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A B S T R A C T 

The p o s s i b i l i t i e s o f e x p l o i t i n g two d i f f e r e n t a p p r o a c h e s t o 

t h e l o w - b i t - r a t e c o d i n g o f s p e e c h s i g n a l s a r e examined . The p o s s i b i l i t i e s 

r e l a t e t o t h e d o m i n a n t c o e f f i c i e n t Hadamard t r a n s f o r m c o d i n g 

t e c h n i q u e and t o a t i m e - d o m a i n c o d i n g t e c h n i q u e . The a i m i s t o 

d e v e l o p s i m p l e c o d i n g t e c h n i q u e s f o r t h e t r a n s m i s s i o n o f speech a t 

r a t e s b e l o w 1 b i t p e r s a m p l e , w h i l s t m a i n t a i n i n g i n t e l l i g i b i l i t y 

and n a t u r a l n e s s o f t h e coded s p e e c h . 

I n t h e f i r s t p a r t o f t h e t h e s i s , an e x t e n s i v e r e v i e w o f p r e v i o u s 

w o r k i n t h e f i e l d o f speech c o d i n g i s p r e s e n t e d . 

The Hadamard t r a n s f o r m c o d i n g a p p r o a c h i s examined and two 

t e c h n i q u e s a r e i n v e s t i g a t e d w h i c h a r e a imed a t i m p r o v i n g t h e sys tem 

p e r f o r m a n c e a t l o w - b i t - r a t e s ( b e l o w 6 k b i t s / s e c ) . One t e c h n i q u e 

c o n s i d e r s t h e p o s s i b i l i t y o f f u r t h e r e x p l o i t i n g t h e r e s i d u a l c o r r e l a t i o n 

b e t w e e n t h e d o m i n a n t c o e f f i c i e n t s o f speech segments i n t h e Hadamard 

domain , and t h e second t e c h n i q u e i s c o n c e r n e d w i t h r e d u c i n g t h e e f f e c t s 

o f s p e c t r u m a l i a s i n g and d i s c o n t i n u i t i e s i n t h e Hadamard t r a n s f o r m 

coded speech , 

A new t i m e - d o m a i n c o d i n g t e c h n i q u e i s t h e n d e v e l o p e d . The 

t e c h n i q u e has many o f t h e b a s i c c h a r a c t e r i s t i c s o f w a v e f o r m c o d i n g , 

b u t i n f o r m a t i o n i s n o t t r a n s m i t t e d e v e r y s a m p l i n g i n s t a n t . The work 

on t i m e - d o m a i n c o d i n g i s d i v i d e d i n t o f o u r p a r t s . I n t h e f i r s t p a r t , 

a new t i m e - d o m a i n p i t c h p e r i o d d e t e c t i o n a l g o r i t h m i s d e v e l o p e d , and 
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t h e second p a r t c o n s i s t s o f a s e r i e s o f e x p e r i m e n t s on t h e ' v o i c e d ' 

p o r t i o n s o f t h e speech w a v e f o r m i n w h i c h t h e q u a s i - p e r i o d i c n a t u r e o f 

t h e w a v e f o r m and a s m a l l number o f f e a t u r e s o f t h e wave form a r e s t u d i e d 

w i t h a v i e w t o e f f e c t i n g b i t - r a t e r e d u c t i o n . I n t h e t h i r d p a r t , a 

new method o f c l i p p e d u n v o i c e d speech r e g e n e r a t i o n i s examined , and 

i n t h e f o u r t h and f i n a l p a r t , a c o m p l e t e t i m e - d o m a i n c o d i n g t e c h n i q u e 

i s d e v e l o p e d , w h i c h o p e r a t e s a t an a v e r a g e b i t - r a t e o f 7 . 6 k b i t s / s e c . 

Waveforms o f o r i g i n a l and p r o c e s s e d speech , s p e c t r o g r a m s , and r e c o r d e d 

u t t e r a n c e s a r e p r e s e n t e d and d i s c u s s e d . 

The f i n a l p a r t o f t h e t h e s i s i s d e v o t e d t o c o n s i d e r a t i o n o f a s p e c t s 

r e l a t i n g t o t h e b u f f e r i n g o f v a r i a b l e - r a t e d a t a s o u r c e s . E s t i m a t e s o f 

c o m m u n i c a t i o n d e l a y s and b u f f e r s i z e s a r e o b t a i n e d f o r z e r o - c r o s s i n g s -

based speech c o d i n g schemes and f o r t h e t i m e - d o m a i n c o d i n g t e c h n i q u e 

d e v e l o p e d i n t h e t h e s i s . 
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I N T R O D U C T I O N 



CHAPTER 1 

INTRODUCTION 

Speech is a remarkable and unique communication means used 

by man - the most effective mode of conveying his thoughts and 

ideas to other human beings. It results from longitudinal 

vibrations in the air medium induced by specialised movements of 

man's respiratory and masticatory apparatus. Such acoustic waves 

are perfectly adequate as a means of communication between humans 

as far as face-to-face conversation is concerned. For long-

distance communication, however, an effective representation of 

the naturally produced acoustic waves had to be invented. This was 

accomplished by transforming acoustic waves into electromagnetic 

waves, an invention which marked the birth of telephony. 

The growth of population, and an increasing need for more 

efficient means of speech communication over long distances 

stimulated investigation into analogue techniques which would make 

it possible to transmit speech information using a much reduced 

spectrum. With the advent of digital techniques research has 

mainly concentrated on the digital coding of speech for a variety 

of reasons, to be explained later in this Chapter. 

When using digital facilities, the transmission of the speech 

information is described in terms of the number of bits per second 

necessary for the information to be transmitted. This is referred 

to as the necessary transmission bit-rate. The problem of finding 



e f f i c i e n t means f o r c o d i n g s p e e c h c o n s t i t u t e s a p a r t i c u l a r l y 

complex p r o b l e m s i n c e a compromise b e t w e e n b i t - r a t e ( o r b a n d -

w i d t h ) r e q u i r e m e n t s , t h e c o m p l e x i t y o f t h e c o d i n g and d e c o d i n g 

o p e r a t i o n s , and t h e q u a l i t y o f t h e s i g n a l t h u s p roduced must be 

r e a c h e d . C l e a r l y , t h e r e f o r e , t h e r e e x i s t s no s i n g l e answer - e a c h 

p o s s i b l e s o l u t i o n o f f e r s d i f f e r e n t a d v a n t a g e s . 

