is obtained: 

V(s) = Pm(s) + Pn(s)] 	/ 	U
o
(s) 

, 	 aN (s) 	(l-a).N (s) = 	t 	exp (-sr/c) , 	m 	4. 	n  

	

4Zr 	D (s) 	D(s) 
m 

s i f -, ,, 	 allM(s1Dn
(s) + (1-a),11 (s1D (0) 

p (-sr/c)  	n 	m  

	

47fr 	 Dm  (s) . Dn(s) 

The polbs of V(s)correspond to the zeros of the den=inater term 

CD
m 	D (s). A(s) ; . these in turn simply correspond to the poles of the 

indi7idual nasal and oral Imths. 

The zeros ef V(s) correspond to the zeros of the numerator term: 

aR r`(s).D21 (s) + (1-aIN (s). D (s) 	(3.5) 
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There is 	si=le rclei between tile 	tl. rs 

and the zeros of V(0); however a few remarks can be mode about the 

expression (3.5). It is the sum of two Hurwitz polynomials; therefore, 

since Hur..'i  Lz polynomials always have. real and positive coefficients, - 

it is a polynomial which also has real and positive coefficients. Such 

:a polynomial is always Hurwitz if it has degree lesi)•than three; if 

it has degree of three or more then it may be non-Hurwitz, so that 

II( ) would be non-minimum phase (G-1, p.16) ...III  fact the degree of 

expression (3.5) :ts much higher than three, as can be seen from the 

following argument. The work of Fujimura (i-1) indicates that, in the 

ran9a0 to 4 kHz, there are two antiformans ln the nasal path, anr1 four  

formants in the oral path. This suggests that [ 21 (s) . D (s) is of n 	m 

order (2 + Li.)  x 2 = 12; thus a polynomial of degree at least 

twelve is needed to adequately represent expression (3.5). It'there-

fore appears possible that non-minimum phase transmission occurs during 

nasal vowels. 

The fact that non-minimum phase transmission is only possible 

when there are two separate transmission paths, as in nasal vowels, 

suggests a method of detecting the occurrence of nasalisation of, 

vowels. If, by analysis of the acoustic waveform of a voiced sound, 

non-minimum Phase transmission can be identified, it can be concluded 

that the sound is a nasal vowel. This is of interest in this thesis 

because  -it suggests that, 	retaining the phase data, inferences can 

be made 	would oi,herwise not be nossible. This wssibility is 

examined in Chanter 5. 



.CFIAPTER t.  

PROPERTIES OF GLOTTAL WAVEFORMS 

This chapter describes methods which have been used by 

researchers to determine larynx behaviour during voiced sounds, 

and the .results thus obtained. Using these results as a basis, 

the spectral properties of glottal pulses are investigated at 

high and low frequencies. The high frequency properties prove 

to be useful for later chapters. The low frequency properties, 

while not of direct use in this thesis, are included because they 

are relevant to the pole-zero fitting technique (M-3, M-4); this 

is discussed in the concluding chapter. 

4.1 Previous Investigations of Larynx Behaviour 

Three methods of investigating larynx behaviour are des-

cribed: high speed photography, inverse filtering, and the use 

of mechanical models. These methods have given valuable infor-

mation about the vibration of the vocal folds and the air flow 

between them. 

/1.1.1 Hi ='i Speed Photography 

The motion of the vocal folds (see Fig. 1.1) was studied 

by Farnsworth in 190 (Y-4) using R camera with a picture rate 

of 4000 per second. The technique was to position a mirror at 

the back of the throat near the soft palate, make suitable 

lichLing ar.een!;ements, p:loce the camera in front of the mouth, 
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and film the vocal folds in motion. When the nictures were projected 

at reduced speed the detailed motion of the folds could be observed. 

The films showed newly periodic vocal fold vibration, usually with 

a finite interval during which the vocal folds closed completely; 

during this interval the glottal.  flowwas necessarily zero. The 

'duty ratio' d, defined as the proportion of time that. the vocal 

folds are oloen,was usually in the range 0.3 to 0.7. Sometimes, 

:when.the vocal effort. was low, the. vocal folds vibrated. without. 

closing at all. 

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 function of time. The photographic data 

was used to determine the area of the glottis. Using measured 

values of subglottal air pressure he estimated the glottal flow. 

The waveforms he obtained for glottal flow were similar in shape , 

to the area variation waveforms: they were unidirectional pulses 

separated by finite intervals of zero glottal flow. 

The photographic technique gives useful information about 

the physical operation of the larynx, but it is inconvenient and 

expensive to implement. The speaking conditions are unnatural, 

due to the presence of the mirror inside the mouth and the 

.necessity to restrict the movement of the. tongue so that the 

vocal folds are not obscured. The noise, produced by the camera 

can interfere with acoustic measurements unless the camera is 

housed in its own soundproof chamber (G-2). Furthermore, it is 

not easy to deduce the glottal flow from the observed vibration. 
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4.1.2 Inverse F5_1trinr. 

In 1959 Miller (11-1) described the method of inverse 

filtering, which is extremely useful for investigating glottal 

flow. No instrumentation inside the mouth is required, and the 

method yields the glottal flow waveform directly, rather than the 

area variation of the glottis. The method is based on the source 

--tract model of speech production, where the speech output f(t) 

is the vocal tract response to a glottal input g(t). This was 

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

f(t) = g(t) * v(t) 

F(s) = G(s) . V(s) 

The idea is to pass the speech through an adjustable-filter whose 

transmission function is V(s), the inverse of the vocal tract 

transmission, so that the output of the inverse filter is the 

glottal flow g(t). 

At first sight, it may appear surprising to introduce two 

variables, v(t) and g(t), when only one, f(t), can be measured 

for any given f(t) there are infinitely many ways of choosing v(t) 

and g(t) to satisfy evation (4.1). However, this representation 

allows two known constraints to be introduced, enabling the ldecon-

volution'.of v(t) and g(t) to be achieved. These two constraints 

are based on knowledge of speech production. The first has been 

Partly discussed in Chanter 3: for non-nasal vowei8 the vocal tract 

transmission function, V(s), is a minimum phase function which 

has poles but no zeros except for a radiation zero at s = 0.. 

Furthermore, in the range 0 to 4 kHz, V(s) can be well approximated 

by USiRQ four comnTh::- 	(fr1 c), 	"4'CLem' 
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for the :7olilaininr,. h:i.rh frequency Tioles, and u :=.ero at r  = 0 (7-2, 

P 50). The inverse network, V-1(s), has four zero pairs which are 

made to coincide with the poles of V(s). For pracical reasons 

V-1(2) does not have a pole exactly at s = 0, but near enough to 

provide a good approximation at the lowest expected fundamental 

frequency (about 80 Hz).• V(s) also.  contains •a multiplying factor 

which depends on distance from the mouth (see equations (3.4)); 

consequently, the method gives the shape of the glottal flow wave-

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

vary.considerably, and so the corresponding zeros in V-1(s) need 

to be adjusted accordingly; the adjustments are normally made 

manually. Fig). 24.1 shows 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 

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

poles produce ripples which are clearly eident on the output wave-

form, articularly during the interval of zero glottal flow. 

Adjustment is continued until the ripples are removed. When. the 

adjustment is correct, the positions of the zeros of the inverse 

filter coincide with the formant frequencies of the vocal tract. 

This can be checked by cowaring the zero positions to the formant 

frequencies as measut.ed 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 changes his larynx frequency and vocal effort, provided 

4-h,t 	ne% ch=e 	articulaticn. Under these circumstances 
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the outT)ut 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 practical demonstration of the accuracy of the source- 

tract model of speech production. The method has 	 ussii by 

several researchers: Miller (M-1), Gill (0-2), Holmes (H-4),. 

Lawrence (L-1), Carr and Trill (C-4). Their results show that 

a finite interval of vocal fold closure occurs under most con-

ditions, in agreement with the results of the photographic method 

discussed above. When vocal effort is small, closure does not 

always occur; even in this case the adjustment 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 ::efferent 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 on the voiced fricatives 

/v/and /V, where the glottal waveform was obscured by fricative 

noise to a great extent (M-1). There have. also been some attempts 

to automate the adjustement cf the inverse filter, but these have 

had only limited success (L-1, 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 input impedance, which in turn depends on the 

configuration of the tract. A feature of inverse filtering is 

that this effect is included, the result corresponding to the 

glottal flow actually producc,d. The transmission of the inverse 
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filter con be uL:ed to determine the trnminr:lon of tIle vocal tract, 

and this depends on the tract shape. Therefore, the setting of the 

inverse filter is closely related to the configuraAon of the vocal 

organs other than the larynx. 

4-.1.3 Computer Simulation of a Mechanioal Mcidel of the Larynx 

Another method of examining the behaviour of the larynx is 

to mode]. its physical properties; such a model has been simulated 

using computer techniques (FL.6, F-7, F10). Properties such as 

lung volume, subglottal pressure, tension and mass of the vocal 

folds, and vocal tract configuration were taken into account. 

The glottal flow and glottal area waveforms obtained in this manner 

showed general similarity to those from the methods described 

above. There was usually a finite time of vocal fold closure. 

However, for the first few cycles at the onset of voicing, and 

sometimes when the subglottal 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 decreasing 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 velocity wave Generally had a steeper slope at the 

closure of the vocasi. :olds, than at ol)ening; this is consistent 

with results of inverse filtering discussed earlier. In Section 

4.3 it is shown that this has a significant effect on the spectral 

phase properties of glottal pulses. Secondly, whereas the area 

was-  reasna-bly m=  pia.., the L;lottal flow sometimes 3h,-)7:1,3c1 
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su7=im77osed o:7ei?lati:ms '± 'n th'ts 	we 	onr:n 	The 

was caused by interaction between the source and the input imped 

ance of the vocal.tract; the frequency of the Oscillations corres-

ponded to the first 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 sometimes sufficient to reverse the direction of 

airflow through the glottis CF-10); however in most cases the 

flow was unidirectional. The oscillations cannot occur during 

vocal fold closure, when the flow is zero. 

4.2 All-zero Representation of Glottal Spectra  

In most cases the glottal flow can be well approximated 

as a sequence of positive pulses separated by an interval of zero 

glottal flow. Fig. 4.2 shows a typical glottal pulse g(t), where 

T is the period and T
c is the pulse duration. It has been pointed 

out that the Laplace transform of such a pulse has zeros but no 

poles (M-3). This can be seen from the definition of the Laplace 

transform: 

G(s) 
	C 

g(t),e-st  dt 	(4.3) 

0 

The range of integration is finite and, for finite values of s, 

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

poles. 

Example: Consider the raised cosine pulse: 

(t) 	r 0.5:(1 - coS 2ic 	r 0 < t < Te o. 	(4.10 

I 0 	otherwise 
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This -is shown in "J's. )1.3. The.  Laplace transform is 

s 	(512c/211)21 

(refer 1-2, p 1014). The zeros of Gels) occur at s = sk, where 

sty 	j 210.c/2c, k.= 2, 3, etc. These zeros lie on the w-axis of 

the s-plane with an asymptotic spacing of 1/Tc  Hz; this is 

in Fig. 4.3. 

4.3 Glottal Spectra at Hich Freouencies 

The initial value theorem (P-1, p 186) can be used to deter-

mine the asymptotic high frequency spectral behaviour of a function, 

provided that the function is continuous and. has continuous 

derivatives everywhere-except at t = 0. Glottal pulses do not 

satisfy this condition because there is usually more than one 

point where the derivatives arc discentincus. It is at these 

points of discontinuity that the vocal tract is excited and the 

formant oscillations on the speech waveform can be seen to begin. 

Inverse filtering experiments show that the major points of dis-

continuity occur when the vocal folds open (t = 0) and when they 

close (t = T
c) (M-1, H-4); the results from the mechanical model 

of the larynx support this observation (F-7, F-6). 

Mathews et al. (M--3) considered high frequency properties 

of glottal spectra for the case where the glottal w3ve had a dis-

continuous first derivative. The following discussion is an 

extension of their work to he case where the disoninity occurs 

in a higher order derivative. 

th 
Let the - order derivative be defned 

sinh sT
c/2 2 

Ge(s) 	. e
-sT

c/
2 • 



ge(t) = 0.5 — 0.5 cos 2nt/Tc  
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n 
r n)

(t) 	
(t) 

 
dtn  

Suppose that this is the lowest order derivative which is non-zero 

either at t = 0 or t = Tc  or at both'. Furthermore, suppose that 

g
(n+1)(t) is finite in the range 0 C t = Tc' 

so that g(n)(t) is 

continuous everywhere except when t = 0 or t = T. At these two. 

points the magnitudes of the discontinuities are respectively 

g(n)(0 -I-) and g(n)(Tc 
-), where 

(n), g(n)(0 	= g 	kt) just after t = 0; 

g(n)(Te 	= g(n)(t) just before t = T. 

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

G(s) = 1 .- 
n+l 

g(n)(0 	- g(n)(T c. 

c  (n4-1), -st g 	kt).e 	dt 

0 

Consider the high frequency behaviour of (s) when s is large and 

-near the w-axis, so that lwI » kr'. If Ig(n+1)(t)` < N for 

0 -‹ t C Tc
, where M is a constant, then the integral term has 

magnitude smaller than (1-- 
e-sTc)M/s; hence, for's large, this 

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

frequency approximation for G(s) is 

G(s) . 	1 	I s(n)(0 	g(n)(T  .) e-sic 
n+l 

G 

(4.7) 

 

The hi.h frequency zeros can be found by putting G(s) = 0 in this 

equation: the zeros are equally spaced at 1/T Hz in a line parallel 

to the w-a7-:is with real part 07 where 

It if,: nfr-ume6 thar the points of dicontinuity,g(t) is of' • 
erde7 tn, ies it 	an into-6er. 



 

(n)f, 	N 

F' 	 */ 
----------- 

g(n)(0 -0 
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When the discontinuity at closure is larger than at opening, 

I g(n)(1, 	ig(n)(0 -01 ; hence 0-11  is positive .and the zeros 

lic in the .t.ght half of the s-plane. On the other band, if the 

opening discontinuity is larger, then the zeros lie in the left 

half of the s-plane. 

When g(t) is a minimum phase function there are no spectral 

zeros in the right half of the s-plane; therefore, a minimum phase 

pulse must have a larger discontinuity at opening (t = 0) than at 

closure (t =T
c). Conversely, a maximum phase pulse must have a 

larger discontinuity at closure than at opening. 

The above theory can be illustrated using the previous 

example of the raised cosine pulse (equation (4.4)). For this 

case n = 2 because the second derivative is continuous except 

when t = 0 and t = T
c; furthermore, the two discontinuities are 

of . equal magnitude. Consequently, from equations (4.7) and (4.8), 

the high frequency spectrum should be of order s-3, and the zeros 

should be spaced at 1/Tc Hz on the w-axis. Inspection of equation 

(4.5) and figure 4.3 shows that these indeed were the results 

obtained. 

Asymptotic Phase 

The phase of glottal spectra at high frequencies does not 

e..y.pear to have been examined before. It is considered here, 

because the resuli:s prove to be useful in later chapters. 

Putting s = jw in equation (t..7) lives 
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1 

(jw)1  
1+1 

The term (jw)
n+1  
. has.a constant phase angle equal to an integral 

multiple of n/2 radians. The phase angle of the term in square 

brackets is now considered. For the case when the opening dis- 

continuity is larger, that is 	10 (n) 
Ig(n)(° 4-)1 	(T  - ; then 

the phase angle oscillates about a constant value as can be seen 

from Fig. 4.4.• The osciliation is a periodic function of w, with 

period 1/T
c Hz; furthermore, the phase is fairly constant varying 

less than ± 7c/2 about a constant value. 