T h i s i n t r o d u c t o r y C h a p t e r i s d i v i d e d i n t h r e e p a r t s . F i r s t l y , 

some o f t h e e s s e n t i a l b a s i c c h a r a c t e r i s t i c s o f t h e speech s i g n a l 

a r e c o n s i d e r e d . T h i s i s t h e n f o l l o w e d by a b r i e f d i s c u s s i o n o f 

t h o s e p r o b l e m s r e l a t e d t o t h e l o w - b i t - r a t e c o d i n g o f speech , on 

w h i c h t h e m o t i v a t i o n and scope o f t h e r e s e a r c h work r e p o r t e d on i n 

t h i s t h e s i s was b a s e d . F i n a l l y , i n t h e l a s t p a r t o f t h e c h a p t e r , 

a b r i e f o u t l i n e o f t h e o r g a n i s a t i o n o f t h e t h e s i s i s p r e s e n t e d . 

1 , 1 . The Speech S i g n a l , 

The v o c a l t r a c t i s a n o n - u n i f o r m a c o u s t i c t u b e , a p p r o x i m a t e l y 

17 cm i n l e n g t h i n t h e c a s e o f a d u l t m a l e s , w h i c h e x t e n d s f r o m t h e 

g l o t t i s ( o p e n i n g b e t w e e n t h e v o c a l f o l d s ) t o t h e l i p s . I t s shape 

v a r i e s w i t h t i m e and i s d e t e r m i n e d b y t h e l i p s , j a w , tongue and 

v e l u m . The c r o s s - s e c t i o n a l a r e a s o f t h e v o c a l t r a c t v a r y i n t h e 

r a n g e f r o m 0 cm2 t o 20 c m 2 . D u r i n g t h e p r o d u c t i o n o f n o n - n a s a l 

sounds, t h e n a s a l c a v i t y , w h i c h e x t e n d s f r o m t h e n o s t r i l s t o t h e 

v e l u m , i s c l o s e d o f f by t h e v e l u m . A s c h e m a t i c d i a g r a m o f t h e 

a n a t o m i c s t r u c t u r e s i n v o l v e d i s p r e s e n t e d i n F i g u r e 1 . 1 . 
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Speech sounds a r e p r o d u c e d b y a i r e x p e l l e d f r o m t h e l u n g s 

i n t o t h e t r a c h e a . D e p e n d i n g on t h e speech sound t o be g e n e r a t e d , 

t h r e e b a s i c mechanisms o f e x c i t a t i o n may be i n v o l v e d . I n t h e case 

o f v o i c e d sounds ( s u c h a s / a e / i n c a t ) , t h e a i r f l o w f r o m t h e l u n g s 

causes t h e v o c a l f o l d s t o v i b r a t e , and t h i s a c t i o n , i n t u r n , 

g e n e r a t e s a sequence o f q u a s i - p e r i o d i c p u l s e s o f a i r p r e s s u r e w h i c h 

s e r v e s a s t h e e x c i t a t i o n s o u r c e t o t h e v o c a l t r a c t . For u n v o i c e d 

f r i c a t i v e sounds ( s u c h as / s / i n s i d e ) , t u r b u l e n c e i s c r e a t e d a t 

n a r r o w c o n s t r i c t i o n s i n t h e v o c a l t r a c t , p r o d u c i n g a s o u r c e o f 

c o n t i n u o u s n o i s e . The t h i r d mechanism o f e x c i t a t i o n c o n s i s t s o f a 

sudden r e l e a s e o f e x c e s s a i r p r e s s u r e a f t e r a c o m p l e t e c l o s u r e a t 

some p o i n t i n t h e v o c a l t r a c t , and i s c h a r a c t e r i s t i c o f p l o s i v e 

sounds ( s u c h as / p / i n j> . a r k) • 

N a t u r a l l a n g u a g e s c o m p r i s e a number o f b a s i c sound e l e m e n t s , 

t e r m e d phonemes. I n t h e l i t e r a t u r e r e l a t i n g t o and d e s c r i b i n g speech , 

phonemes a r e u s u a l l y b r a c k e t e d b e t w e e n two s l a n t i n g l i n e s - / . / . 

These e l e m e n t s a r e c h a r a c t e r i s e d b y t h e f a c t t h a t two words d i f f e r i f 

o n l y one o f t h e i r b a s i c e l e m e n t s d i f f e r . Some c h a r a c t e r i s t i c s o f t h e 

d i f f e r e n t sounds w h i c h o c c u r i n t h e E n g l i s h l a n g u a g e w i l l now be o u t l i n e d . 

A , V o w e l s ( e . g , , / u / as i n b o o t , / e / as i n m e t ) a r e r e l a t i v e l y 

l o n g i n d u r a t i o n , a f a c t o r w h i c h depends , h o w e v e r , on t h e 

p h o n e t i c e n v i r o n m e n t , For u n v o i c e d and v o i c e d consonant 

e n v i r o n m e n t s , a v e r a g e d u r a t i o n s o f 170 msec and 310 msec, 

r e s p e c t i v e l y , h a v e b e e n m e a s u r e d . 1 Vowel sounds a r e p roduced 
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by excitation of the vocal tract by quasi-periodic pulses 

of air pressure caused by vocal fold vibrations, and 

contain a number of resonances (or formants) associated 

with the vocal tract shapes. 

B. Glides (e.g. , / j / in _you, /w/ in want) and Semivowels 

(e .g. , /r/ in run, / / / in let) are vowel-like sounds, 

which differ from vowels in that they exhibit a continuous 

formant motion. 

C. Diphthongs (e.g. , /al/ as in five, /el/ as in say) are also 

vowel-like sounds, which result from combinations of two 

vowel units. They also present characteristics similar to 

glides and semivowels. 

D. Nasals (e.g. , /m/ in mouth,- /n/ in no) are produced by opening 

the velum and coupling the nasal cavity with the vocal tract. 

These sounds are voiced since excitation is also provided by 

vocal fold vibrations, as in vowels, but are radiated mainly 

through the nostrils. Their spectra generally present a low 

first formant, a spectral zero, and uniform characteristics 

for high frequencies. 
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E. F r i c a t i v e s can be e i t h e r v o i c e d ( a s / v / i n seven) o r 

u n v o i c e d ( a s / f / i n s h e ) , d e p e n d i n g on t h e p r e s e n c e o r 

a b s e n c e o f v o c a l f o l d v i b r a t i o n s . B o t h , h o w e v e r , a r e 

t y p i f i e d by a s o u r c e o f c o n t i n u o u s n o i s e c r e a t e d by 

t u r b u l e n c e a t n a r r o w c o n s t r i c t i o n s i n t h e v o c a l t r a c t . 

F . P l o s i v e s o r s t o p s c a n a l s o be e i t h e r v o i c e d ( a s / b / i n 

boy ) o r u n v o i c e d ( a s / p / i n p o u n d ) , and a r e c h a r a c t e r i s e d 

by a n i n c r e a s e d p r e s s u r e a t a p o i n t i n t h e v o c a l t r a c t 

f o l l o w e d by an a b r u p t r e l e a s e o f a i r . The p r e s s u r e b u i l d 

up i s o b s e r v e d as a s i l e n c e i n t e r v a l , and i n t h e case o f 

v o i c e d s t o p s v o c a l f o l d v i b r a t i o n s a r e u s u a l l y p r e s e n t . 