Now consider the case where the greater discontinuity 

occurs at closure so that ig(n)(0 	.< 13(n)(Tc  

(4.9) can be written as 

G(jw) -1 	f g (n)( -) 	(n) 	. e-jwTc 
(ion+1 	c - 	(0 +) . 

Using a - similar argument to the above, it can be seen that the term 

in square brackets is confined to the range - 71/2 radians. 

However, the term e-jwTc produces a linear phase shift component. 

If the time origin is shifted so that the new time variable is 

zero at the closure point, then this linear phase shift term dis-

apbears. With the - new time origin the phase curve oscillates less 

+ 
than - 7c/2 radians about a constant value as before. 

Therefore, if - the time origin is,chosen at the point of 

greater discontinuity, then at high frequencies, the phase curve 

fluctuates about a constant value with deviation less than .1.- 7c/2 radians. 

The above arguments have been restricted to cases where 

the discontinuities occur only at the opening; nr closure of the 

Equation 
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vocal fold7- The re -alt:s oT -nrevious investinations, ee2cribecl 

in Section 4.1, show that these are indeed the points where major 

discontinuities occur in glottal pulses. The above theory can be 

extended to cover situations where more than two discontinuities 

occur; this is done in Appendix C. It is shown there that, when 

the time origin •is chosen at the dominant discontinuity (the 

point of 'maximum excitation'), then the phase curve varies less 

than - 1t/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. 

4.4 Glottal Spectra at Low Frequencies  

The description of the vocal tract transmission in the fre-

quency domain 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 Section 4.1.2. Unfortunately, the 

spectral description of glottal pulSes is not so simple and it is 

difficult 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 properties 

of the pulses. If the pulse g(t) is assumed to be.unidirectionaD 

it is possible to make some further statements about its spectrum; 

this is the purpose of this section. It was pointed out in 

Section 4.1.3 that the glottal flow may occasiona77_y reverse its 

direction; the effect of this is discussed at the and of this 

section. 

Theorem 4.1 

If r,;) is a non-nef7,ativr, pulr3e then G(r-z) has no zeros 
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when w lies in the range 

Tc/Tc• 	(4.1o) 

There is no restriction on the value of O . • 

Proof: Consider the definition of G(s) 

T 

G(s) = 	c  g(t).e-st  dt 	(4.3) 

O 

where s = 	jw. For co = 0, the integrand is always positive; 

since the integral of a monotonic function cannot be zero, there-

fore, G(s) O. For w > 0, consider the imaginary part of G(s): 

c 	-ct 

„l 
14(.3(4 	g(t)s e 	.sin cot db 

0 

Inspection of the integrand shows that it remains positive provided 

w is positive and less than Tc/Tc; hence IM4G(s).1 cannot be zefo and, 

therefore, neither can G(s). For w 	0 a similar argument can be 

used to show that G(s) / 0 provided o is greater than —70c 

Therefore, the theorea. is proved. 

Theregion where G(s) has no zeros is shown in Fig. 4.5. 

In fact for most pulses with easily calculable spectra, the lowest 

frequency zero occurs when w is greater than the limit of 1VTc set. 

by inequality (4.10), typically by a factor of two or three. The 

factor is two for a rectangular pulse, three for a sine pulse, and 

four for both a raised cosine pulse and v. triangular pulse (1-2, 

pp 1012-14; C-3, p 12) Pulses with double peaks have zeros which 

Lie closer to the limit; the limiting (and unrealistic) case is 



w= n TK 

	 w = n/T 

/ 
	 w - -n/Tc 

No zeros if g(t) is non-negative 
and has a single 'peak. 

/ / / // 	,/' 	 

/////// ./2 
/ \A\ 	// No zeros if g(t) is  non-negatiVe*  

= TVTK 

( b) 0 
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Figure 4.5 Low Frequency Regions Where G(s) has No Zeroso 
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g(t) 

  

sin w(t TH) 

Figure 4.6 Example of a Glottal Pulse with only One Turningoint. 
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when 1(t) consists of two imnulseo, one at t = 0, the other at 

t = T. Therefore, the limit set by equation (4.10) appears to 

be rather a severe one. The limit can be relaxed if the pulse has 

a single peak, as the following discussion shows. 

Pulses with a Single Peak  

Let it be assumed that gl(f.), the first derivative of g(t), 

has only one zero in the range 0 < t <ZT
c

therefore, g(t) has 

only one- maximum, occurring when t = Tm  say, as shown in Fig. 4.6. 

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

Theorem 4.2  

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

1w1 	u/TK 	 (4.11) 

where T1,  is the greater of Tm  and (Tc  -.Tm). 

Proof: For w = 0, the result has already been established in 

Theorem 4.1. For w T  0, consider the integral 

Se 
gi(t).sin co(t 	TM) dt 

0 

From Fig. 11.6(b) it can be seen that, provided inequality (4.11) 

is true, the integrana has constant sign in the range 0 < t < T
c
: 

it is negative when ,o is positive, and it is positive when 6) is 

negative. Therefore, the integral is non-zero. Expanding the 'sin w(t - T
M
) 	term the integral becomes 



c 
1 t, g u) • (sin wt cos w TM - cos wt sin w T, )dt / 0 	(4.12) 

provided that icol 	R/TK, co / 0. Integrating equation (4.3) -by 

parts, putting s = jco, and noting that g(0) = 0 = g(Tc ) gives 

G(jw) = 

T 

1 
Jo 	

e(t) e'jwt  dt 

0 

Equating real and imaginary parts: 

Re fG( jw)} = 
c •1 t• g (t). sin cot dt 
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(4.13) 
1 
co  

1'0 

0 

6 (t): cos cot dt 

Combining equations (4.12) and (4.13) gives 

- cos (coTm) . Re 	jw)1 + sin (wT1i),Im LG( jw)1 / 0 

provided that I w 	7t/TIC, to / 0. Therefore, Rel:G(jw)) and Im 	jt.o)3 

cannot both be zero, and so G(jr.o) is non-zero, and this proves the 

theorem. 

Inequality (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 peak near the middle of the pulse, so that 

TIC 	Tc. For example, if the peak is in the middle third of the 

pulse, that is Tc/3 < TM < 2Tc/3, then T
IC  
	2Tc/3. The for-

bidden reg!.on for zeros, specified by inequality -(4.11), is 1.5 times 

larger than the region specified by inequality (4.10). For sym- 

33 that -the region is increased. Uy 



a factor of two. 

So far the discussion of single peaked pulses has been 

confined to G(N), which is G(s) with fr. 0; now non-zero values 

of 407  are considered. The Laplace and Fourier transforms are 

related as  followrz: 

G(s) 	
c 
. r Fr t), 	dt 

0 

v f g(t), e-crti 

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

transform of a new pulse Cg(t) . eT1 The multiplying factor 

e
-10-t 

does not change the positiveness of the pulse, but the first 

derivative becomes: 

c it Pt), e~  `1 j = gl(t) 	6-eg(t) e- (7t (4.14) 

For 	/ 0, this derivative is not zero when gt (t) = 0; therefore, 

the new pu173 does not have a peak at the same value of t as the,  

original pulse g(t).
2 
Furthermore, the assumption of a single 

turning point may not be valid. Consequently, Theorem 4.2 is not 

necessarily true when Cr/ 0. For small values of 0- , e 
	

1, 

and the shape of the pulse is not greatly changed. Therefore, near 

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

be appr=imately as given by ineouality (4.11). 

In practice glottal pulses sometimes have more than one 

peak and Theorem 4.2 is not strictly applicable. However, the 

2 
Consideration of :Cig. 4.6 and equation (4.14) shows that the peak 
shift:; to thc: 	whun V i positive., and to the right when 
a-  is neE,atj.ve. 
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adition-1 -ne:-!ks are ur-ually minor: cor9ecuentiv, it is to be 

expected that the limit set by inequality (4.11) would be valid 

in practice. 

In Section 4.1.3 it was noted that glottal flow sometimes 

bee-me nec..-tive 4n the mechanical model nf the l arynx;  when Fliis  

occurs g(t) cannot be assumed to be a positive pulse, and co the 

proof of Theorem 4.1 is not valid. However, it becomes valid if 

T
c is redefined as the width of the positive portion of the pulse 

(assuming that this is greater than the width of the negative 

Portion); this can be proved using an argument similar to that 

used to prove Theorem 4.2. The results with the mechanical model 

suggest that the negative flow is relatively minor. Furthermore, 

negative flow does not appear to have been reported in inverse 

filtering c..periments on real speech sounds. Therefore, the 

assumption oy. a positive glottal pulse appears to be a reasonable 

approximation. 

Some other properties of the spectra of nositive functions 

are given by Papoulis (P-1, pp 53, 90, 223, 225). However, these 

seem to be mainly of theoretical interebL 

4.5 Summary 

Glottal, flow is, typically a nearly-periodic sequence of 

positive pulses, which are separated by an interval of zero glottal 

flow, correspond n to vocal Cold closure. The s-pectrum of a 

,lottal pulse has zeros hut no poles. 

The high frequency components are generated at points of 

discontinuity of the lowest-order discontinuous time-derivative. 

The greatest discontinuity, called 1;__t point oftgaxium ey.eitation, 
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u=111.7 at th,,  end of the Tnase, that is, at Flottal 

When this is the case, the high frequency spectral zeros lie in 

the right half of the s-plane. 

At high frequencies the glottal phase, as a function of 

frequency, varies less than -i /, radians abouL a constant value, 

provided that the time origin is chosen at the point of maximum 

excitation. Therefore, this appears to be a good choice of time 

origin if a slowly varying phase curve is required, which is the 

case with the unwrapping procedure described in Chapter 2.2.2. 

In Section 4.4 it was shown that spectral zeros could not 

occur below certain low frequency limits. This could be .a useful 

constraint in the assignment of zeros in the pole-zero analysis 

technique (M-3, M-4); this is discussed further in Chapter 9. 

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

pitched bounds, which are normally more difficult to analyse. 

85 



CHAPTER 5 

aAMINATION OF GLOTTAL PULSES USING MINIMUM PHASE AND  

ALL-PMS FUNCTIONS 

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

the charactoriotins of th,- 17••• C 
	

tract .Prrnr, those of thtv glottl 

This is a motivation for studying glottal pulses on their own, the aim 

being to find properties that will make the separation easier. Tnis 

chapter describes sore analysis methods which can be used to determine' 

whether a pulse is minimum phase, maximum phase, or neither of these. 

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

described below. Three time functions are found to be useful. One is 

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

Descrintion of the Functions 

Consider a glottal pulse g(t) whose Fourier transform G(jw) has 

log-magnitude aG(w) and phase OG(w): 

G(jw) = exp pG(w) + jOG(w)] 
	

(5.1) 

Let 9G
(w) be the minimum phase characteristic, which is computed from 

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

follows: 

W 
2w 	cy-(-r) 

G
(w) = dx 

2 - x - w 
0 

Three time functions are now defined in terms of ti,eir spectra. 

(5,2) 

36 



(i) Minimum phase function gm(t) 

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

minimum phase: 

t
gm( t )1s = 	jw = exp [aG(0) 	j°G"] 	(5.3) 

If the original pulse g(t) is minimum phase then gm(t).is identical to 

g(t). However, if g(t) is maximum phase then g 1(t) is a time-reversed 

version of the original, that is gm(t) = g(-t) (see Chapter 2.4). 

(ii) All-pass function gp(t) 

This is defined as follows: 

7' 1 gp(oli = GD(jc0)/Gm ( jo 
	 (5.4) 

Therefore 

GD(jw) = ex. p( [06(0 - ec4(6))] 	(5.5) 

The real part of the a,:nonent is zero, so that IGD(jm)I =1. The phase 

is the differmce (hence the subscript D) between the original phase OG  

and the minimum phase 9G. If g(t) is minimum phase, Ob(w) = GG(w), and 

GD(jw) =1 ; therefore gp(t) = S(t), which is an impulse at t = 0, the 

beginning of the pulse. Thuslwhen g(t) is minimum phase, gp(t) is an* 

impulthe which coincid's with the beginning of g(t). 

(iii) All-pass function gp(t) 

This is defined as follows: 

-7; 	gp(t)i = Gp(jta) = G(jw)/Gm(-jw) 	(5.6) 



Therefore 

Gp(jw) = exp(j.k(w) 9Gq) 	 (5•7) 
\ L 

Again the spectral magnitude is constant: 1Gp(j(0)1 = 1. The phase 

is the sum of 0G and 0G (hence the subscript P for "plus"). When g(t) 

.is.maximum phase OG(w) 	o  OG(w), and Gp(jw) =.1! this gives gp(t) = “t) 

an impulse at .t = 0. A maximum phase pulse is "anticausal", that is, 

it is zero when t>0. Hence, when g(t) is maximum phase,gp(t) is an 

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

5.2. Interpretation of the. ru:%ctions in Terms of Spectral Poles and Zeros  

It was pointed out in Chapter 4.2 that the Laplace transform af 

a glottal pulse g(t) is an all-zero function; it can be written as 

op 
G(s) . G(0) 	IT [1 

= 1 

 

jw, "1 

 

 

(5.8) 

.The'spectral zeros of" G(s) occur when s equals s", where 

s. 	jwi. A positive value of al indicates azerointhe right half of 

the s-plane. The zeros of GM(s) are all in the left half of the s-plane-

therefore 

ao 

GM(s) = G(0) II [1 
i = 1 ] —1071 ÷ jwi  1 ii 

(5.9) 

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 zeros in Gm(s). 

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

equation (5-4); this yields 

Ge(s) = G(s) / G„l(s) 



Using the equations (5-8) and (5-9) it follows that 
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(X) I: 1 - s/ ( 	+ jtoi ) 
GD(s) = -11 

i = 1L 1  - s/ (-17i1 	i(L11)1 
(5.10) 

 

When the pulse g(t) is minimum phase, 01<0 for all i; therefore all the 

numerator zeros in (5.10) are cancelled by the denominator zeros, and 

G(s) = 1. However, if G(s) has a right half zero at s =s-ic  + jwic5 40.1?0, 

then GD(s) has a zero at the same point. It also has a pole at 

s = - 9c  + jw/c. 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 G (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: 

G (s) = G(s) / Gil (-S) 

1 - s/( cr: 4 jwi ) = 	 2 (5.11) 
1 - s/(103.1 	jwi) 

For a maximum phase pulse, or >0 all i, and G (s) = 1. If G(s) has a 

left half zero at s = 6- 	jwn 	n ,0--  <0. then G (s) has a zero at the same 

point. It also has a pole at s =-07 jw
n. TheL-efore, for each left half 

zero of G(s), there is a corresponding pole-zero pair in G (s). The fact 

that the pole is in the right half of the s-plane means that gp(t) ran- 

causal (see Chapter 2.3). 

= 
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5.3 	Experimental Results  

5.3.1. The loulses examined  

The three functions described above have been computed for nine 

examples of glottal pulses: gi,i = 1,2,....,9. These nine pulses 

were obtained in the following ways: 

(i)Puises-aud g were synthesised, in sampled forth, using 
2 

computer subroutines - to calculate and store the values. 

(ii) Pulses g3, g4, g5  and g6  were obtained by inverse filtering 

of spoken vowels. Slide photographs of oscilloscope traces 

of glottal waveforms were supplied by Mr. J.N. Holmes of 

Speech Research Establishment, Ruislip, (see Acknowledgements). 