G. A f f r i c a t e s ( e . g . , / t J / a s i n c h a i n , / d z / as i n j_ar) a r e 

c o m b i n a t i o n s o f s t o p s a n d f r i c a t i v e s , and e x h i b i t 

c h a r a c t e r i s t i c s s i m i l a r t o b o t h t y p e s o f sounds. 

B r o a d l y s p e a k i n g , t h e n , i t can be seen t h a t speech sounds a r e 

d i v i d e d i n t o two m a i n c a t e g o r i e s - v o i c e d o r u n v o i c e d - d e p e n d i n g on the 

p r e s e n c e o r absence o f v o c a l f o l d v i b r a t i o n s . I n F i g u r e 1 . 2 , 64 msec -

l o n g speech samples o f a c t u a l s p e e c h waveform a r e shown t o i l l u s t r a t e 

t h e two c a t e g o r i e s . I t c a n be seen t h a t f o r t h e v o i c e d speech sound the 

w a v e f o r m i s n e a r l y p e r i o d i c . The i n t e r v a l be tween t h e m a j o r p e a k s 

g i v e s a measure o f t h e p i t c h p e r i o d f o r t h a t p a r t i c u l a r s p e a k e r , and the 
2 

i n v e r s e i s t h e p i t c h f r e q u e n c y , w h i c h can r a n g e o v e r about one o c t a v e 
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during the course of a sentence spoken by an individual. Typical 

average pitch frequencies are 120 Hz for men and 220Hz for women. 

The vocal tract geometry, on the other hand, is controlled by the 

speaker in order to obtain the distinction between different sounds, 

which is reflected in their spectra by resonances (or formants). Below 

3 KHz, three formants are usually found. From Figure 1.2 it can be 

seen that each pitch period consists of approximately damped oscillations, 

which are actually a consequence of the spectral resonances of the 

tract. The oscillation period is roughly related to the major formant 

position and the rate of damping to the half-power bandwidth of the 

formant. It should be noted, however, that the waveform in a single 

pitch period results from a superimposition of decaying oscillations 

due to the multiplicity of formants. 

The unvoiced speech waveform shown in Figure 1.2 exhibits a noise-

like characteristic. This waveform is typical of this class of sounds, 

and shows a concentration of energy at high frequencies, which is 

evidenced by the high number of zero-crossings. In general, it can 

also be said that these sounds are of lower intensity than voiced 

sounds. 

Speech signals are highly complex and the aspects which have been 

considered in this section relate only to certain basic characteristics. 

An excellent study which deals with the subject in depth is contained 

3 

in a book by Flanagan which, in addition, contains an extensive 

bibliography. 
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1.2. The Low-Bit-Rate Coding of Speech. 

T h e r e a r e many r e a s o n s f o r t h e a t t r a c t i v e n e s s o f t h e d i g i t a l 

r e p r e s e n t a t i o n o f s p e e c h . I n t h e c a s e o f l o n g - d i s t a n c e c o m m u n i c a t i o n , 

d i g i t a l l i n k s a r e v e r y r e l i a b l e . N o i s e e f f e c t s a r e n o t a c c u m u l a t i v e 

a s i n t h e c a s e w i t h a n a l o g u e t r a n s m i s s i o n . D i g i t a l r e p r e s e n t a t i o n o f 

s i g n a l s a l s o o f f e r s t h e a d v a n t a g e o f a u n i f o r m f o r m a t f o r d i f f e r e n t 

s i g n a l s . T h i s means t h a t a d i g i t a l c o m m u n i c a t i o n s y s t e m c a n h a n d l e 

s p e e c h i n f o r m a t i o n t o g e t h e r w i t h o t h e r s i g n a l s such a s f a c s i m i l e 

s i g n a l s , v i d e o s i g n a l s , t e l e g r a p h , c o m p u t e r d a t a , e t c . A n o t h e r a d v a n t a g e 

i s t h e p o s s i b i l i t y o f c o m b i n i n g t r a n s m i s s i o n and s w i t c h i n g f u n c t i o n s . 

F u r t h e r m o r e , t h e e a s e w i t h w h i c h e n c r y p t i o n c a n be a c c o m p l i s h e d ( b y 

b i t p e r m u t a t i o n , f o r i n s t a n c e ) , o n c e t h e s i g n a l i s i n d i g i t a l f o r m 

i s a n a t t r a c t i v e p r o p e r t y o f t h e d i g i t a l r e p r e s e n t a t i o n o f s i g n a l s . 

As m e n t i o n e d e a r l i e r , a n i m p o r t a n t p a r a m e t e r a s s o c i a t e d w i t h t h e 

d i g i t a l t r a n s m i s s i o n o f s p e e c h i s t h e t r a n s m i s s i o n b i t - r a t e . A t 

h i g h b i t - r a t e s , s u c h a s 5 6 K b i t s / s e c , p u l s e - c o d e - m o d u l a t i o n (PCM) i s 

a s t a n d a r d t e c h n i q u e o f s p e e c h c o d i n g . I n g e n e r a l , 7 b i t s a r e u s e d 

t o r e p r e s e n t e a c h sample o f l o w - p a s s f i l t e r e d s p e e c h , and t h e s p e e c h 

i s s a m p l e d a t a r a t e o f 8 K s a m p l e s / s e c . A t 56 K b i t s / s e c t h e d e c o d e d 

PCM s p e e c h s i g n a l i s v i r t u a l l y i n d i s t i n g u i s h a b l e f r o m t h e o r i g i n a l . 

A q u e s t i o n a r i s e s , h o w e v e r , w i t h r e s p e c t t o t h e e f f i c i e n c y o f 

t h e a b o v e m e n t i o n e d PCM s y s t e m - t h i s c o n c e r n s t h e n e e d t o u s e s u c h 

h i g h b i t - r a t e s t o t r a n s m i t s p e e c h i n f o r m a t i o n . On c o n s i d e r i n g , f o r 

i n s t a n c e , t h e w r i t t e n e q u i v a l e n t o f s p e e c h i n t e r m s o f t h e 4 2 E n g l i s h 
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phonemes, i t c a n be seen t h a t o n l y a v e r y low b i t - r a t e ( o f t h e o r d e r 
3 

o f 50 b i t s / s e c ) i s r e q u i r e d . T r a n s m i s s i o n o f speech as t e x t h o w e v e r , 

does n o t i n c l u d e i m p o r t a n t c h a r a c t e r i s t i c s w h i c h a r e p a r t i c u l a r t o t h e 

s p e a k e r . A l t h o u g h i t i s n o t a s y e t p o s s i b l e t o d e f i n e what i s meant 

by t h e i n f o r m a t i o n r a t e o f s p e e c h , e x p e r i m e n t s have shown t h a t much o f 

t h e i n f o r m a t i o n c o n t a i n e d i n t h e s p e e c h s i g n a l i s n o t e s s e n t i a l t o i t s 

u n d e r s t a n d i n g a n d , i n d e e d , t r a n s m i s s i o n b i t - r a t e s much l o w e r t h a n 

56 K b i t s / s e c c a n be u s e d . 

B i t - r a t e r e d u c t i o n i s c l o s e l y a s s o c i a t e d w i t h e f f i c i e n c y . I f t h e 

r e q u i r e d d a t a r a t e c o u l d be r e d u c e d by a f a c t o r o f 10 t h e n t e n t i m e s 

a s . many v o i c e c h a n n e l s w o u l d be a v a i l a b l e . I n t h e c o d i n g o f s p e e c h 

t o remove r e d u n d a n c i e s and l o w e r t h e b i t - r a t e , h o w e v e r , a number o f 

f a c t o r s have t o be t a k e n i n t o a c c o u n t . These i n c l u d e t h e p e r c e p t u a l 

q u a l i t y o f t h e r e s u l t i n g s p e e c h a n d t h e c o m p l e x i t y o f t h e e n c o d i n g 

and d e c o d i n g e q u i p m e n t . The number o f v a r i a b l e s i n v o l v e d has l e d t o the 

d e v e l o p m e n t o f a l a r g e number o f a l t e r n a t i v e d i g i t a l c o d i n g schemes. 

A sys tem w h i c h has g i v e n r i s e t o a l a r g e number o f l o w - b i t - r a t e 

s p e e c h c o d i n g t e c h n i q u e s i s t h e c h a n n e l vocoder i n v e n t e d o v e r 4 0 y e a r s 
4 5 

ago by D u d l e y , ' The i d e a b e h i n d t h i s , and o t h e r r e l a t e d t e c h n i q u e s 

d e v e l o p e d l a t e r , was l a r g e l y t h e e x p l o i t a t i o n o f i m p o r t a n t f e a t u r e s o f 

t h e s o u r c e m o d e l l e d on t h e human v o c a l mechanism," T h i s made i t p o s s i b l e 

t o o b t a i n an e f f i c i e n t r e p r e s e n t a t i o n o f speech i n t e r m s o f a s m a l l number 

o f s l o w l y v a r y i n g p a r a m e t e r s , c o n v e y i n g i n f o r m a t i o n about e x c i t a t i o n 

s o u r c e and v o c a l t r a c t t r a n s m i s s i o n c h a r a c t e r i s t i c s f o r t h e g e n e r a t i o n 

o f speech sounds, 
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The o r i g i n a l a ims o f r e s e a r c h i n t o c h a n n e l v o c o d e r s were l a r g e l y 

c o n c e r n e d w i t h f u n d a m e n t a l s p e e c h r e s e a r c h . 8 I t was o n l y d u r i n g 

W o r l d War I I , when r e q u i r e m e n t s f o r s e c u r e speech communica t ion a r o s e , 

t h a t a t t e n t i o n was f o c u s e d o n t h e c h a n n e l v o c o d e r as a means o f 

o b t a i n i n g d i g i t a l s p e e c h . L a t e r d e v e l o p m e n t s o f t h i s and o t h e r 

r e l a t e d t e c h n i q u e s h a v e made p o s s i b l e t h e d i g i t a l t r a n s m i s s i o n o f 

speech a t r e m a r k a b l y l o w - b i t - r a t e s ( 1 0 0 0 b i t s / s e c , o r even l o w e r ) . 

H o w e v e r , t h e h i g h c o s t o f t h e c o d i n g o p e r a t i o n , and a c e r t a i n l a c k o f • . 

n a t u r a l n e s s i n t h e decoded s p e e c h , l i m i t t h e uses o f t h e c h a n n e l 

v o c o d e r . More r e c e n t d e v e l o p m e n t s o f v o c o d e r - t y p e t e c h n i q u e s have made 

i t p o s s i b l e t o o b t a i n a c c e p t a b l y n a t u r a l speech r e p r o d u c t i o n a t l o w - b i t -

r a t e s . The t e c h n i q u e s i n v o l v e d , h o w e v e r , r e q u i r e complex methods o f 

p r o c e s s i n g and a n a l y s i s a s p a r t o f t h e e s t i m a t i o n o f t h e p a r a m e t e r s o f 

t h e speech m o d e l . 

I n t h e c a s e o f h i g h e r b i t - r a t e systems (16 K b i t s / s e c and a b o v e ) , 

w a v e f o r m c o d i n g t e c h n i q u e s , w h i c h t y p i c a l l y i n c l u d e p u l s e - c o d e - m o d u l a t i o n 

(PCM) , d i f f e r e n t i a l p u l s e ^ - c o d e - m o d u l a t i o n (DPCM), d e l t a ^ m o d u l a t i o n (DM), 

and t h e i r a d a p t i v e c o n f i g u r a t i o n s , ^ a r e among t h e most a t t r a c t i v e , 

s i n c e good speech r e p r o d u c t i o n c a n be a t t a i n e d w i t h v e r y s i m p l e c o d e r / 

d e c o d e r s t r u c t u r e s . These t e c h n i q u e s i n v o l v e d i r e c t d i g i t a l c o d i n g o f 

t h e speech, w a v e f o r m w i t h v a r i o u s s t r a t e g i e s b e i n g employed t o r e d u c e 

t h e amount o f i n f o r m a t i o n t o be s e n t , w i t h o u t , however , any u s e b e i n g 

made o f t h e p r i n c i p l e s i n v o l v e d i n t h e human mechanism o f speech 

g e n e r a t i o n a n d / o r p e r c e p t i o n . 



29 

8 9 Sub-band c o d i n g ( S B C ) , a d a p t i v e p r e d i c t i v e c o d i n g (APC) , and 

a d a p t i v e t r a n s f o r m c o d i n g ( A T C ) X ^ r e p r e s e n t i m p o r t a n t d e v e l o p m e n t s 

i n speech c o d i n g t e c h n i q u e s a t b i t - r a t e s b e l o w 16 K b i t s / s e c s i n c e 

t h e y e n a b l e good q u a l i t y s p e e c h t o be o b t a i n e d w i t h equipment w h i c h 

i s l e s s complex t h a n t h a t a s s o c i a t e d w i t h v o c o d e r - t y p e d e v i c e s . However , 

t h e p e r f o r m a n c e i s c o n s i d e r a b l y d i m i n i s h e d i f t h e b i t - r a t e i s r e d u c e d 

b e l o w a p p r o x i m a t e l y 4 . 8 K b i t s / s e c a l t h o u g h i n t e l l i g i b i l i t y can s t i l l 

be l a r g e l y m a i n t a i n e d . I t s h o u l d be n o t e d t h a t w i t h v o c o d e r - t y p e 

sys tems , i n c r e a s i n g t h e b i t - r a t e a b o v e 4 . 8 K b i t s / s e c does l i t t l e t o 

i m p r o v e t h e q u a l i t y o f t h e s p e e c h . 