The slides were projected in enlarged form Onto graph paper, 

and the.waveforms carefully traced on. The waveform values 

were determined at equally spaced intervals. These values 

were transferred onto punched cards for subsequent computer 

analysis. This method 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, plotted out with an X - Y plotter, and the 

resulting waveforms compared to the originals. 

(iii) Pulses g7, g8  ard g
9 

were obtained from the mechanical model 

of the vocal organs, which was described in Chapter 4.1.5. 

Waveforms generated by the model have been published by 

Flanagan and Landgraf (F-6). Transparncies were made of 

these waveforms, and sampled values were obtained in the 

manner described in (ii) above. The vocal tract configuration, 

and the corresponding vowel, were different for each pulse:. 



91 

r - /i/; 
	

/V; 	- /a/. Flanarmn and L7.nd-:raf found 

that the glottal flow became periodic after the first few 

cycles; the pulses g7, g8  and g9  correspond to this periodic 

situation. 

Table 5.1' 

PULSES USED FOR ANALYSIS 

Pulse 
Figure 

No: Description 
Duty 
Ratio 

d = T c/T 

Sampling 
rate 
:,:-.Hz 

gl 5.1 See equation (5.12) 0.6  25.6 

g2 5.1 tt 	" 	(5.13) 0.6 25.6 

g3 5.7 0.52 12.8 

g4 
5.8 

Obtained by inverse filtc;--ing. 
0.42 25.6 

g 5 
5.9 is the same shape as g 1  but with 	lie 

duty ratio doubled. 	
4 

 
0.41 25.6 

g6 5.10 0.34 25.6 

g7  5.11 Vocal tract /1/. 0.65 22.5 
Obtained from a mach- 

g8 5.12 it 	u 	/a/. 	anical model of the 
larynx (F-6). 

0.62 19.8 

g9 
5.13 /I 	" 	/0/. 0.60 23.4 

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

gi  and g2, are raised cosine pulses with exponential weighting: 

-UiSt 

	

(t) = e 	(5 - 5 cos 27tt/T ) 
cr(t-TC  ) 	c  0  

g2(t) 	
e 	(5 5 cos 2n-Oc) 

(5.12) 

(5.13) 

where 
	0<t<T 

6- = 27t.50 radian/second 

T = 6 milliseconds 



These two pulses are shown in figure 5.1 together with their zero 

patterns. The zero pattern for the symmetrical raised cosine pulse 

was shown in Chapter 4.2 to be a. sequence of zeros along the w-axis. 

The exponential weighting merely shifts the zero pattern either to 

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

If 	gl(t) = e-6.6t  g,,(t) 

then 	G1(s) = Ge (s + o) 

Thus, if Gels) has a zero on the w-axis, Ci(s) has a zero at the same 

value of w, but with Re isl = Co. All the zeros of G1(s) and G2(s) 

have bandwidths of e-/T: = 100 Hz', and the asymptotic spacing of the 

zeros is 1/Tc = 167 Hz. 

• The zeros of G
1
(s) are all to the left of the coaxis and there-

fore gilt) i. a minimum phase pulse. G2(s) has all its zeros to the 

right of the w-axis and so g2(t) is a maximum phase pulse. Apart from 

a time shift, g2  is the time reverse of g1. 

Table 5.1 shows the duty ratio d for each pulse, where d = To/T. 

Pulse 4; has the same shape as g4 , but the duty ratio has been doubled 

by reduction of the closure time, thus h.avingthaperiod T. This was, 

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

results. 

5.3.2. Outline of ComputationnJ Procedure 

The computation of the tine f.inctions gm, gp, and gp  was done 

using a djj.tal comouter, and the r-sults 7:yare plotted with a CALCONP 

X-Y plotter. The sequence of computations is shown in figure 5.2 for the 
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g1  (t) = e
- cr o

t  (5-5cos ant/Tc) 

0 
	

Tc  

‘ai A Minimum Phase Pulse. 

Figure 5.1 Pulses g1  and g2  , and Their Zero Patterns. 
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case of g,. The functions gu  and gp  were computed in a similar meaner, 

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 dB/octave for frequencies 

around 1.5 kHz. Carr and Trill (0-4) measured long term glottal spectra 

for frequencies up to 3 kHz. Their results do not account for effects 

of higher frequency foments, but allowance can be made for these 

effects using Fant's correction (F-2, pp. 45, 51). When this correction 

is made, their results indicate.that a slope of -22 dB/octave is a 

typical slope at around 2.5 kHz. However, the log-magnitude plots for 

theglottalpulscsexaminedherel g-to gq,show that the curves flatten 

out at around 2.5 kHz (see figure 5.3). This.is explained by the fact 

that the pulses contain noise-like components which arise from the pres-

ence of random noise in the original speech, and from measurement noise 

introduced by quantising errors in the sampling procedure. For the 

inerosesofthisthesis, where the periodic components are being examined, 

it is better to filter out the noise as much as Pessible. -  A low pass 

filter of the "Henning" type was used (B-2); the time and frequency 

characteristics are shown in figure 5.4. The impulse response has about 

2.4 per cent overshoot and the effective width of the time window is 

about 0.5 milliseconds. For pulses 
1  to gts  a slightier different filter 

was used, which had a frequency response flat up to 1kHz then falling 

smoothly, according to a cosine curve, to zero at 3 khz. This produced 

noticeable overshoot of 13 per cent (C-3, p. 31); although this was not a 
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serious defect, it was decided to use the Hanning filter for the 

remaining pulses. 

The second derivatives gv(t), g (t) 

In order to display the properties of the waveforms g 1(t) and 

g(t) more clearly, their second derivatives were also. calculated. These 

were found by multiplying the spectra by -w2  before taking the inverse 

transform. Low pass filtering was employed in the manner described above.. 

The second der.vatives are especially useful for making detailed visual 

comparisons of gm(t) and g(t), particularly during the closure period. 

Fourier series analysis is used throughout, so that the computed 

results for gm, gp, and gp  all have repetition period T, the same as the 

original glottal wave. The waveformsactually computed are therefore 

the periodic waves e(t), em(t), ep(t) and ep(t), where 

	

e(t) = 	E 	g(t-kT) =-00 

	

em(t) = 	gm(t-kT) 

ro 

 

ep(t) =k E-00  gp(t-kT) 

00 

	

ep(t) = 	k  _ ce gp(t-kT) 

However, to simplify notation these periodic waveforms will be referred 

to as g, gm, gp  and gp  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 g1  to 
g9 
 are shown in figures 5.5 to 

5.13. Parts (a) to isf) of each figure show the results for g(t), g 1(t), 

g (t), gm(t), gp(t) and gp(t) respectively. 
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• 5.4. Discussion of the Pesults 

The results. for g, and g7  give an indication of the accuracy 

of the computational procedure. In the case of g,, which is a minimum 

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

Pulse. Cnmparison of parts (a) and (b) of figure 5.5 shows that this 

i6.the,case with good accuracy. Comparison of numerical values shows that 

over the entire period, including the clobure interval, the pulses differ 

by less than 1.6 per cent of the peak value. When the computation was 

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 
11 	tt 

(c) and (d) of figure 5.5 show the second derivatives g and gm, where 

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

very similar. 

For a minimum phase pulse, such as g1, the function gp  should be 

an impulse at t = 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 approxitation. 

Figure 5.6 shows the results for the maximum phase pulse g2. As. 

expected, gm  is the delayed time-reverse of g2, that is gm(t) = g2(Te  t). 

The- all-pass function gp  is a sharp pulse at the closure point t = Te  = 

6 milliseconds, which is also the expected result. The result for gp  

shown in part (e), is a waveform which is highly peaked near the closure 

point; this aspectis discussed later. 

100 

The results for the remaining pulses, g3  to g9, are shown in figures 
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5.7 to 5.13. It can he seen that in no cane does gl (t) canal g(t), 

nor does gp(t) equal an impulse at glottal opening. It is concluded 

from this that none of the pulses even approximately satisfy a min-

imum phase assumption. 

The pulses g3, g4, g5  and g6, which were obtained by inverse 

filterinP7, appear to be approximately maximum phase functions, the reasons 

being as follows. Each pulse has steeper slope near glottal closure . 

than near opening, and the second derivative is greatest near glottal, 

closure. These observations suggest that the point of maximum 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 maximum 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: 

gm(t) = g(-t).1  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 

derivatives g and gtm  , in parts (c) and (d) allows more detailed com7 

parison. The time reversal is almost exact for g4  and g6, but for 

g3 
  
and g. there are differences in the details of the second derivatives. 

Another way of testing the maximum phase assumption is to use the func-

tion gr,(t): it should 'be an i.mpulse at glottal closure. if the glottal 

rxlse is maximum phase. Innuection of parts (f) of the figures shows 

1 Time shifts are disregarded here (see Chapter 2.4). 
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that gp  has a single ,-)ositive pulse at closure in the cases of g4  and 

g6. For g3  and g5  there are sidelobes in addition to the positive 

pulse at closure. 

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

g7  g8  and g9. The second derivative g (t) is greatest at closure 

for each of these pulses. However the results for gm  and gp  show 

that these three pulses are not approximately maximum phase. 

In all cases the function g1, shown in part (b) of figures 

5.7 to 5.13, is a pulse of about the same duration as the original 

pulse g(t). It is shown below that this is consistent with represen-

ting the glottal pulse as the convolution of two pulses, one maximum 

phase and one minimum phase, as follows: 

g(t) = a(t) * b(t) 

G(s) = A(s) 	B(s) 

 

(5.14) 

 

where a(t) is a minimum phase pulse of duration TA  

b(t) is a maximum phase pulse of duration TB  

g(t) is the glottal pulse with duration Tc  

The duration of g(t) cannot exceed the sum of the durations of a(t) and 

b(t); this follows from the nature of the convolution integral. 

Therefore 

Tc  C TA  4. TB  

Furthermore, it is expected that the equality holds in most cases, that 
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.
s  2 

(5.15) 

If the above representation is valid, then g:(t) should also . A 

have duration equal to Tc; this can. be seen from the following 

argument. The Laplace transform Gm(s) has the same zeros as G(s), 

except that those in the right half of the 6-plane are shifted to the 

left half, as was explained in section 5.2. Therefore, from equations 

(5.14): 

G
M(s) = A(s) 	B(-s) 

hence • 	gm(t) = a(t) * b(-t) 

Consequently, gm(t) should have the same duration as g(t), namely 

TA 	TB* - Inspection of figures 5.7 to 5.13 shows that this is approx-

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

gm(t) as on g(t) for all pulses, except in the case of g6. In this 

case the closure interval was small to begin with; the low-pass 

filtering and computation error, due to the wide spacing of harmonics, 

probably caused the loss of the closure interval in gm. The above 

results are consistent with, but do not establish, equations (5.14) 

and (5.15). This subject is examined further in Chapter 7. 

5.5.  Some remarks 	about 	the all-pass function gp  

It-is relevant to later chapters to further discuss the function 

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

2 In some special cases, the result of convolving two functions 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 

phase. It *as shown in Chapter 4.3 that the point of maximum excita-

tion is at the beginning of a minimum phase pulse. Furthermore, it 

was shown in section 5.1 that ‘' c-D  is an impulse at the beginning of the 

pulse g(t). Therefore the above proposition is true in the case of 

the minimum phase pulse. 

Consider now the case of a maximum phase pulse, for which the 

point of maximum excitation must be at the end of the pulse. Choosing 

the time origin at the end of the pulse, then, from equation (2.34), the 

phase 0G  and the minimum phase AG  are related es follows: 

	

0G 	. G(co) 

Substituting this in equation (5.5) gives . 

GD(jw) = 
	2,06(63)] 

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

fluctuates about a constant integral multiple of n/2 radians: 

0'(m) N nn/2 , n integer. 

Therefore, at high frequencies 

	

GD(jw) 
	

exp [j 2nn/2] 

exp [j nn] 

= (-1)n  

For n even, GD(jw):.'..% 	so that all the high frequency components have 



nearly zero phase and will add to produce a positive peak at t = 0. 

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

Since t = 0 isithe Point of maximum excitation, therefore the above 

proposition should be true!  provided that sufficient high frequency 

components are included. 

Now consider the case where the point of maximum excitation 

is at the end of the' pulse, but the pulse is not a maximum phase 

function; hence there are some spectral zeros in the left half of 

the s-plane as well as in the right half. It was shown in Chapter 

4.3 that, for this case, the high frequency zeros must lie in the 

right half of the s-plane; therefore the left half zeros must occur 

at low frequencies. The effect of having a complex-conjugate pair 

of zeros in the left half of the s-plane, instead of in the right, 

is to change the phase 04 at high frequencies by 2n radians.3 A 

phase change of 2n radians does not affect the argument of the pre-

ceding paragraph; therefore gp  should be highly peaked in this case 

as well. When the point of maximum excitation occurs at the beg-

inning of the pulse, but the pulse is not minimum phase, a similar 

argument can be used to show that gp  should again be most highly 

peaked in the region of maximum excitation. 

From the above arguments it is to be expected that gp  will be 

more highly peaked near the point of maximum excitation than else-

where. However,. when excitation does not occur predominantly at one 

point, then the arguments are not valid. This is the situation when 

fricative excitation occurs throughout the glottal cycle. It is 

thought that this is the reason why, for the sample of pulses examined 

3  Nn real 	see 	4z4z 
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in this Chapter, the gp  waveforms were not always highly peaked 

near the point of glottal closure. As remarked in section 5.3.2, 

the waveforms contain random noise components, which mask the high 

frequency components produced at glottal closure. 

• 
Pulses gl  and g,

0 
 are the same except for duty ratio; com-

parison of their results gives an idea of the effect of duty ratio 

on the accuracy of the computations. The high duty ratio of 0.84 

for g6  does net greatly affect the results (see figures 5.8 and 5.10). 

In particular, both gp  waveforms have their largest peaks near the 

closure point. This indicates that, as a means of obtaining a ref-

erence marker at closure, the gp  waveform is useful even for large 

values of duty ratio..  

5.6. Summary 

• Methods of examining glottal pulses have been described which 

involve the computation of three time functions: gm, gD  and gp. 

These can be used to determine whether a pulse is a minimum phase 

function a maximum phase function, or neither of these. The 

methods suffer from the disadvantage that they do norprovide a useful 

way of quantifying the error in making a maximum phase assumption. 

The me.,:hods do have the advantage that only the principal values of 

phase are required. It is not necessary to include the correct mul-

tiple of .271 radians; consequently, shifting the position of the time 

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

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

of the pulses were even approximately minimum phase functions. The 
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pulses which were obtained by inverse filtering were approximately 

maximum phase functions. In Chapter 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. 

The all-pass function gp(t) has the property that it is more 

highly peaked near the point of maximum excitation of the glottal 

wave. This property is utilised in the next three chapters. 



CHAP  ii 	6  

EXAMINATION OF VOICED SOUNDS USING 

MINIMUg PHASE AND ALL-PASS FUNCTIONS  

6.1. General  

In this Chapter voiced sounds are analysed using 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 maximum 

excitation, which, as explained in Chapter 4.3, is the 

time when most of the high frequency energy is generated 

by the glottal wave. 