A n o t h e r a p p r o a c h t o t h e l o w - b i t - r a t e c o d i n g o f speech s i g n a l s 

c o n s i s t s o f u t i l i s i n g a more e f f i c i e n t r e p r e s e n t a t i o n o f speech i n t h e 

Hadamard t r a n s f o r m d o m a i n . T h i s i s a c h i e v e d by t r a n s m i t t i n g o n l y a 
11 12 

s m a l l s u b - s e t o f d o m i n a n t ( l a r g e s t a b s o l u t e v a l u e d ) c o e f f i c i e n t s . ' 

The m e r i t s o f t h i s method r e l a t e t o t h e f a c t t h a t , f o r b i t - r a t e s 

o f 6 K b i t s / s e c and a b o v e , h i g h l y i n t e l l i g i b l e speech can be a t t a i n e d 

w i t h c o m p u t a t i o n a l l y s i m p l e o p e r a t i o n s , s i n c e o n l y a d d i t i o n s and 

s u b t r a c t i o n s a r e r e q u i r e d i n o r d e r t o o b t a i n t h e t r a n s f o r m c o e f f i c i e n t s . 

An a d d i t i o n a l a d v a n t a g e i s t h a t t h e d i r e c t and i n v e r s e t r a n s f o r m 

o p e r a t i o n s a r e e s s e n t i a l l y i d e n t i c a l , A t l o w e r b i t - r a t e s ( b e l o w 6 K b i t s / s e c ) , 

h o w e v e r , t h e p e r f o r m a n c e o f Hadamand c o d i n g schemes i s n o t i c e a b l y 

r e d u c e d , a l t h o u g h t h e r e s u l t i n g d e c o d e d speech r e m a i n s i n t e l l i g i b l e . 

The a d v a n t a g e s a s s o c i a t e d w i t h t h e above c o d i n g p r o c e d u r e 

m o t i v a t e d p a r t o f t h e r e s e a r c h w o r k r e p o r t e d i n t h i s t h e s i s . The a i m 

o f t h i s p a r t i c u l a r a s p e c t o f t h e s t u d y was t o examine t h e p o s s i b i l i t i e s 

o f i m p r o v i n g t h e q u a l i t y o f d e c o d e d speech f o r t h e l o w e r b i t - r a t e s 

( l e s s t h a n 6 K b i t s / s e c ) w i t h o u t i n c r e a s i n g t h e c o m p l e x i t y o f t h e c o d i n g 

and d e c o d i n g p r o c e d u r e s . 



30 

A n o t h e r a p p r o a c h t o t h e l o w - b i t - r a t e c o d i n g o f speech c o m p r i s e s 

methods i n w h i c h i n f o r m a t i o n i s e x t r a c t e d f r o m t h e speech waveform o n l y 
13-20 

a t c e r t a i n t i m e i n s t a n t s o r i n t e r v a l s , and w i l l be r e f e r r e d t o 

a s ' t i m e - d o m a i n c o d i n g ' o r , more s i m p l y , as ' t i m e c o d i n g ' . A m a j o r 

p a r t o f t h e r e s e a r c h p r e s e n t e d i n t h i s t h e s i s was d e v o t e d t o t h e 

i n v e s t i g a t i o n o f t h e p o s s i b i l i t i e s o f f e r e d by t h e ' t i m e c o d i n g ' a p p r o a c h . 

The a i m was t o d e v e l o p a r e l a t i v e l y s i m p l e scheme c a p a b l e o f g i v i n g 

i n t e l l i g i b l e s p e e c h , w i t h o u t s a c r i f i c i n g i t s n a t u r a l n e s s , a t t r a n s m i s s i o n 

b i t - r a t e s b e l o w 8 K b i t s / s e c . 

The d e c i s i o n t o s t u d y t i m e c o d i n g systems was b a s e d on s e v e r a l 

f a c t o r s . F i r s t l y , s i n c e o n e - o f t h e m a j o r a ims was t o d e v e l o p s i m p l e 

schemes, v o c o d e r r e l a t e d t e c h n i q u e s w e r e r u l e d o u t because o f t h e i r 

c o m p l e x i t y . S e c o n d l y , w a v e f o r m c o d e r s , d e s p i t e t h e i r s i m p l i c i t y and 

l o w c o s t , r e q u i r e a t l e a s t 1 b i t p e r sample a n d , t h u s , do n o t have t h e 

p o t e n t i a l t o o p e r a t e a t b i t - r a t e s b e l o w 8 K b i t s / s e c . Time c o d i n g 

t e c h n i q u e s , on t h e o t h e r h a n d , do n o t t r a n s m i t i n f o r m a t i o n a t e v e r y 

s a m p l i n g i n s t a n t and a r e g e n e r a l l y b a s e d on t h e d e t e r m i n a t i o n o f 

i m p o r t a n t c h a r a c t e r i s t i c s o f t h e s p e e c h waveform i n r e l a t i o n t o t h e 

p e r c e p t i o n o f t h e sounds . The m e t h o d s employed a r e u s u a l l y s i m p l e and 

can p o t e n t i a l l y o p e r a t e a t b i t - r a t e s b e l o w 1 b i t p e r sample . The t i m e 

c o d i n g a p p r o a c h has n o t b e e n e x t e n s i v e l y e x p l o r e d i n t h e a r e a o f l o w -

b i t - r a t e speech c o d i n g , a f a c t o r w h i c h f u r t h e r c o n t r i b u t e d t o t h e 

d e c i s i o n t o s t u d y i t s p o s s i b i l i t i e s . 
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One o f t h e d i s a d v a n t a g e s o f t i m e c o d i n g t e c h n i q u e s i n v o l v e s t h e 

f a c t t h a t t h e y g e n e r a t e i n f o r m a t i o n a t n o n - c o n s t a n t r a t e s , w h i c h 

means t h a t b u f f e r i n g i s r e q u i r e d i f i n f o r m a t i o n i s t o be communicated 

( a s i s u s u a l l y t h e c a s e ) u s i n g a c o n s t a n t - r a t e t r a n s m i s s i o n s y s t e m . 

A consequence o f t h e b u f f e r i n g i s t h a t d e l a y s a r e i n t r o d u c e d i n t o t h e 

c o m m u n i c a t i o n p r o c e s s . F o r t h i s r e a s o n , a s e p a r a t e s t u d y was u n d e r -

t a k e n i n w h i c h t h e o r e t i c a l a s p e c t s o f t h e d e l a y p r o b l e m were c o n s i d e r e d . 

I n a d d i t i o n , an e x p e r i m e n t a l e v a l u a t i o n o f t h e d e l a y s i n v o l v e d was 

a l s o c a r r i e d o u t . 

1 . 3 . O r g a n i s a t i o n o f t h e T h e s i s . 

A v e r y l a r g e number o f schemes have been d e v e l o p e d f o r t h e 

c o d i n g o f speech s i g n a l s . C h a p t e r 2 o f t h i s t h e s i s i s d e v o t e d t o 

a r e v i e w o f e x i s t i n g schemes d e v e l o p e d d u r i n g t h e p a s t 40 y e a r s , 

w h i c h r e p r e s e n t t h e r a n g e o f r e s e a r c h i n t e r e s t s i n t h e f i e l d . An 

a t t e m p t i s made t o u n i f y t h e m a t e r i a l r e l a t e d t o numerous p a s t and 

c u r r e n t t e c h n i q u e s , and t o d i s c u s s some o f t h e r e l a t i v e m e r i t s and 

d i f f i c u l t i e s a s s o c i a t e d w i t h t h e v a r i o u s m e t h o d s . 

Because o f t h e s i m p l i c i t y o f t h e b a s i c scheme o f d o m i n a n t -

c o e f f i c i e n t Hadamard t r a n s f o r m c o d i n g o f speech , two i n v e s t i g a t i o n s 

w e r e c a r r i e d o u t i n a n a t t e m p t t o i m p r o v e t h e s y s t e m , p e r f o r m a n c e f o r 

l o w - b i t - r a t e t r a n s m i s s i o n . C h a p t e r 3 c o n t a i n s a d e t a i l e d d e s c r i p t i o n of 

t h e s e i n v e s t i g a t i o n s , The f i r s t i s concerned w i t h t h e p o s s i b i l i t y o f 

f u r t h e r e x p l o i t i n g t h e r e s i d u a l r e d u n d a n c y c o n t a i n e d i n a l i m i t e d 

number (m) o f d o m i n a n t c o e f f i c i e n t s , by a p p l y i n g a second Hadamard 

t r a n s f o r m a t i o n o f l e n g t h m. The t e c h n i q u e was s i m u l a t e d f o r b i t - r a t e s 
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b e l o w 6 K b i t s / s e c and i s d i s c u s s e d i n r e l a t i o n t o t h e Hadamard and 

H a d a m a r d - H a a r schemes. The second i n v e s t i g a t i o n examines t h e e f f e c t s 

o f two f a c t o r s , n a m e l y s p e c t r u m a l i a s i n g and d i s c o n t i n u i t i e s i n t h e 

w a v e f o r m , w h i c h a r e l i k e l y t o i n t r o d u c e d i s t o r t i o n s i n t h e Hadamard 

t r a n s f o r m coded s p e e c h . Some m o d i f i c a t i o n s a r e t h e n p roposed w h i c h 

i n v o l v e no b i t - r a t e p e n a l t y and w h i c h a r e a imed a t i m p r o v i n g speech 

q u a l i t y . E x p e r i m e n t a l r e s u l t s a r e p r e s e n t e d and d i s c u s s e d . 

C h a p t e r 4 f o c u s e s on t h e t i m e c o d i n g a p p r o a c h . I t was c l e a r " 

f r o m t h e o u t s e t t h a t i n o r d e r t o o b t a i n an e f f i c i e n t s i g n a l r e p r e s e n t a t i o n , 

t h e t i m e - d o m a i n c o d i n g t e c h n i q u e s h o u l d e x p l o i t t h e q u a s i - p e r i o d i c 

n a t u r e o f v o i c e d s p e e c h . W i t h t h i s i n m i n d , e f f o r t was f i r s t d i r e c t e d 

t o w a r d s t h e s e a r c h f o r a s i m p l e p i t c h p e r i o d d e t e c t i o n method w h i c h would 

be s u f f i c i e n t l y a c c u r a t e b u t l e s s complex t h a n e x i s t i n g m e t h o d s . Chapte r 

4 b e g i n s w i t h a d e s c r i p t i o n and some i l l u s t r a t i v e examples o f t h e 

p e r f o r m a n c e o f a t i m e - d o m a i n p i t c h e s t i m a t i o n a l g o r i t h m . w h i c h was 

d e v e l o p e d d u r i n g t h i s i n i t i a l p h a s e . T h i s i s f o l l o w e d by a s e r i e s o f 

e x p e r i m e n t s c o n c e r n e d w i t h t h e t i m e c o d i n g o f v o i c e d speech i n w h i c h 

d i f f e r e n t t y p e s o f d i s t o r t i o n a r e i n t r o d u c e d i n t o t h e speech w a v e f o r m 

b y e l i m i n a t i n g c e r t a i n c h a r a c t e r i s t i c s o f t h e o r i g i n a l s i g n a l , and o b s e r v i n g 

t h e e f f e c t s on t h e s p e e c h r e g e n e r a t e d f r o m t h e r e m a i n i n g i n f o r m a t i o n . 

From t h e s e e x p e r i m e n t s , a r e l a t i v e l y s i m p l e t e c h n i q u e f o r c o d i n g t h e 

v o i c e d segments o f t h e w a v e f o r m was d e v e l o p e d , Then , a method f o r 

r e g e n e r a t i n g c l i p p e d u n v o i c e d s p e e c h i s p r e s e n t e d , and i n t h e f i n a l 

p a r t o f t h e c h a p t e r a c o m p l e t e t i m e c o d i n g t e c h n i q u e , w h i c h o p e r a t e s 

a t an a v e r a g e b i t - r a t e o f 7 , 6 K b i t s / s e c , i s p r o p o s e d . The r e s u l t s 

o b t a i n e d f r o m a computer s i m u l a t i o n o f t h e proposed t e c h n i q u e a r e p r e s e n t e d 

and d i s c u s s e d . 
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C h a p t e r 5 i s d e v o t e d t o t h e s t u d y o f c e r t a i n f a c t o r s r e l a t e d 

t o t h e p e r f o r m a n c e o f v a r i a b l e - s o u r c e - r a t e t o c o n s t a n t - t r a n s m i s s i o n -

r a t e schemes o f d a t a c o m p r e s s i o n , i n w h i c h t h e t i m e c o d i n g t e c h n i q u e 

p r o p o s e d i n C h a p t e r 4 i s i n c l u d e d . The q u e s t i o n o f b u f f e r i n g a t t h e 

t r a s m i t t e r and t h e r e c e i v e r i s c o n s i d e r e d , and e x p r e s s i o n s a r e d e r i v e d 

f o r t h e n e c e s s a r y minimum d e l a y w h i c h must be i n t r o d u c e d a t t h e 