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

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 tr6.ct impulse 

response v(t): 

f(t) = g(t) * v(t) 
	 (6.1) 

F(jw) = G(jo) . V(jw) 
	(6.2) 

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

F(jw) = exp rf75,(w) 	j01,(4 

G(j03) = exp k(w) 	jOrr(wl 

V(jw) = exp [5r(w) 	j0v(w] 

The minimum phase curves, OF(w), AGM and 9v(w) 'are defined in terms 

of the corresponding log-magnitudes, aF, aG  and aV, in the manner des-

cribed in Chapter 2.4. Those logarithmic components are related by 

linear addition as follows: 

ioc.F(w) = aG(w) av(w) 

g = 0G(w) OV(w) (6.3) 
GF(w)  = G (w) 

Of the quantities appearing in equations (6.3), only three can be 

calculated from the speech waveform 	9F. Consider now 

the following time functions which are defined in terms of these 

three quantities: 

11 [fm(t)1Fmcjw) = 	= 	exp 	FcF(w) + j AF(4 	(6.4) 

J 	ffp(t)1 = FD(jw) 	= exp 0 . 15F(w) - eF(toD 	(6.5) 

I. tfp(t)1 = F a P (j 	= exp (j . b.(w) + AF(q) 	(6.6) . 

It can be seen that fM' fD and fP  are ddfined in an analogous manner 

to gm, ED  and gp, which were defined in Chapter 5.1. 

These functions have beenColputdd for a variety of sustained 

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

sounds used were of four male speakers, three English-speaking and one 



French-speaking, as shown in Table 6.1. 

TABLE 6.1 

DESCRIPTION OF SPEAKERS 
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Speaker 	Native Language 

GMC 

PJG 

pil  

CAV 

English:(Australian) 

U 	(Rhodesian) 

n 	(Midlands) 

French 	(Swiss) 

It was rossible to check the accuracy of the computations in the cases 

of the synthetic vowels, because for these vowels the correct results 

were known 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 4 kHz.1 The follow- 

ing additional points should be noted. 

(i) The synthetic vowels were generated in the following manner. 

The glottal wave g(t) was specified in the time domain, 

and the Fourier transform G(jc.)) computed. This was multi-

plied by the vocal tract transfer function V(jc.)) to give 

the speech spectrum F(jw); since V(s) was specified in terms 

of its poles and zeros (formants and antiformants), this 

was simply a matter of multiplying by the pole and zero 

factors in turn. 

1 Except for the synthetic vowels where a Hanning filter with a 3 kHz 
cut-Off frequency was used. 



(ii) Voiced sounds have a radiation zero 

Chapter 3.2). Before computing fm, 

zero was divided out by calculating 

the harmonic frequencies wn  = 2rrn/T 

at s = 0 (see 

fD  and fP'  this 

P.( iwn)/ jc1)1]. at 

for n = 1,2, etc. 
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Clearly it was not possiblo to do this for n = 01.where 

it was assumed that the result was the same as for n = 1, 

that is 

liM ,[1:00/A: = 
(:)0 ,-->   

F(jwi)hwi 	•(6.7) 

This assumption appears reasonable in view of the fact 

that P'(jw)h] is an even function. Furthermore, as 

w increases from zero, the falling glottal 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 recording arrangement is shown in 

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

conant pitch and intensity, at a distance of about five inches from 

the micropho”e. A.half inch capacitor microphone was used; this_was 

held so.that.the:speech_was incident at an angle of90 degrees to 

longitudinal axis of the capacitor microphone . This 'grazing! 

incidence gave a uniform frequency response up to 'about 20 kHz. The 

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

a speaking distance of five inches it was not expected that reverber-

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, showed no changes which could be correlated with 



FM taperecorder, 
(Gruel and Kjaer 
type 7004. 

Amplifier with 
pre-emphasis 
(see figure 6.2). 

Sound pressure level 
meter, (Gruel and 
Kjaer type 2603). 

Power supply, 
(Gruel and Kjaer 
type 2801). 

Analogue-
to-digital 
converter. 
(256 levels) 

,Alicronhoue, r  inch capacitor type. 
	 (BrUei and Kjaer type 4134) 

,,Cathodefollower amplifier. 
Gruel and Kjaer type.2615) 

Digital computer 
tape file. 

Figure 6.1 Equipment for the Recording of Speech Sounds. 



Gain 

(dB) 

60 

20 

6 dB/octave 
slope 

10.3 KHz 

10 2 	5 102  2 	5  103  2' 
Frequency 

( Hz) 

Figure 6.2 Frequency Characteristic of Pre-emphasis Network. 



these movements, suggesting that reverberation was not significant. 

It was found that the standard microphone. amplifier (Brilel and 

Kjaer•type 2603), which -wz used to measure sound pressure level, was 

not very suitable for use in the recording path, because its internal 

noise limited the dynamic range available. For this reason a preamp-

lifier was built, using a low noise type of transistor, which did not 

significantly add to the noise level from the cathode follower amplifier 

in the microphone unit (see figure 6.1). A simple pre-emphasis circuit 

was built with a 6 db/ octave slope up to 10.3 kHz as shown in figure 

6.2 Pre-emphasis gives better recording of the high frequency comp-

onents because these are of relatively low level in voiced sounds. The 

frequency characteristic of pre-emphasis can be written as 

AH/A1—j2n.10300/0 	(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. 

The sounds were recorded with a tape speed of 60 inches per 

second; this gave a frequency range of 0-20 kHz. The recorder used a 

frequency modulated system, which had the advantage that the tape could 

be played back at low speed without distorting the recorded waveforms. 

Low speed playback was necessary because the analogue-to-digital con-

verter had' a stampling rate of only 1 kHz. A playback speed of 1.5 

inches per second was used, giving a speed reduction factor of forty; 

therefore the effective sampling rate of the original speech was 40 kHz. 

The output from the analogue-to-digital converter was put onto magnetic 

tape for subsequent computer analysis. To check that errors had not 

123 
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occurred, the sneech waveforms were plotted and compared to oscillo-

scope waveforms of the original speech. Also sinuisoidal test waveforms 

were recorded at the start and end of each session as a further check. 

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

phonetic symbol, the sound pressure level and the word in which the 

sound occurs. Each sound was sustained for several seconds. About • 

a quarter of a second was converted into digital form. The sound pressure 

levels shover_ correspond to greater than average vocal effort, but not 

so loud as to cause strain or unnaturalness. 

• 
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TABLE 6.2 

THE VOICED SOUNDS .ANALYSED 

Phonetic 
symbol 

Word in which 
sound occurs Speaker 

Sound pressure level 
relative to 2::::10-5 
newton/metre2  (db) 

/1/ lee GMC 86 

/e/ stair u 95 

fie/ sat H 91 

/u/ boot IT 90 

/0/ . 
all 

. 
H 94 

/a/ father 11  93 

/m/ dam 	• u 86 

/n/ don II 87 

/V sing H H. 88 

/e/ bird (r not pronounced) It 90 

/a/ burn (r 	it 	H 	) v , H 88 

/3/ born (r 	" 	• 	n 	).  u 86 

A.  / • van " 
.... 	. 	. 88 

/a/ 

/e/,/0/1/e/ 

barn (r 	" 	If 
..._, 

as above, but recorded 

If 90 

at about 10dB lower 
level 

- 

. 
/0/ stair PTG ) 

) 
/e/ stair GR ) 

) 
/ce/ 	• un 	) CAV ) 

) ) 
/9/ bon 	) pronounced as II  ) 	between 

) in French ) 	85 and 90 
A? yin 	) II ) 

) ) 
/a/ bl-mc 	) " ) 



6.3. Non-nasal Vowels  

The function FM' defined in equation (6-4), can be expressed 

in terms of glottal and vocal tract components as follows: 

FM(jw) = Gm( jw)  • vm( jw) 
	

(6,9) 

where 
	

Gm(Jw) 	= exp [y:o 	jgG(w] 
VM(jw) . = exp 
	

j9v(61 

Using equati.:,ns (6.5) and (6.9), FD  can be written as 

F
D
(jw) 	F(jw) • 

 

 

FM(jw) 

G(jw) 	V(jw) 

  

GM(jw) . VM(jw) 

= GD(jw) . VD(jw) (6.10) 

where 	Gp(jO =,G(jw)/611(jw), VD(jw) = V(jw)/Vm(jw) 

For non-nasal vowels it was shown in Chapter 3.2 that the vocal tract 

is minimum phase; hence V(jw)• = VM(jw) and so VD(jw) = 

from equation (6.10): 

Therefore 

 

  

and so 
	

fD(t) = ep(t) 
	 (6.11) 

Therefore, the results for fp  should be the same as for the glottal' 

function 	which was calculated in Chapter 5 for glottal pulses on 

their own. 

The method was tested by computing fp  for the synthetic 

neutral vowel AV, as in "bird" with the r not pronounced. In this case 
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the vocal tract ismproximated 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 poleis of V(s) at sk  and 

* 
sk , where 

A radiation zero at s = 0 was also included in V(s). This vowel was 

generated for two different glottal pulses: the minimum phase pulse 

gl, and the maximum phase pulse g2. These pulses have already been 

defined in Chapter 5.3.1. The resulting synthetic vowels are shown 

in figure 6.3 and 6.4; a repetition period of 10 milliseconds has been 

used. The spectral magnitude aF  is the same in both cases, but the 

phase 191F is not. Since aF 
 is the same for both sounds, therefore so 

is the minimum phase 9F. 

The f waveforms for the two cases are shown in parts (c) of 

figures 6.3 and 6.4. Comparison of these waveforms with those of gp, 

which were obtained for- the glottal pulses on their own, (see parts 

(e) of figures 5.5 and 5.6), shows that fp;e gp  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 spoken vowels of 

about the same fundamental frequency. 

Figures 6.5 to 6.13 show the results for nine different examples 

. of. non-nasal vowel sounds. Part (a) of each figure shows the speech 

pressure waveform, and part (b) shows the all-pass function fp(t).
2 

2 Actually the periodic forms are shown - see Chapter 5.3.2. 
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(b) 

Figure 6.5 Original Speech Waveform and All-pass-
Function for /i/7  Speaker GMC . 

(a) 

(b) 

Figure 6.6 Original Speech and All-pass Function for /e/y  
Sneaker GMC 
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Figure 6.7 Original Speech Waveform and All-pass Function for /64.1/7  
Speaker GMC. 
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Function for ./e,/, Speaker GR. 
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For six out of the nine sounds the point of maximum excitation can be 

clearly identified as the point where the formant oscillations begin 

(all except 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 

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

the peaks of fp  are useful for locating the point of maximum-excitation, 

even when thi3 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 overa short interval. 

From equation (6.11), fp  = gp  for non-nasal vowels; therefore 

the results for fD' in part (b) of each fi8ure, correspond to the 

all-pass function gp. Hence the above results are in agreement with 

the proposition, put forward in Chapter 5.k, .that the peaks of gp  

occur near the point of maximum excitation. 

The above tests were repeated with the speaking level reduced 

by about 10dB for the vowels /e/, /a/ and /6/. The resulting fp  

waveforms were still highly peaked as above. 

The above ftiethod of obtaining "pitch synchronous" markers is 

closely related to a method described by Sondhi in 1968 (S-4), which 

he described as "spectrum flattening followed by a minimum phase corr-

ection to synchronise harmonics". By "minimum phase correction" he 

meant computing the minimum phase characteristic from the spectral 

magnitude, and subtracting this from the original phase characteristic. 

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 

f defined in equation (6.5). Sondhi applied this method to speech on a 



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 thesis, however, the method is applied on a pitch- 

synchronous basis, where a single period is analysed, with the 

object of obtaining a reference marker to assist in the choice of 

time origin. It was pointed out in Chapter 2.2.3. that phase errors 

equal to integral multiples of 2n radians occur unless the time 

origin is correctly chosen. These phase errors are not important in 

this chapter, because the principal values of phase are sufficient here. 

They are important in Chapters 7 and 8, where the time origin is chosen 

from the f waveform 

6.4. Nasal Consonants  

The function fD 

Spectral poles 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 fp  equals 

the glottal, function gp  as before, in accordance with equation (6.11). 

A synthetic consonant /M/ was generated, at a fundamental 

frequency of 100 Hz, using the maximum phase glotta2 pulse g2, defined, 

in Chapter 5.3.1. The vocal tract transmission had a radiation zero 

at s = 0, eight formants and one antiformant, the frequencies 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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TABLE 6.3 

FOPJ1ANTS AND ANTIFORMA NTS US :ED FOR SINTHES IS OF An/ 

	

Formant 	± 	Frequency 	Bandwidth 

	

number 	Hz 	Hz 

1 35° 	60 

2 900 6o 

3 1200 90 

2000 280 

5 2800 -170 

6 3600 170 

7 4400 170 

8 5200 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. 

The presence of the antiformant can be clearly seen in the magnitude 

characteristic. Part (c) of figure 6.14 shows the result obtained for 

fD' • comparison with the result for gD in figure 5.6(e) shows good 

agreement. This is further confirmation of the accuracy of the method-

of computing fp. 

The all-pass function f
D was computed for the spoken samples 

of nasal consonants /m/, /n/, and /)/, described in Table 6.2. Figures 

6.15 to 6.17 show the waveforms of f(t) and fp  for these three sounds. 
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The fD waveform is highly peaked in the cases of /m/ and /n/. As in the 

previous section, it can be seen that these peaks occur near the point 

of maximum excitation, which can he seen on the speech wave f(t); this point 

is marked with an arrow on the time axis,.as before. For /j/ the peaks of 

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 that the above results are for strongly 

• voiced sounds wherethelevel of,fricative and-measurement noise is 

relatively low. The test was repeated for /n/ at a reduced speech 

pressure level. The results are shown in figure 6.18, where part (b) • 

shows thatthepeaks of fp  are not confined to one region on the time 

axis. Examination of the c curvei'in part (c) of the figure, shows 

that only the first few frequency components are significant compared to 

the noise level, which, for this sound, is about -45 db relative to the 

fundamental component. As a result fD is riot a highly peaked waveform. 

On the other hand, the aF  curve for the more strongly voiced example, 

shown in figure 6.16(c), does not fall to the noise level until about 

4kHz. For this case the fD wavefOrmishighlypeakedlas was noted above. 

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 shows. 

From equation (6.6), Fp  can be written as 

1p%j 
/
wj 

= F(N) 

F1"7:-".j63) 



Substituting from equations (6.2) and (6.9), and putting s = jw, it 

follows that 

G(s) . V(s) 
FP  (s) •  

  

G1  (-s). Vm(-s) 

(6.13) 

where Gp(s) = G(s) / Gm(-s) and Vp(s) = V(s) / Vm(-s). 

The function G (s) has already been discussed in Chapter. 5; it was shown 

that gp(t) is an impulse 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-zero pairs. For each formant pole of V(s) there mill be a pole-zero 

pair in Vp(s), with the pole to the left of the w-axis; in the time 

domain this corresponds to the pr'esence of a damped exponential component 

in vp(t). The presence of an antiformant, or zero, in V(s)producesa'nole 

-zero pair in. Vp(s), with the pole to the'right of the w-axis; this 

corresponds to a non-causal component in vp(t) which increases exponentially 

with time (see Chapter 2.3). Itwasthoughtthatthis component might be 

visible on the f waveform. This idea was tried on the'synthetic /m/ 

sound, described previouslyin Table 6.3. The resulting waveforms are 

shown in figure 6,19(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 6/, which are shown in figure 6.19, 

confirm that this method of detecting antiformants is not satisfactory. 

6.5 Nasal Vowels  

The discussion of Chapter 3.4 showed that the vocal tract may 

have nonminimum phase transmission during nasal vowels. -'/hen non- 

minimum phase transmission occurs, then V(jw) / VM(MI  and equation (6.11) 
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is no longer valid. From equation (6.10) 

fD(t) 	gp(t) * v (t) 
	

(6.14) 

rn(s) = • GD(s) . VD(s) 	. 	 (6.15) 

Therefore when the transmission is non-minimum phase, fp  is not equal 

to gp, but is modified by the all-pass vocal tract function vp. For 

example, if V(s) has zeros in the right half of the s-plane at s =TA + jwA  

where °A  =.0'  then VM  (s) has zeros in the left half of the s-plane 

at s = - 	jwA. Therefore Vp(s), which equals V(s) / Vm(s), has 

right half zeros at s = oA + jw, , and has left half. poles at 

s = 	o A - j'A • These poles correspond to a damped oscillatory 

component in the time function vD(t). From equation (6. 14) it can be 

seen that this component would also be present in fD(t). 

From the speech pressure waveform f(t)it is possible to compute 

fD(t) directly, but not vp(t). This suggests a method for determining 

the presence of non-minimum phase transmission which involves looking 

for damped oscillations on the fp  waveforms of nasal vowels.' Since fp  

includes the glottal function gp  it is necessary to distinguish these 

oscillations from'the irregularities of the gp  waveform. 

This idea was tried out on a synthetic nasal vowel with a non- 
. 	. 

minimum phase vocal tract transmission function; The'same formants and 

and antiformant were used as .for /m/ in Table 6,3, except that the zeros 

were placed to the right of the co-axis-rather than the left. The 

maximum phase gloctal pulse g2  was used. The results are shown in 

figure 6.26. It can be seen that the speech waveform in part (a) of the 

figure is almost identical to that shown in figure 6.14(b) for which 

the vocal tract was minimum phase. The spectral magnitude for this 

nasal is the same as in figure 6.14(d). The result for fD' shown in 
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in figure 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 

damped oscillation on the fp  waveform, as predicted above. 

The method was also tried on the spoken nasal vowels of -two 

speakers. Speaker GMC pronounced the words: burn, born, van, barn (with 

the r not pronounced); the speaker tried to hold his articulation 

midway through the transition between the vowel and the following nasal 

consonant /n/. These nasal, vowels are written here as : /6/, /5/, //, 

. In the case of /g/ the transition was deliberately changed very 

slowly, with the fundamental frequency nearly constant. .The resulting 

waveform is shown in figure 6.21, wherea segment of half a second 

duration is shown. It can be seen that the waveform shows decreasing 

amplitude between t = 150 mS and t = 275 mS; this was attributed to 

the transition from vowel to nasal consonant. This was confirmed by 

listening to the sound while watching the oscilloscope trace. The 

region indicated on figure 6.21,near t = 200 mS, Was selected for 

investigation, and a single pitch period analysed. 

The Torench-speaker CAV uttered in turn the four nasal vowels 

contained in the phrase: un bon vin Blanc. Consultation of the booklet.  

publ3shed 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: /a;/, /o/, 	/;?. These vowels sounded 

somewhat similar to the four sounds pronounced by speaker GMC. 

The results for these eight non-nasal vowels are given in 

figures 6.22 to 6.29, where parts (a) show the speech waveforms and 

parts (b) show the results- for fp. Examination of the fDwaveforms 

shows that there is some evidence that non-minimum phase transmission 

has occurred. There are -damped oSCilluiduns un Lhe fp  waveforms for 



Region selected for analysis. 
f(t) (continued - note change in vertical scale) 

t= time 

475 	(MS) :325 	350 	375 	400 425 450 250 	275 	300 

225 	- (inS) • 125 25 100 150 75 

8 

t =time 
0 

f(t) = transduced pressure wave. Speaker GIN . 

Figure 6.21 Nasal Vowel During the Word "van" . 	Waveform shows decrease in amplitude correspOnding to the change 
from vowel to nasal consonant: /aV-4>/n/. The word was articulated 

. very slowly. This Nasal Vowel is written as /AV.' 



(a) 

t 
(mS) 000 14,0n 

-D(t) 
 

2590- 

-1580- 
0 00 12.00 

t 

16.00 . 	(mS) 4.00 9.00 

• (a) 

20.00 	(mS) 000 5.00 10.00 15.00 

000 5.00 10.00 15.00 20.00 

0, 

Note: inverted waveform. (t) 

(b) 

t 

°--(mS) 

148 

Figure 6.22 Original Speech Waveform and All-pass 
Function for /V, Speaker GM. 

-f(t) 	Note: inverted waveform. 

Figure 6.23 Original. Speech Waveform and All-pass 
Function for /5// , Speaker GMC. 



(a) 

0.00 ms) q .00 0,00 12,00 	16.00 

• 0 00 .  4,00 X0.00 12.00 16.00 

149 

(b) 

(a)  

fp(t)  

2680 
(b)  

-1810].  
0 00 	14.00 12.00 16.00 

Lef-vi 

0.00 

t 

(ms) 
• 

Figure 6.24 Original Speech Waveform and All-pass 
Function for / 	Speaker GMC . 

F; gore h_25 Ori 	Speech Waveform And All-pass 
Function for / a://, Speaker GMC 



(a) 

t 

(ms) 000 ti.00 6.00 12.00 16.00 

f(t) 

130 

(a) 

(mS) 0 00. 	q.00 
	

9.00 	12.00 
	

16.00 

-1890 

fD(t) 

2300- 
(b) 

t 

0 00 	14.00 6.00 12.00 16.00 	(mS) 

Figure 6.26 Original Speech.Waveform and All-pass 
Function for /6W, Speaker CAV. 

fD(t) 

1840 

-2390 	 
0 00 .•  12.00 	16.00  

-t 

(mS) 14.00 
	

6.00 

(b) 

Figure 6.27 Speech Waveform ,and All-pass 
Function for A/1 . Speaker OAV. 



151 

(a) 

0 00 	14.e0 	• 	0.00 	12.00 - 
t 

16.00 	(mS) 

t 
(ms) 

(a) 

fD(t) 

12.00 	16.20. 

(b) 

t 

(ms) 

2040 

-1880 

v 

000 	14.02 	fJ rin 

Figure 6.28 Speech Waveform and All-pass • 
Function for /V, Speaker CAV . 

Figure 6.29 Speech Waveform and All-pass 
Function for /g/f  Speaker CAV . 



152 

the sounds /e/ and /pa/ of speaker GNC (figures 6.22 and 6.24), and for 

/3/ and /V of speaker CAV (figures 6.27 and 6.29); in each case the 

frequency of oscillation is Lithe region of 2.5 kHz, The oscillations 

are not very. noticeable and it is possible that they correspond to 

irregularities in the glottal function gp(t); however they appear to be 

greater than the irregularities observed in the fp  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; 'once 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 transmission, the all-pass function fp  is identical to 

gp  , which iL. the.all-pass function calculated from the glottal pulse 

on its own. Therefore fD depends only on the glottal waveshape.
3 

The method Of computation was checked using synthetically 

generated sounds: two non-nasal vowels and one nasal consonant. The 

results indicated that the accuracy of the method was sufficient for 

the types of soundb analysed. 

For spoken sounds , both non-nasal vowels and.nasal consonants, 

the results were in agreement with the pro-oosition of Chapter 5.4 

that the largest peaks of fp  Occur near the point of maximum excitation. 

The 	waveform i.tas typically highly peaked. in a short interval near this point. 

Therefore the function fp  appears to be useful as a means of obtaining 

3The glottal waveshape is influenced to a certain bythe loading of the 
vocal tract (Chapter 4.1). Therefore fp is not completely independent 

of the vocal tract characteristics. 

e,)t(e4A-r- 
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a clear referenda marker near the point of maximum excitation. 

For speech• sounds where excitation of the vocal tract does not 

occur principally at a single point during the glottal cycle;  it 1.6 

not to be expected that the peaks of fp  will be confined to a short 

interval. This situation arises when the sound is weakly voiced, and. 

the fricative and measurement noise components are at a relatively 

high level. This was illustrated in section 6.L. with a nasal consonant 

whose spectral components of frequency greater than 1 kHz were mainly 

due to noise: for this case the fD waveform was not highly peaked. 

For nasal consonants the method of using the all-pass function 

f to detect antiformants was tried; it was not successful because the-

formant contribution, masked the result. Perhaps this could have been 

anticipated . but the additional work to do this experiment was nbt great 

and, so it. was considered worthwhile investigating and reporting this . 

method. 

When the vocal tract has non-minimum phase transmission, the 

all-pass function function 	reflects not only the glottal characteristics 

but the non-minimum phase transmission as well. This was illustrated by 

the synthetically generated sound for which the vocal tract 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 for the 

sample of spoken nasal vowels showed evidence of non-miuimum phase 

transmission, but it was not very strong evidence. 



CHAPTER 7 

DECONVOLUTION OF GTOTTAL PULSES INTO  

MINIMUM PHASE AND MAXIMUM PHASE PORTIONS 

7.1 General  

The results of Chapter 5 suggest that glottal pulses are 

typically maximum phase functions. The three functions used in 

Chapter 5 - gm, gip  and gp  - were fairly easy to compute but they 

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 applied to the examples of glottal pulses listed in Table 5.1. 

7.2 Theory  

The method relies on the determination of the maximum 

phase and minimum phase 'portions' of g(t); the glottal pulse. g(t) 

is represented as the convolution of two functions a(t) and b(t): 

g(t) = a(t) * b(t) 	(7.1) 

or 	G(jw) = A(jw) . B(jw) 	(7.2) 

where a(t) is a minimum phase function 

and 	b(t) is a maximum phase function 

The spectra can be written in terms of their log-magnitudes and 

phases: 

15L 
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G(jw) 	exp [G(6)) 	j C4G(w)  

A(jw) 	exp [aA(w) -F j 0A(w) (7.3) 

B(jw) 	exp [o:B(w) + j 0B(w) 
J 

The minimum phase curves, OG, OA  and OB, can be computed from the 

corresponding amplitude characteristics in the manner described 
. 	. 

in Chapter .2e4. The log-magnitudes and phase characteristics are 

related by simple addition: 

• 
(7.4) 

(7.5) 
(7.6) 

aG(w) = .aA(w) 	aB(w)  

OG(w) = 0A(w) 013(6) 

0G(w) = 0A(0 B 

From the definitions of a(t) and b(t) it follows that 

0A (w) 

OB(w) 	-0B(w) • 

(7.7) 
(7.8) 

(7-9) 

(7.10) 

Substitution from these equations into equations (7.5) and (7.6) 

allows the phase curves 0.A  and 0B  to be separately determined: 

0A(w) = 2 PG(w) 0G(w)] 

013(w) = 2 PG(0) - 8G(4 )] 

Since a(t) is minimum phase, therefore the amplitude aA  can be 

found from the phase OA using the Hilbert transform equation given 

in equation (2.30).)  thus 

aA (w) = aA(0) 2w2 

0 

OA(x) 

x(x2  w2) 
dx 	(7.11) 

 

Therefore A(jw) anda(t);can be.found apart from an unknown multi- 

plying factor corresponding to the unknown constant aA(0). Farthermorel b(t) 

can be found from B(jw) = G(jw)A(jw). Therefore, it is possible 



to 'deconvolve' g(t) into the maximum phase and minimum phase 

portions a(t) and b(0.1, 2  Since a(t), and hence b(t), can only 

.be found to.within an unknown multiplying factor, therefore, only 

the shapes of these functions can be found and not their absolute 

values. 

It is important to note that the integrand of equation 

(7.11) contains 0A  (w), which is the continuous single-valued phase 
function, defined in Chapter 2.2.1. It is not sufficient to use 

the principal values of phase, which lie in the range -n to n; the 

phase values must be 'unwrapped' in the manner described in Chapter 

2.2.2. Large errors occur when this is not done, as is shown later. 

7.3 Homomorphic analysis  

A mthod of speech analysis, closely related to the one 

described in the previous section, has been described in several 

recent esticles (B-4, 0-1, 0-2, N-1). This method, called homo-

morphic analysis, is described here by applying it to the convolution 

equation (7.1). -Let 8(jw) be defined as the complex logarithm of 

thespectrum G(jw): 

= a (0 j 0(w) 

A 	 A 
Let g(q) be the inverse Fourier transform of G(jw): 

g(q) = cji 	tliog 	g( -b)111 	 (7.12) 

2 It is assumed that the integral in equation (7.11) exists. In 
speech work, where only a limited range of frequencies is considered, 
it is possible to ensure the existence of the integral by assuming 
thn.t Wm) i c yr,rn,tin,,.1 to tA 	 v.ang og 4nte,,,t 
Appendix B). 

1% 

a(jw) = Log G(jw) 

1 
The term 'portion' is used to distinguish these two functions from 

gp  and gp, which were used in the previous two chapters. 



Conversely, 

 

= 

 

g(t) (7.13) 
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similar manner.—Some 

new words have been coined by researchers in an attempt to avoid 

confusion in terminolo 	A 
gy:.g(q) is.called.the.icomplex.cepstruml,.. 

and the independent variable q, which has the dimensions of time, 

is called the 'quefrency' 

Taking logarithms in equation (7.2) it follows that 

Log G(jw) = Log A(jw) + Log B(N) 
6 	A 	A 

therefore, 	G(jw) = A(jw) + B(jw) (7.14) 

This is equivalent to equations (7.4) and (7.5), because the real 

and imaginary parts of the L g function are the amplitude and phase 

respectively. Taking inverse. Fourier transforms in equation (7.14)-

it follows that 

g(q) = kq) + b(q) 

This shows 

addition. 

on q-axis 

A 
where b(q) 

separately 

because 

that the individual complex cepstra combine by linear 

This property is useful when it is known that the regioA 

ghere a(q) is non-zero dors not overlap with the region 

A 	 A 
is non-zero, because it enables a(q) and b(q) to be 

determined. This situation occurs in the present example 

g(q) = 0 	forq4.0 

b(q) = 0 	for q 	0 

 

(7.15) 

 

This can be established from the properties of the Laplace transfomsA(s) 

The functions 
A 	A, 
a(o) and b(q) are defined in a 
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andB(s) as 	The roles of A(s) occur at both the poles and 

A . 
zeros of A(s); since a(t) is minimum phase, it follows that A(s) has no 

poles in the right half of the s-plane. As was explained in 

Chapter 2.3, this is sufficient to establish the causality of a(q) 

provided that the high frequency behaviour is such that A(jca)-:›- 0 

as wa.00. 3 A similar argument, using the fact that b(t) is maxi- 
A 

mum phase, can be applied to show that b(q) is anticausal; thus 

equations (7.15) are established. 

A 
Equations (7.15) enable g(q) and b(q) to be separately 

determined, except'at q = 0, and so it is possible to find a(t) 

and b(t) from equation (7.13). The ambiguity at q = 0 corresponds 

to the fact that a(t) and b(t) can only be 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 implement using a digital computer. The latter 

method was the one which was used because programs already developed 

for the experiments in Chapter 5 and 6 could be used with only 

minor modifications. Both methods require the correct 'unwrapping' 

of the phase values; it turned out that this was not easy to achieve 

and that incorrect unwrapping produced large errors. In view of 

this it was not considered worthwhile to compare the - two methods 

in matters such as computation speed, but rather to concentrate 

on finding ways of reliably estimating the values of phase OG. 

3  Actually, a sufficient condition is A(N)-4.- a constant as co--›-00 , 
because the constant only affects the value of a(q) at q = 0. It 
Is explained below this value cannot be determined anyway. 