t r a n s m i t t e r and t h e r e c e i v e r i f d i s t o r t i o n i s t o be a v o i d e d . I n 

a d d i t i o n , a s y m b o l - i n j e c t i o n p r o c e d u r e i s c o n s i d e r e d and an e x p r e s s i o n 

i s d e r i v e d f o r t h e sys tem d e l a y n e c e s s a r y t o a v o i d d i s t o r t i o n . The 

r e s u l t s o f a s t a t i s t i c a l a n a l y s i s o f l o w - p a s s f i l t e r e d speech a r e 

p r e s e n t e d , and t h e s e r e s u l t s a r e t h e n used t o o b t a i n e s t i m a t e s o f t h e 

n e c e s s a r y minimum o v e r a l l s y s t e m d e l a y , and t h e n e c e s s a r y b u f f e r 

s i z e s , i n z e r o - c r o s s i n g s - b a s e d s p e e c h c o d i n g schemes. I n a d d i t i o n , 

e s t i m a t e s a r e p r o v i d e d o f t h e p e r i o d o f t i m e o v e r w h i c h t h e o u t p u t 

w i l l c o n t a i n d i s t o r t i o n s i f a d e l a y b e l o w t h e minimum n e c e s s a r y t o 

a v o i d d i s t o r t i o n i s u s e d . F i n a l l y , i n t h e l a s t p a r t o f t h e c h a p t e r , 

e s t i m a t e s o f c o m m u n i c a t i o n d e l a y a n d b u f f e r s t o r a g e a s s o c i a t e d w i t h t h e 

p r o p o s e d t i m e c o d i n g scheme p r e s e n t e d i n C h a p t e r 4 a r e p r o v i d e d f o r 

i l l u s t r a t i v e samples o f s p e e c h . 

F i n a l l y , i n C h a p t e r 6 , a n a t t e m p t i s made t o p r o v i d e an o v e r a l l 

v i e w o f t h e r e s e a r c h w o r k p r e s e n t e d i n t h i s t h e s i s , t o g e t h e r w i t h an 

o b j e c t i v e e v a l u a t i o n o f t h e m a i n r e s u l t s a c h i e v e d . Some l i n e s o f f u r t h e r 

r e s e a r c h i n t h e f i e l d a r e a l s o s u g g e s t e d . 

Most o f t h e t y p i c a l r e s u l t s p r e s e n t e d i n C h a p t e r s 3 and 4 a r e 
a 

i l l u s t r a t e d by r e c o r d e d u t t e r a n c e s accompanying t h i s t h e s i s . An 

a p p e n d i x t o t h e t h e s i s d e s c r i b e s a n d c a t a l o g u e s t h e s e r e c o r d i n g s . 
After the preparation of this thesis i t was learnt that University rules 

do not permit recordings to be appended to theses. However, a copy of 

the recordings referred at various points in the thesis can be obtained, 

upon request, from Professor L . F . Turner, Department of Electrical Engineering, 

Imperial College of Science & Technology. 
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F i g u r e 1 . 2 . I l l u s t r a t i o n o f v o i c e d and u n v o i c e d speech waveforms ( t i m e i n t e r v a l ! 64 m s e c ) . 
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CHAPTER 2 

SPEECH CODERS : A REVIEW 

The d e v e l o p m e n t o f s p e e c h c o d e r s i n a v a r i e t y o f c a t e g o r i e s 

o f c o d i n g p h i l o s o p h y has b e e n g r o w i n g r a p i d l y i n p a s t y e a r s , 

4 5 

e s p e c i a l l y f o l l o w i n g D u d l e y ' s i n v e n t i o n o f t h e Vocoder ' i n t h e 

l a t e 1 9 3 0 ' s . A c c o r d i n g l y , many i m p o r t a n t r e v i e w works have a p p e a r e d 

i n t h e l i t e r a t u r e , w h i c h a r e e i t h e r f o c u s e d on a f e w p a r t i c u l a r 

methods o f speech c o d i n g o r c o n s i d e r a w i d e r r a n g e o f a p p r o a c h e s . 
21 

I n a 1966 p a p e r , S c h r o e d e r r e v i e w s a g r e a t v a r i e t y o f 
22 

v o c o d e r - t y p e t e c h n i q u e s , w h e r e a s S c h a f e r , on t h e o t h e r hand , 

c o n s i d e r s o n l y t h o s e schemes w h i c h a r e i m p o r t a n t t o t h e f i e l d 

o f a i d s t o t h e h a n d i c a p p e d . A c o m p r e h e n s i v e r e v i e w on t h e t o p i c 

o f speech c o d i n g i s p r e s e n t e d i n a book by F l a n a g a n , w h i c h i n c l u d e s 

i m p o r t a n t d e v e l o p m e n t s on t h e s u b j e c t p r i o r t o 1 9 7 2 , when t h e second 

e d i t i o n o f t h e book was i s s u e d . An i n t e r e s t i n g c o l l e c t i o n o f p a p e r s 
23 

a d d r e s s e d t o t h e p r o b l e m o f s p e e c h s y n t h e s i s was p u b l i s h e d i n 1 9 7 3 . 
T r a n s f o r m c o d i n g , p a r t i c u l a r l y i n t h e Wa lsh domain , i s b r i e f l y 

24 

r e v i e w e d i n a p a p e r b y E l l i o t t , and t h e c l a s s o f waveform c o d e r s 

i s c o n s i d e r e d e x t e n s i v e l y b y J a y a n t ^ i n a 1974 w o r k . A s u r v e y i n c l u d i n g 

a number o f i m p o r t a n t m e t h o d s o f speech c o d i n g can a l s o be found i n 

R e f e r e n c e 6 , and more r e c e n t l y , i n R e f e r e n c e 2 5 , a w i d e r r a n g e o f 

c o d e r s and t h e i r r e l a t i v e c o m p l e x i t y and p e r f o r m a n c e i s c o n s i d e r e d 

a t some l e n g t h . 



The a i m o f t h i s c h a p t e r i s n o t t o p r e s e n t a c o m p l e t e s t u d y 

o f t h e s u b j e c t , b u t t o g i v e a g e n e r a l v i e w o f t h e many d i f f e r e n t 

t y p e s o f c o d i n g p h i l o s o p h y w h i c h h a v e a p p e a r e d d u r i n g t h e p a s t 

4 0 y e a r s . T h u s , an a t t e m p t i s made t o u n i t e t h e m a t e r i a l o f p a s t 

and p r e s e n t t e c h n i q u e s , w i t h p a r t i c u l a r a t t e n t i o n b e i n g f o c u s e d 

on t h e m a i n c h a r a c t e r i s t i c s and p r o b l e m s i n v o l v e d . 