7.4 Experimental method  

The flow chart of the analysis is shown in Fig. 7.1. The 

spectrum of the glottal pulse was calculated and th.a log-magnitude 

aG(wn) and the principal values of phase.0G(6)n) found at the har-

monic frequencies w
n = 2nn/T, for n = 0, 1, 2, etc. The minimum 

phase values 0
G  (w.).were•found from aG(6)n). values in the manner 

given in Chapter 2.5. The unwrapping algorithm described in 

Chapter 2.2 was then used to findj6
G(wn

) from 0 (w n). Equation • G   

(7.9) was used to find 0A(6)n)' and a
A(4)n) was calculated from equation 

(7.11). The program used to evaluate equation (7.11) is described 

in Appendix B. Only those values of 0.(6) 
n) below 2 kHz were used 

in the evaluation because the higher components were more likely 

to be affected by random noise. Above 2 kHz it was assumed that 

0A(w) was proportional to w, that is 

0(w) =(o ) for w > w 41. A L 	L 

where 	w = 2n . 2000 . 

When aA and 0A  were found, aB and 0B were determined from equations 

(7.4) and (7.5); a(t) and b(t) were then calculated as in Fig. 71. 

The effect of shifting the time origin was studied. A 

shift of time origin introduces an additional linear phase com-

ponent into 0G(w). • From equation (7.9) .it can be seen that half 

of this component appears in. 011(w), so that it is also present 

in the numerator of the integrand in equation (7.11). However, 

this linear phase component makes zero net contribution to the 

integral (refer B-1, p 335) and consequently has no effect on. the 

value of aA(o); therefore, in theory the choice of origin is im-

material. However, in practice the choice of time origin is of 
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I 
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b(t) = maximum phase 
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Figure 7.1. Flowchart of Deconvolution Method. 



great importance because, as was explained in Chanter 2.2.3, it 

can determine whether or. not the phase values are unwrapped 

correctly. 

The results for each pulse were checked by repeating the 

calculations with the val::e of T doubled; this was done by keeping 

the pulse duration constant and increasing the interval of zero 

glottal flow between pulses. The harmonic frequencies wn  = ann/T 

became more closely spaced, so that correCt'Unwrapping of the 

phase values was more likely to be achieved. The new results 

were"compared to the original ones: if the results were different 

then the calculation was repeated for larger values of T until • 

consistent results were obtained. These consistent results were 

taken to be the correct ones. 

The calculations were also repeated for all pulses using 

a slight variation in the method. The maximum phase log-magnitude 

aB(w) was computed from its phase characteristic OB(w). Since 
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OB(w) = -0B
(w)
' the Hilbert transform equation (2.30) yields 

Co 

oc.BM = aB(0) 	
033(x)  

n j x(x2 w2)  
0 

dx 

This method of computing aB  from OB, rather than aA  from 0A, pro-' 

duced only slight changes in results; this indicates that the 

methods are about equally suitable. 

7.5 Exterimental results 

The deconvolution method was applied to the nine glottal 

pulses listed in Table 5.1"- FirSt -it Wasapplied to the synthetic"'" 

pulses g1  and g, in crder to test the accuracy of the method. In 



the case of2' r7 which is a maximum phase pulse, the result that 

should be obtained is 

b(t) = g2(t) 

a(t) = S(t) 

where 
	

g(t) = unit impulse at t = 0 ) for pulse 2 

cx.A(w) = constant 

The results which were obtained are shown in F.ig. 7.2 where both-

b(t) and aA(w) 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 - 0.5 dB in the range 0 to 4 kHz. This is the computational 

error of the method in this case. 

The effect of the sampling rate was investigated by repeat-

ing the calculations with a 40 kHz rate instead of 25.6 kHz. This 

caused negligible change in the results, indicating that the 

sampling rate of 25.6 kHz was adequate. ihe effect of halving the 

fundamental frequency was investigated by keeping the duration Tc  

constant and doubling the period T; thus the duty ratio became 0.3 

instead of 0.6. This reduced the computational error so that 

aA(0 fluctuated t 0.2 dB about a constant value in the 0 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 

of time origin: ?,5 mS, 5 mS and 7.5 mS prior to the end of the 

pulse. The 'results for the 2.5 mS case were identical to those 

above. For the 5 mS and 7.5 mS cases the results were grossly in 
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error vith the (1:. (w) curves 	 creater than 

40 dB instead of being nearly constant. The cause of these errors 

was found to be failure of the unwrapping algorithm. It was 

explained in Chapter 2.2.3 that this happens when the additional 

linear phase shift causes some, but not all, of the first differ-

ences Alwn) to have magnitude greater than it radians, and this 

was called type II failure It was verified that this was the 

cause of errorby computing the phase values with the origin at 

closure, unwrapping these values, and then adding a linear phase 

component equivalent to the time origin 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 

demonstrates that the most vulnerable part of the deconvolution 

method is the unwrapping procedure. The results also support the 

suggestion made in Chapter 4.3 thatin order to avoid unwrapping. 

errors, a good choice of time origin issthe point of 'maximum' 

excitation' Of the glottal wave. In the case of g2  this point 

is at closure the end of.the pulse. 

The results for the minimum phase pulse gl  are not plotted 

here because they are the same as for g2  except that the roles of 

a(t) and b(t) are interchanged: 

a(t) = gl(t) 	) 
) 

b(t) = SG.) 	 ) 
) 

(w) = constant 	) 

for pulse gl  

Fig. 7.3 shows the results for pulses g3, g
4 
and g

5 
 - the 

pulses which were obtained by inverse filtering of spoken sounds; 

ge  is identical to 64  exC:upt; 	(hay .catiu, and so iLs vesulLs 
O 



are not shown. The results for p are shown in part (b) of the 

figure where it can be seen that the maximum phase portion is 

nearly identical with the original pulse, that is '.(t)zg4(t).4  

Furthermore, aA(w) is constant to within - 0.8 dB in the range -

0 to 2.5 KHz, which shows that g4  is very nearly a maximum phase 

pulse.. Examination of the results for g
5 

in part (c) of the 

figure shows that b(t) is similar to the original pulse and that 

aA  (0 deviates - 3.5 dB in the range 0, to 2.5 KHz. Part, (a) of 

the figure shows that b(t) shows little resemblance to the original 

pulse g3, and that aA(w) varies - 21 dB. The results for these 

three pulses are in .general afi:reqment . with'those of Chapter 

5.4 'which indicated that the pulses are approximately maximum 

phase, the approximation being best for g
4 
and worst for g_. 

The pulses g7, g8  and g,, which were generated by a com-

puter simulated mechanical model of the larynx, have their results 

shown in Fig. 7.4. In all three cases b(t) has little resemblance 

to the original pulse, and the all(w) curves all show deviations of 

about - 20 dB. Clearly, a maximum phase -Ssumption for these 

pulses would be grossly in error. The aB(w) values were also 

calculated for these pulses; examination of these showed deviations 

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 g3, g
4 
and g

5 
 .were 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 

4 The orip,inal pulses are shown in parts (n) of Figs_ 5,5 to  5,13, 
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4  
aA(w) - aA(0) 
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Figure 7.2 Deconvolution of the Maximum Phase., Pulse 
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i b(t) 
	 i aA(w) 	aA(0) 

(a) Results for g7  using duty ratio' Tc/T = 0.32.  

(b) Results for g3  using duty ratio Tc/T = 0.31 

aY 

(c) Results for g9  using duty ratio Tc/T = 0.30 

Note: b(t) is the maximum phase portion of the pulse; 
aA 	is the log-magnitude of.the minimum phase 

portion of the pulse. 

Figure 7.4 Deconvolution of Pulses g7, g81  g9  . 



the -pulse incorrect results were obtained in each case; it was 

necessary to halve the duty ratio to get correct results again. 

This illustrates the importance of choosing the time origin near 

the point where the glottal wave derivatives show greatest discon-

tinuityywhich for these cases is at the end of the pulse. For the 

pulses g7, g8  and.g9.two choices of time origin were tried - at 

the end of the pulse and near the Middle - but correct results 

.were not obtained at the -:aloes of.duty ratio given.in Table 5.1. 

This illustrates the situation, discussed•in Chapter 2.2.3, where 

the phase curve is so irregular that type II failure in the 

unwrapping procedure occurs no matter how the time origin is 

chosen. To obtain correct results-  for these pulses the duty 

ratios had to be halved. 

In Chapter 5.4 it was suggested tilat it is reasonable'to 

expect that a pulse g(t) should have duration equal to the sum of 

the durations of the two component pulses a(t) and b(t); from 

equation (5.15): 

Tc  = TA 	T
B 
	 (5.15) 

where 	TC  is the duration of 

TA 
II II 

TB 	
If 	If 	 II 	Ir 

g(t) 

a(t) 

b(t) 

This waainvestigated for all the glottal pulses and the results 

are given in Table 7.1. 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 satisfied, ex 	that TA + TB excceds T by about 0.7 mg 
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Table 7.1 

Durations of Glottal Pulses compared to Durations 
of Maximum Phase and Minimum Phase Portions. . 

Pulse 
TA 

(mS) 

T
B 

(mS) 

TA  + T B 

(mS) 

TG 
, 

(mS) 

g 0.6 6.o 6.6 6.o 

g3  2.1 3.7 5.8 5.1 

4 0.6 4.1 4.7 4.2 

g5 0.8 4.0 4.8 4.1 

g7 1.6 5.6 7.2 6.4 

g$  2.7 3.5 6.2 5.4 

g9  2.7 4.4 7.1 6.4 

in each case. This is due to the 3KHz filtering of a(t) and b(t) 

which increases their durations slightly.. 

7.6 Summary  

The method of deconvolving glottal pulses into minimum phase 

and maximum phase portions has been described and applied to 

several examples. The most difficult problem in the application of 

the method is the unwrapping of the phase curve; a failure in this 

produces large errors in the results. Once the phase curve has 

been determined the methoa works well. The unwrapping difficulty 

can be reduced in 	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 varying 

phase curve. 
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For the glottal pulses g3, gond g5, which were obtained by inverse 

filtering of spoken sounds, the best choice of time origin was near 

the end of the pulse, this being the point of closure of the vocal 

folds. 

The method of this chapter enables the error of making a 

maximum phase assumption to be measured. The assumption was reasonably 

good in the cases of g4  and g5; these pulses showed steep slope at 

the point of closure, which is a property of maximum phase pulses 

(see Chapter 4.3). The other pulse obtained by inverse filtering, 

g3, was not maximum phase. This pulse contains significant noise 

components, which, it is considered, would produce spectral zeros 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 VOW MS INTO MINIMUM 

PHASE AND MAXIMUM PHASE PORTIONS  

The deconvolution method described in the previous chapter 

is applied here to voiced sounds; the examples used are one synthetic 

vowel and two spoken vowels„ The minimum phase .portion of the vowel is 

compared to the tract characteristic5computed 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 f(t) due to a glottal pulse g(t) is given 

by the convolution equation 

f(t) = g(t) * v(t) 	(8.1) 

where v(t) is the impulse response of the vocal tract (refer to 

Chapter 3.1). Let f(t) also be represented as the convolution of 

a minimum phase function a(t) and a maximum phase function b(t) as 

follows: 

f(t) = a(t) * b(t) 
	

(8.2 

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 consonants, the naximum phase por-

tion b(t) contains no vocal tract contribution; 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 portion.of the 

glottal pulse; in fart a(t) is the convolution of v(t) and the 

minimum phase portion of the glottal pulse. 

In the idealised case where the glottal pulse g(t) is 

maximum phase and the vocal tract transmission v(t) isminiMumaphase, the 

decohvolution method separates g(t) from v(t). In this situation 

the following equations apply: 

v(t) 

g(t) 

= 

= 

a(t) 

b(t) 
(8.3) 

Under these circumstances the deconvolution method is equivalent 

to the inverse filtering method described in Chapter 4.1.2. In 

this chapter, the amount of error in assuming the validity of equations 

(8.3) is investigated for two samples of lion-nasal vowels. 

One difficulty in applying the deconvolution method to 

voiced sounds is that only the periodic wave c(t) is known, where 

00 

c(t) = 	f(t - kT) 
	

(8.4) 
k= 

Therefore, as explained in Chapter 2.1, the spectrum'of f(t) can 

only be calculated at the harmonic frequencies wn  = 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 value of T. In particular, it is not 

possible to check the unwrapping of the phase values in this 

manner. This difficulty appears to have been overlooked by pre-

vious workers in this field (Oppenheim et al, 0-1, 0-2); their 

approach (0-1, p 1270) was to evaluate the spectrum of the function 
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kt) . (3.5) 

 

   

where w(t) was a Harming 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(t)I was 

evaluated at more closely spaced values of frequency; consequently 

the unwrapping of these phase values was not difficult. They used 

the unwrapped values as estimates of 01,, the spectral phase 

of f(t). However, there appears to be no basis for assuming that 

the values obtained in this manner will coincide with the desired 

phase curve 0
F(w). This can be seen when the discussion of 

Chapter 2.2.2 is recalled. It is only possible to compute the 

principal values of phase pv(wn) at the harmonic frequencies 

wn = 2mn/T for n = 0, 1, etc; for each value of n, OF(wn) and 

PF(con) differ by an integral multiple of 211 radlanS: 

OF(con) = pf(wn) 4- 2n Kn 	(8.6) 

where K
n = integer, n = 0, 1, etc. Different sets of Kn values 

Correspond to different OF curves; hoWever, the Kn  values have no 

effect on the periodic function c(t) and neither do they affect 
• 

Pt).c(t] .  Therefore, the phase curve of [w(t) .c(t)' is not 

relevant to the choice of the K
n, despite the fact that it has 

closely spaced frequency components which are easy to unwrap. 

In Chapter 2_2.3 it was established that the ywn) can 

be successfully determined by unwrapping the values pF(wn), if 

and only if both the following conditions are satisfied: 

. 	A region exists on the time axis where the time origin 

may Ty. cthrIP.n w4thnut ralicing typ. TT 
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2. The time origin is chosen in this region. 

For speech sounds it is not possible to influence the first con-

dition (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 

which was suggested in Chapter 6.2, that is, in the region 

where the all-pass function fD(t) is highly peaked. For the 

two examples of non-nasal vowels which- are analysed here, this 

region occurs near the point where the formant oscillations can 

be seen to begin on the speech waveform, and this is the point 

of maximum excitation. 

Pitch measurement  

The analysis in this thesis is 'pitch synchronous', which 

means that only.one 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 automatic method of measurement is desirable. One method 

of pitch measurement, described by Noll (N-1) is of interest here 

because it is related to Eomomorphic filtering discussed in 



Chapter 7.3. The method uses the 'cepstrum' which differs from 

the 'complex cepstrum' in that the phase data are disregarded. 

The cepstrum of f(t) is 

i~l LaF( ) 
	

cepstrum 

whereas 
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complex cepstrum 

Therefore, the difficulty of dealing with the phase 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).cq has periodic 

ripples spaced at 1/T Hz; consequently the cepstrum has a strong 

component at quefrency q = T seconds. The method is based on 

detecting this component, and measuring-the value at which it 

occurs. By shifting the window w(t) along the time axis and 

repeating the calculations, it is possible to track pitch vari-

ations in real time. 

8.2 Experimental Results  

The deconvolution of vowels was implemented using basically 

the same procedure as in Chapter 7.4, except that it was first 

necessary to divide out the radiation zero; this was done in the 

manner described in Chapter 6.1. Spectral values up to 6 kHz 

were used; beyond this frequency the asymptotic ar.proximations 

given in Appendix B were used for 011. and aA. A Harming low-pass 

filter with a 6 kHz cut-off frequency was used for the resulting 

waveforms. 
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Deconvolution of a S7nthetic Vowel  

The method was first tried on the synthetic vowel 

generated in the manr,Jr described in Chapter 6.3. The vowel tract 

had a radiation zero at s = 0, and formant poles at sk  and sk 

where 

s 	= -25 	j 500 (2k -,l) 
	

Hz 

The glottal pulse g2  was used, with a repetition rate of 100 Hz. 

Since the vocal tract is minimum phase and the glottal pulse is 

maximum phase, therefore the results should agree with equations 

(8.3). The results obtained are shown in Fig. 8.1, where part 

(a) shows the glottal pulse, part (b) shows the speech pressure 

wave at the output of the vocal tract, and part (c) shows the 

all-pass function 	defined in Chapter 6 	fp  should be the 

same as the glottal function 	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 fp  is 

highly peaked near t = 6 mS, the closure point of the glottal 

wave. 

The deconvolution method was tried using four different 

choices of time origin; these are marked (1) to (4) on part (c) 

of Fig. 8.1. Parts (d) and (e) of the figure show the results 

when the origin was chosen at either (3) or (4), which are near 

the peaks of fp. Part (d) shows aA(m), the log-magnitude of 

the minimum phase portion. For comparison av(m), the vocal 
• 	 . 	, 

tract characteristic, is plotted on the same axes; this was 

Strictly speaking it is the periodic function cp(t)= EfD(t-kT) 
( see Chapter 5.3.2) 	 k=-(6 



fD(t) 	 Note: Harming low-pass filter cut-off at 3KHz. 

(1) 	(2) 	(3) (4) 

-10 
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g(t) = maximum phase pulse g2  -- see table 5.1 . 	(a) 
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Figure 8.1 !)econvolution of Synthetic Vowel /d /. 



calculated from the nositions of the formant poles and does not 

include the radiation zero. The difference between the two curves 

represents the compuLtion error: agreement is good at low fre-

quencies, and the formantpeaks.cbincideibut at high frequencies aA  

exceeds au. The maximum phase portion b(t), shown in part (e), 

is similar to g(t); since the high frequency components of g(t) 

are at low level the above-mentioned high frequency error does 

not show. 

Part (f) of Fig. 8.1 shows the result for b(t) with the 

origin chosen at the point marked (1),on- part (c); it can be seen 

that this result is grossly in error; the result for aA  (not 

shown) has errors of more than 80 dB. When the origin is at (2), 

large errors also occur. 

This example illustrates that the deconvolution results 

are only correct for certain choices of time origin; this con-

firms the theory of Chapter 2.2.3. Furthermore, it supports the 

approach of choosing the time origin near the peaks of the all-. 

pass function fp. 

Deconvolution of Spoken Vowels  

The deconvolution method was also tried on two samples of 

voiced sounds: /e/ ar.d ,4a, speaker GMC. The results are shown 

in Figs..8.2 and 8.3, where parts (a) and (b) show the time wave-

form and the spectral magnitude respectively. Parts (c) show 

aA' the log-magnitude of the minimum phase portion, and parts (d) 

show the maximum phase portion b(t). 

The 'glottal-like appearance of b(t) in both cases 

suggests that the method has achieved approximate separation of 
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f(t): speech pressure wave, Speaker GMC . 
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aF(0-ctp(n.): spectral magnitude relative to fundamental 

Note: the spectral zero due to 	• (b) 
radiation was not divided 
out before plotting this graph. 
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the glottal source g(t) from the vocal tract characteristic v(t). 

This is supported by the fact that the peaks in the aA  curves in 

parts (c) coincide with the peaks in the av  curves in parts (b). 

The formant frequencies, estimated from the peaks in aF, are-

shown in Table 8.1. These values are fairly typical for these 

sounds (F-8 p 131). 

Table  

Formant Frequencies of /e/ and /m/  

Note: formant frequencies are in hertz. 

1 0, 

Formant 
number 

Formant 
frequency 

1 430 

2 1820 

3 2480 

4 3450 

/e/ 

Formant 
number 

Formant 
frequency 

1 640 

2 1480 

3 ' 230o 

4 3400 

fie/ 

Pant has shown that the vocal tract transmission can be calculated 

from the formant frequencies with good accuracy up ..to 21:'kHz, pro-

vided that a correction is made for the omitted high. frequency 

formants (F-2, pp 48 - 51). His method was used to determine the 

av  curves using the formant frequencies in Table 8.1, assuming 

100 Hz bandwidths for all formants (seeparbs(c) of Figs. 8.2 and 8.3). 

Comparison of ail  with av  shows that for both sounds the 

curves agree in general shape, with the formant peaks coinciding. 

At high frequencies there is a large difference in both cases, 

with a. n-rannairs ay,Part of thi= 	 C311sed A 



by the computation error observed in the case of the synthetic vowel; 

the remainder is due to the fact that aA includes the minimum phase 

portion of the glottc; pulse 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. whidhuses 

this assumption. Furthermore, if there was a tranmission zero in 

the right half of the.s-plane, it would not appear in the minimum 

phase portion a(t); since a zero produces a rising high frequency 

characteristic, 'the exclusion of a zero from the minimum phase 

portion would cause aA  to be less than ay. This is contrary to. 

the above results, which suggests that for these sounds V(s) was 

minimum phase. The fact that 	exceeds av  is consistent with 

the interpretation that some glottal zeros have been included in 

the minimumHphase portion. 

The above results for the two spoken sounds were obtained 

with the time origin chosen near the peaks of the all-pass 

.function fp: for these sounds the peaks were very clear (see 

Chapter 6.3). For both sounds the deconvolution was repeated 

three times with the time origin shifted from the above position 

by TA, T/2 and 3T/4. The results were completely different 

from those shown in Figs. 8.2 and 8.3; these new results were 

rejected because the aA curves did not show all the formant 

peaks of a-. These results confirm that deconvolution is un-

likely to be correct unless the origin is chosen near the peaks 

of the fD wave.. 
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3.3 Surr'estions for  Imuroved Phase Curve Determination  

It is considered that the major source of error in the 

deconvolution method is the determination of the phase values 

OF(wn), and that this aspect requires improvement before further 

progress can be made. The unwrapping technique requires that 

the phase is a slowly fluctuating functionoffrequency; there are three 

sources of fluctuation in pc( ): 

1. The glottal phase 00(w); 

2. The vocal tract phase O(w); 

3. 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 %(on
) instead of ywn), where 

	

X(w) = OF( w) - F(co) 
	

(8.7) 

and 0
F  is the minimum phase of the speech f(t).

2 
Assuming a minimum 

phase vocal tract, % contains only a glottal contribution because 

V(w) = Ov(w); therefore 

	

OG(w) - OG(w) 	(8.8) 

This leaves source number 1, the glottal contribution; since the 

glottal wave varies in shapes  so will the X(w) curve. Consider 

x(w) which represents an 'average' %(w) curve; this could be 

determined experimentally by analysis of a large sample of glottal 

2 A dnnn rot irtrnducA 	un1nown  multiples of 231 radians 
because it is computed as a single valued function from a

F 



-oulses. Further, let se(w) be defined as the deviation from this 

average curve: 

IS 	74(0) - V(,)) 
	

(8.9) 

It seems plausible that ‘6 would show significantly less fluctu-

ation than X and would, therefore, be suitable for the unwrapping 

procedure. Substitution from equation (8.7) into equation (8.9) 

yields 

Uw) = OF(w) - AF(w) - VW) 
	

(8.10) 

Combining the suggestions made above, it is proposed 

that the following procedure would lead to more reliable deter-

mination of the phase values F(wn): 

1. Choose the origin near the peaks in the 	wave 

as before. 

2. Calculate the principal values of phase ywn), 

and the spectral log-magnitude aF(wn). 

3. Compute the minimum phase OF(wn) from the ap(wn). 

Using predetermined values of ,,calculate the 

Values of Pwn) - OF(wn) - Jawnd.. 

5. Apply the unwrapping algorithm to these values to 

obtain the /c(co
n
). 

6. From equation (8.10) determine the values of 017(%). 

It should be noted that the values of 5F  (wn  ) - 0F(wn) - 
7((1/n) are not necessarily principal values, which lie in the 

range -g to n. Care should be taken that the unwrapping algorithm 
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is sufficiently general to deal with this situation. The algorithm 

used in this thesis (Chapter 2.2.2 and Appendix A) is suitable, 

but the one 'given in Robinson's book is not (R-2, p 65). 
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CHAPTER 9 . 

CONCLUSIONS 

9.1 Discussion of Previous Chapters  

It was pointed out in Chapter 2.1 that the spectrum of 

a periodic voiced sound can only be determined at the harmonic 

frequencies, if the acoustic waveform is the only source of data. 

The principal values 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 response produced by an isolated glottal 

pulse. The 'unwrapping' method of determining these values, 

which relies on the phase curve being a slowly fluctuating 

function of frequency, has been examined. Correct results can-

not be expected from this method unless attention is given to 

the choice of origin on the time axis; indeed, it was shown in 

Chapter 2.2.2 that, 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 results'. 1  

In Chapter 4.3 theoretical consideration of the high fre-

quency properties of glottal 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- 

:mum discontinuity. This point normally occurs at glottal closure. 

Except for the trivial c,=s,,  noted :;n Chapter 2.2.2. 
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It was arFited in Chanter 5.5 that the all--bass function r7p, calcu-

lated from the glottal wave, should have a waveform which is highly 

peaked at the point of maximum excitation, provided that excitation 

elsewhere is relatively small. Furthermore, for voiced soundS 

other than nasal vowels, the all-pass function fn, calculated from 

the speech wave, is the same as gp.• Therefore, on'theoretical 

groUnds, it was expected that 	and 	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 glottal pulses obtained by inverse filtering 

were examined. The sample was too small for generalisations to be 

made, but the experiments were useful in comparing different 

methods of investigation. The peaks of the 	waveforms 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 closure, and thus reduced the sharpness of the peaks in gp. 

Consequently, for the tests of voiced sounds, fairly strong 

voicing was used,as a means of reducing the relative level of 

the random noise, which comes from fricative sources and measurement 

errors. 

In Chapter 6 the voiced sounds of four male speakers were 

analysed. For most of the sounds the f
D waveforms were highly 

peaked in a narrow region on the time axis. In some cases it was 

possible to verify that these peaks marked the point of maximum 

excitation,because this point could be clearly seen as the start 

of formant oscillations on the speech waveform. It is suggested 

that the highly peaked nature of fp.may make it useful for 
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automatic selection of the time origin. 

It was shown in Chapter 4.3 that when the point of maximum 

excitation is at glottal closure the high frequency spectral zeros 

lie in the right half of the s-plane; this is a necessary but not 

sufficient condition for the glottal pulse to be maximum phase. 

Methods of investigating the validity of making a maximum phase 

assumption for glottal pulses have been described in Chapter 5 

and 7. The methods of Chapter 5, which involve computing minimum 

phase and all-pass functions, have the advantage that the princi-

pal values of phase can be used; however, the methods only give 

a qualitative idea. of the error in making a maximum phase assump-

tion. The method of Chapter 7, where the pulse is deConvolved 

into 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 2m radians. 

This is not a great disadvantage because the results can be 

'checked by repeating the calculations with the spectrum evaluated 

at more closely spaced values of frequency. 

The results of both Chapters 5 and 7 showed that the • 

pulses obtained by inverse filtering were approximately maximum 

phase; the presence of random 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 approximately minimum phase; however, the accuracy of the 

model is not known. 

In Chapter 8 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 
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correctly determin,?0, nrovideJ that the tine orir7n iri.n c?Ionen in 

a region near the point of maxirum discontinuity; this region was 

found to correspond to the peaks in the fp  wave. dhen the origin 

was chosen away from this region the results were grossly in" 

error; the reason for this was incorrect determination of the 

phaSe Valueb by the unwrapping technique. 

The deconvolution method was also applied to two samples 

of spoken vowels. In .each case the result for the minimum phase 

portion 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 

when, as above, the time origin was chosen near the point of 

maximum excitation as indicated by the all-pass function fp. 

The formant peaks 'were clearer on the minimum phase portion than 

on'the spectral 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-

imate separation of the glottal pulse anu the vocal tract trans-

mission flinction,,  the main source of error being that the glottal 

pulse is not exactly maximum phase. 

The deconvolution method developed in Chapter 7 has the 

same objective as Oploenheim's method of Homomorphic filtering: 

to - separate the speech into maximum phase and minimum phase 

portions. The methods differ in implementation because the former 

method requires the minimum phase curve to be calculated, whereas 

the latter requireJ. " 	• the 'complex cepstrum' to be found. Neither 

method seems to have much advantage over the other because both 

have the fundamental difficulty that the phase values must include 
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the correct multiple of 21 radians. It appears that this diffi-

culty, and the importance of proper choice of the time origin in 

reducing it,.have not been recognised before. It 	felt that 

the presentation in.Chapter 7 is simpler than Opnenheim's, and 

that it uses more widely known ideas. 

9.2 Surestions for Further Work 

The work of this thesis was to a great extent dictated.  

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 greatly improved with the installation of a 

medium-sized computer with analogue-digital interfaces. Conse-

quently larger quantities of speech can now be analysed. With 

'on-line' operation the researcher can observe results and 

immediately adjust parameters. This interaction means that 

operations which require human intervention, such as inverse 

filtering, can be conveniently undertaken. The improvement in 

facilities makes possible the investigation of the following 

suggestions. 

.1. 	It would be useful to examine 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, 

described in Chapter 8, needs to be improved. The greatest 

weakness is the determination of the phase curve, especially for 

higher pitched feuiaiC voices where the harmonics are more widely 
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snacea thrm for the rale voices analv.oed in this thesis. The 

suggestion made in Chapter 8.3 should be useful in this respect. 

The method also needs to be improved in accuracy at high fre-

quencies, but it is considered that this is a minor problem in 

comparison with the above. Inverse filtering is suggested as 

the tostaccurate.way of checking the results. 

3. It is considered that the deconvolution method could be 

more useful'when used'in cOmbinatiOn With the technique of 'pole-

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 achieved. 

A major difficulty is the large number-of-zeras-required;-an 

this has hindered efforts to automate the procedure (M-4). The 

deconvOlution method would be useful in this respect because it 

enables the maximum phase portion of the glottal pulse to be 

divided out, thus removing the glottal zeros which lie in the 

right half f the s-plane. Since it appears that'this is where 

most of the zeros lie, the remaining minimum phase portion would 

have considerably less zeros than the spectrum of the speech. 

Therefore, the minimum phase portion would be more amenable: to 

pole-zero analysis. The procedure envisaged is as follows: 

(a) Use 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 



as a result of (a) would make the deconvolution more 

accurate. 

(c) Apply the pole-zero analysis technique to the minimum 

phase portion. 

The constraints on low frequency zeros developed by this author 

in Chapter 4.4 would simplify the determination of the zero' 

positions in the pole-zero analysis method. 

). A difficulty with channel 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 retained because vocoders are 

directed to reproducing the spectral magnitude 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 

gD waveforms described in Chapter 5. In this way the phase of 

the reconstructed speech would be more similar to that of real 

speech- This may improve the quality of the synthesised speech 

because the ear is not entirely insensitive to 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 	automated • 

speaker identification (F-5, p 111; H-If). Glottal wave shape is 

probably difficult to change at will and perceptually not of 

major importance; consequently, glottal data should be useful 

for makingimpersonation difficult. When the vocal tract is 

twiyrimuln yllwarin 	r11 -1-1-1:14  function g .de crihe in Chapter  6 
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is entirely determined by the share of the Glottal 	f is 

easy to compute and it should be suitable for investigating 

glottal wave variations between speakers. The maximum phase 

portion of the speech could also be used, but this is more diffi-

cult to calculate. 

6. 	The occurrence of non-minimum phase transmission during 

nasal vowels does not appear to have been thoroughly investigated 

yet. Such an investigation might lead to an improved method of 

detecting non-minimum phase transmission than the one used in 

Chapter 6.5. 
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APPENDIX A  

PROGRAM FOR 'UNWRAPPING' PHASE VALUES 

The initial set of phase values, in radians, is placed in 

the array A(i), i = 1, 2, ..., N. The program changes these 

values, where necessary, by adding or subtracting integral multi-

ples of 2n so that the final set of values satisfies 

I A(1) - 	- 1)1 < N for i = 2, 3, 	N 

The value of A(1) is not changed. The program, in Fortran, is 

given below.:  

SUBROUTINE SMOOF(A,N,KUNIT) 
C 	KUNIT=O UNITS ARE DEGREES, KUNIT=1 RADIANS. 
C 	A(I), I=19N PHASE IN DEGREES (OR RADIANS).' 
C 	VALUES OF A(I) ARE INCREMENTED BY MULTIPLES OF 360 DEGREES 
C 	TO SATISFY - ABS(A(I)-A(I-1)) 0LE• 180 (OR PI) 
C . 	A(1) IS NOT CHANGED 

DIMENSION A(1) 
PI2=360.0 
IF(KUNIT .E0.. 1) PI2=8.0*ATAN(1.0) 
DO 1 I=29N 
DIFF=A(I)-A(I-I) 
NPI=ABS(DIFF)/P12 	0.5 

1 A(I)=A(I)-.SIGN(P12IDIFF) 	FLOAT(NPI) 
RETURN 
END 
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.APPENDIX B 

COMPUTATION OF SPECTRAL MAGNITUDE AND PHASE 

FOR MINIMUM PHASE FUNCTIONS 

I Phase Computed from MafTitude  

For a minimum phase function the spectral phase 0 can be 

calculated from the spectral log-magnitude a, using the following 

relation given in Chapter 2.5: 

0(w) = 0,(w) + 02(w) 
(B.1) 
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where 
w L 

0 (co)  = 2w 	a(x) - a(w)  ax  
i n 	2 2 

X .- 6) 

02(w) = 
2 
TC 

a(x) - a(w)  dx 
2 2 x - w 

(B.2) 

01 is calculated from measured values of a. The term 02  represents 

the contribution of frequencies higher than wL' Beyond wL it is 

assumed that 

a(w) = a(61) + b.loge(w/WL), w > col; 	(B:3) 

This is the approximation used by Bode (B-1, Chapter 15); he 

showed that 

    

0 ( ) = T Ca a(w)] . loge  
w+ wL  
w - wL b.B(w/b.) 

    



where 	B(y) 

195 

Bode also showed that B(y) can be conveniently ca]-mlated from 

the following power series 

B(y) = 	(y + y3/52  + y5/52  + ...) 
	(B.4) 

Using Raabe's test (H-2, p 121) it can be shown that the series 

converges provided lyl C 1. Whenly1 	1, then 11ty 	1;- 

using the Zollowing relation 

B(y) = It/2 - B(l/y) 

it is, therefore, possible to find B(y) for all values of y from 

the power series (B.4). The series converges slowly when lyi is 

near to 1, and Bode gave a method of overcoming this difficulty: 

"When 

When 

the series (B.4) is used. 

B(y) is calculated from 

7: 
-
1  B(y) = 	— 	4 loge 

1 
1 y 

 

.loge  iy I - B 1 + y 

   

   

The series (B.4) need never be evaluated for an argument greater 

than if  1, because 

0 	g- 1 when ,y) 	12- 1 

The subroutine I4PH1 and the function BOD were written to 

perform the above calculations; copies of the Fortran listings 

are attached. 



Annlication to nlottal pulses and voiced sounds 

At high frequencies the magnitude of the glottal spectrum 

decreases at about 10 to 22 dB/octave (see Chapter 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 minimum phase, the local ripple 

was not taken into account, because Tc was not usually known. 

The high frequency slope was assumed to be -18 dB/octave, or 

b = -3. 

For voiced sounds the effect of the vocal tract should 

also be taken into account. The high frequency approximation 

where the formants are equally spaced at 1 kHz, gives a spectral 

magnitude with periodic ripple, and with zero average slope (F-2, 

p 50). Thi.:; suggests b = 0, but this corresponds to 0(w)= 0 at 

high frequencies. A more realistic phase value is -5n radians 

at 5 kHz, corresponding to five formant frequencies in the range 

0 to 5 kHz. A choice of b = -12, giving an asymptotic phase 

shift of -6n, was found to give good accuracy over 0 to 5 kHz in 

the case of the synthetic AV vowel described in Chapter 6.3. 

Combining both the glottal pulse and vocal tract, the overall 

value was b = -3 -12 = -15. This method of choosing.the value 

of b was also used for the spoken vowels. The value of b was 

not critical for most applications, since it only affected the 

phase of high frequency components, which were usually of low 

magnitude. 
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• II - 	,, Co from Phrl 

Given the phase 0 of a minimum phase function, the magni-

tude a can be found to within an unknown constant a(0), using the 

following relation from Chapter 2.4: 

a(w) a(0) = 

This can be written in the form 

00 

- 1 [a(w) cx(Od 	= 	2w 	I 0(x)/X - 0(w)/w  ax  

0 
2 2 x w 

(B.5) 

The addition of the term 0(w)/w makes no net contribution to the 

integral. It can be seen that the righthand side of equation 

(B.5) has the same form as that of (B.2). This means that the 

same programs, MPH1 and BOD, can be used. A difficulty is to 

decide how the high frequency contribution should be estimated: 

In Chapter 7, aA, the spectral magnitude of the minimum phase 

portion, was estimated from the phase 0A• It was assumed that 

0A(w)/W was constant for high frequencies; this is the phase 
zuelA •• • 

characteristic of an impulse function. This assumptionAfound to 

give good accuracy when tested with synthetic pulses., In lhapter 

8 the same assumption was used for voiced sounds. The tests with 

the synthetic vowel showed that aA  was overestimated at high fre-

quencies, although the general shape of the aA  curve was correct. 
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SUBROUTINE MPHI(ALPHA,LP1+B+THETAIKPlIKERR) 
C 
	

THE MINIMUM PHASE THETA(I) IS FOUND,FOR A TRANSFORM OF GIVEN 
C 
	

LOG—MAGNITUDE ALPHA(1)1 UNDER THE CONSTRAINT THAT THE 
C 
	

INVERSE TRANSFORM IS A CAUSAL TIME FUNCTION. 
C 
	

THE COMPLEX SPECTRUM IS CEXP(CMPLX(ALPHA(I)+THETA(I))). 

C 	INPUT 
C 	LP1 IS THE NUMBER OF VALUES OF ALPHA GIVEN NUMERICALLY+ 
C 	MINIMUM VALUE OF LP1 IS 2. 

ALPHA(I), 1-1 	LP1 MUST BE SPECIFIED (NEPER) 
C 	FOR I *GT. LP1 THEN IT IS ASSUMED ALPHA(I)=A+B*ALOG(I-1), 
C 	 WHERE A=ALPHA(LP1) — B*ALOG(LP1-1). 
C 	B=FINAL SLOPE OF LOG—MAGNITUDE AT HIGH FREQUENCIES. 
C 	KP1=REQUIRED NUMBER OF THETA VALUES+ NOT LESS THAN LPlo 
C 
C 	OUTPUT 
C 	THETA(I) I—I 	Kpl, MINIMUM PHASE (RADIAN).. 
C 	KERR =0 NO ERROR DETECTED+ =1 INPUT ARGUMENT ERROR. 
C 	SUBROUTINE BOD(X) REQUIRED. 
C 

'DIMENSION ALPHA(1)+THETA(1) 
C 	CHECK FOR ERRORS IN ARGUMENTS 

KERR=1 
IF( LP1 .LT. 2 ) RETURN 
IF( KP1 eLTo LP1 ) RETURN 
KERR=O 

PI=3.1415927 
K=KP1-1, 
L=LP1-1 
.LM1=L-1 
LM2=L-2 
LL=L*L 

C 	SHIFT ALPHA SO THAT ALPHA(LP1)=0.0 
AL=ALPHA(LP1) 
DO 20 I=1+LP1 
ALPHA(I)=ALPHA(I)—AL 

20 CONTINUE 
C 	NOW A=—B*ALOG(LP1-1) 
C 
C 	CALCULATE INTEGRAL UP TO START OF LOG RANGE'''.  

THETA(1)=0.0 
THETA(LP1)=0.0 
IF( LM1 .LT. 1 ) GOTO 31 
DO 10 I=1,LM1 
IP1=I+1 
ZIL=ALPHA(IP1)/FLOAT(I*I—LL) 
THETA(LP1)=THETA(LP1) ZIL 
THETA(IP1)=ZIL/2.0 

10 CONTINUE 
31 CONTINUE 

C 
IF( LM2 .LTe.  1) GOTO 32 
DO 11 1=1+LM2 

IP1=I+1 
DO 12 J=IP1+LM1 
JP1=J+1 
ZIJ=CALPHA(jP1)—ALPHA(IP1) )/FLOAT(J*J—II) 
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THETP(JP1)=THTAIJP1)-7! J 
THETA(IP1)=THETA(IP1)+ZIJ 

12 CONTINUE 
11 CONTINUE 
32 CONTINUE 

C 
DO 13 I=loL 
THETA(1+1)=THETA(I+1)*FLOAT(I)*200 

13 CONTINUE 
C 
C 	ADD THE ZOI*I 

DO 15 I=loL 
ZOI1=(ALPHA(14-1)—ALPHA(1) )/FLOAT(I) 
THETA(14-1)=THETA(1+1)+ZO1I 

15 CONTINUE 
C 	ADD THE ZII*I*2 

IF (LM1 eLTe 1) GOTO 33 
DO 14 I=1,LM1 
ZIII2=CALPHA(I+2)—ALPHA(1) )/2e0 
THETA(I+1)=THETA(14-1)+ZIII2 

14 CONTINUE 
33 CONTINUE 

ZLLI=—ALPHA(L)/2s0 
THETA(LP1)=THETA(LP1)+ZLLI 

C 	CONTINUE CALCULATION OF TRUNCATED INTEGRAL FOR . I oGTo L 
IF ( 	K el-To LP1 ) GOTO 36 
DO 16 I=LP1oK 
II=I*I 
YOI=—ALPHA(1)/FLOAT(II) 
THETA(14-1)=Y0I/2e0 

IF( LM1 *Lie 1) GOTO 34 
DO 17 J=leLMI 
YJI=ALPHA(J+1)/FLOAT(J*J—II) 
THETA(1+1)=THETA(I+1)+YJI 

17 CONTINUE 
34 CONTINUE 

THETA(I+1)=THETA(I+1)*FLOAT(2*I). 
16 CONTINUE 
36 CONTINUE 

C 
C- 	•ADD EFFECT OF HIGH FREQUENCY TAIL • 

IF(LM1 eLTe 1) GOTO 35 
DO 19 I=11LM1 
THETA(14-1)=THETA(I+1)+ALPHA(I+1)*ALOG(FLOAT(L—I)/FLOAT(L+1)) 

19 CONTINUE 	• 
35 CONTINUE 

C 
DO 21 I=1,K 
THETA(I+1)=THETA(I+1)/PI 

21 CONTINUE 

DO' 22 I=loK 
THETA(14.1)=THETA(I+1)+B*BOD( FLOAT(I)/FLOAT(L) ) 

22 CONTINUE 
C 	RESTORE SPECTRUM LEVEL 

DO 23 I=1oLP1 
ALPHA(I)=ALPHA(I)+AL 

23 CONTINUE 
RETURN 
END 
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FUNCTION BOD(X) 
C 	FINDS INTEGRAL FROM 0 TO X OF (I/RI)*(1/T)*ALOGC(14T)/(1—T) 
C 	MAXIMUM ERROR 4.0E-05 

P1=341415927 
Y=ABS(X) 
IF (Y oGTo 1.0) GOTO 1 
IBIG=O 
GOTO 2 

1 IBIG=1 
Y= 1“1/Y 

2 CONTINUE 
C.  

IF (Y oNEe 100) GOTO 
BOD=PI/4 o0 
GOTO 8 

3 CONTINUE'-— 

IF (Y .GT. 0.414) GOTO 4 
N=0 

Z=Y 
GOTO 5 

4 N=1 
Z= (1.0—Y)/(1o0+Y) 

5 CONTINUE 

BOD = 2e0*(Z 	Z**3 /900 4- Z**5/25o0 ) 

IF (N oEQo 0) GOTO 6 
BOD.= PI**2 /4.0 	BOD 	ALOG(Z)*ALOG(Y) 

6 IF (IBIG oEQo 0) GOTO 7 
BOD= PI**2 /2o0 — (30D 

7 BOD=BOD/PI 
8 BOO=SIGN(BOD,X) 

RET1JRN 

END 

C 

C 

C 

C , 

C 

• 



APPENDIX C  

GLOTTAL DFASE Am HTGH FREQUENCIES 

: Consider a pulse g(t) which is zero outside the range 

t1  < t < tK. The Fourier transform is 

 

K 
g(t). e jtat  dt G(jw) = 

  

ti  

Let it be assumed that the first n - 1 derivatives are continuous 

functions; therefore, 

g(i)(t ). = 0 = g(i)(tK) 
	

(0.2) 

for 
	i = 1, 2, ..., n-1 

Integrating equation (C.1) by parts n times, and noting equation 

(C.2), gives 
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G(jw) 

 

K 

t1 

(n), 	1 g 	kt),e--wl;  dt - (0.3) (ion 

Assume that g(n)(0 is discontinuous, with the points of discon-

tinuity occurring at times contained in the set of valu's ti, 

i = 1, 2, ..., K. Furthermore, let these values b: ordered such 

thattl <t2 <t-etc. Divide the range of integration in 

equation (0.3) as follows: 

r(4 1 

	

. 	 . 

	

K..' 	t 1+1  
_..1 	7, 	f 	(n),.. 

. 
e-161t 

	

(jw)n  t.-1 	t. 	

g 	k ti dt (e.LE) 



K-1 

[i 
\/> 	g(n)(t Le-jwti+1  _ g(n) 
i=1 	1+1 

g(n+1). e-jwt dt 

G(jw) 	1 	 (ju)n+1 

, Letg(11)(t,--)andp7(11)(t.-0 be resnectively the values of g(n) tt) 1 

just before and just after ti. The difference between these values 

is the discontinuity at t = ti; this is defined as 

(n) (n), 	(n 
lt.+) - g ), kt. -) 

Integrating equation (C.4) by parts: 
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(c.5) 

Provided that g 
(111-1)/ 

‘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)  Lt
1 
-) = 0 = g(n)  ( tK +), 

 

equation (C.6) becomes 

   

G(N) - 	1
g (n) e 	1  -jwt. 
. (jw)n+1  	1 

i=1 

(0.7) 

Let the largest discontinuity occur ab t = tm; furthermore, let 

the time origin be chosen at this point, so that tm  = 0. Conse-

quently, equation '(C.7) becomes 

K 
(n) 	( 	-jwti 

gm 	. e 
1  

. i=1 
i/M 

The term in square brackets has a real part of constant sign, pro- 

vided that 
• 

G(jw) 1  
( jw)n+1 

  

 

(c.,8) 

 



Conssouent17, the rhase anle of this tern vo.,-ies less than t 7V2 

radians. The term.(1/jw)
n+1 

has a constant phase angle equal bo 

an integral multiple of n/2 radians. Therefore, the phase angle 

of G(jw) varies less than ± n/2 radians about a constant valUe, 

provided that the origin is chosen at the point of greatest clis-

continuity, and provided inequality (C.8) is satisfied. 
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