I n t h e r e v i e w a r e i n c l u d e d t h e t e c h n i q u e s o f waveform c o d i n g 

(PCM, DPCM, DM and a d a p t i v e c o n f i g u r a t i o n s ) , sub-band c o d i n g and 

a d a p t i v e p r e d i c t i v e c o d i n g , m e t h o d s o f f r e q u e n c y - d i v i s i o n , a v a r i e t y 

o f v o c o d e r - t y p e schemes, d i f f e r e n t t e c h n i q u e s o f t r a n s f o r m c o d i n g , 

and f i n a l l y , o t h e r d e v e l o p m e n t s w h i c h a r e c o n s i d e r e d as e l e m e n t s o f 

a n o t h e r c l a s s o f t e c h n i q u e s , w h i c h w i l l be r e f e r r e d t o as t i m e 

c o d i n g . 

2 . 1 , Waveform C o d i n g . 

T e c h n i q u e s o f s p e e c h c o d i n g i n w h i c h an a t t e m p t i s made t o 

send i n f o r m a t i o n a b o u t t h e a c o u s t i c t i m e w a v e f o r m , w i t h o u t t a k i n g 

i n t o a c c o u n t t h e p r o d u c t i o n a n d / o r t h e p e r c e p t i o n o f t h e s i g n a l , 

a r e known as w a v e f o r m c o d i n g , Many o f t h e s e t e c h n i q u e s make u s e , 

h o w e v e r , o f s t a t i s t i c a l p r o p e r t i e s o f t h e s i g n a l i n o r d e r t o d e s i g n 

c e r t a i n s t r a t e g i e s t o r e d u c e t h e amount o f i n f o r m a t i o n t o be 

t r a n s m i t t e d , B r o a d l y s p e a k i n g , t h e s e t e c h n i q u e s a r e t h e s i m p l e s t 

c o d i n g t e c h n i q u e s w h i c h o p e r a t e a t h i g h b i t - r a t e s and r e p r o d u c e h igh -

q u a l i t y s p e e c h . 



Waveform coding techniques include pulse-code-modulation 

(PCM) , differential pulse-code-modulation (DPCM), delta-modulation 

(DM), and the adaptive versions of these. 

2.1.1. PCM and APCM Coders. 

7 26 

Pulse-code-modulation ' consists of the basic operations 

of sampling, quantisation, and representation of discrete (quantised) 

amplitudes by groups of binary digits. The signal is first band-

limited to a frequency F Hertz and then sampled at intervals of at 

least 1/2F seconds, since these values uniquely specify the band-

limited signal. Each sample amplitude is represented by a value 

chosen from a set of 2n discrete amplitudes, as the nearest one to 

the signal value. This operation is called n-bit quantisation, 

since each of those discrete values can be represented by a group 

of n bits. Each group is called a code word, and the representation 

of the discrete amplitudes in code words is the coding operation. 

At the receiving end of the system there exists a sequence of inverse 

operations which consists of generating, for each code word,, a 

quantised sample of amplitude represented by that code. The 

approximation of the original analogue signal is obtained by low-

pass filtering the sequence of samples using a filter of bandwidth 

F Hertz, 

In PCM the information is transmitted at a rate of 2Fn bits 

per second, where n is the number of bits transmitted per sample and 

2F is the number of samples generated per second (sampling rate) . 
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With error-free channels the error introduced by representing the 

samples by discrete amplitudes, the quantisation error, is the most 

important disturbance acting on the system. For fine quantisation 

(n > 6) and no overload of the quantiser, this error can be described 

statistically in terms of a uniform distribution^ and can be considered 

as an additive noise. For coarse quantisation this error is correlated 

with the speech waveform and it cannot be modeled as additive noise. 

The signal-to-quantisation noise ratio SNR (in dB) , under fine 

quantisation and no overload conditions, can be shown^ to be a linear 

function of the number of bits, n, per sample. 

The presence of frequently occurring low-amplitude values and 

infrequent high-amplitude values is a well-known property of speech 

27 

waveforms. Consequently, the use of a non-uniform quantiser, in which 

smaller step-sizes are associated with the lower amplitudes of the 

speech and higher step-sizes for higher speech amplitudes results in 

an improvement in the signal-to-noise performance of the system for 

a given bit-rate. In general, the error criterion adopted is the 

minimum mean-square-error. The structure and properties of both 

uniform and non-uniform quantisers have been reported on in many works 
28—31 

appearing in the literature. An extensive study of non-uniform 
quantisation using logarithmic compandors (compressors/expandors) 

29 
is presented in a classical work by Smith. Non-uniform logarithmic 

quantisation can be regarded as uniform quantisation of logarithmically 

29 

compressed input, and the so-called y-law is defined by 

V/ [1 + yx/V] 
C(x) , (2.1) 

V 1 + 0 * x « V , 
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where x i s t h e i n p u t s i g n a l , y > 0 , and C ( - x ) = - C ( x ) . For speech 

s i g n a l s , S m i t h o b s e r v e s t h a t a good c h o i c e f o r y i s a round 1 0 0 . A 

v a l u e o f y e q u a l t o 255 i s , h o w e v e r , u s u a l l y a d o p t e d . 

The e f f e c t i v e n e s s o f l o g a r i t h m i c q u a n t i s a t i o n i s w e l l e s t a b l i s h e d . 

I n t e r m s o f SNR p e r f o r m a n c e , a 7 - b i t l o g - q u a n t i s e r , f o r e x a m p l e , i s 
25 

a p p r o x i m a t e l y e q u i v a l e n t t o a 1 2 - b i t u n i f o r m q u a n t i s e r , and t h i s 

c l e a r l y r e p r e s e n t s a c o n s i d e r a b l e i m p r o v e m e n t . 

The p r o b l e m o f d e s i g n i n g a n opt imum q u a n t i s e r f o r a g i v e n c l a s s 

o f i n p u t s i g n a l s i s d i r e c t l y r e l a t e d t o t h e p r o b l e m o f f i n d i n g an 

a p p r o p r i a t e method f o r m a t c h i n g t h e q u a n t i s e r s t e p - s i z e t o t h e i n p u t 

s i g n a l v a r i a n c e . T h i s g i v e s r i s e t o what i s r e f e r r e d t o as a d a p t i v e 

q u a n t i s a t i o n . Two b a s i c a l l y d i f f e r e n t c l a s s e s o f a d a p t a t i o n 

a l g o r i t h m e x i s t . One o f them i s a d e q u a t e f o r i n p u t s i g n a l s w i t h 

unknown b u t c o n s t a n t v a r i a n c e . The m e t h o d s , w h i c h may be r e f e r r e d t o 

as " l e a r n i n g " a l g o r i t h m s , a t t e m p t t o l e a r n t h e c o n s t a n t v a l u e 
32 3 3 3A 35 o f t h e s i g n a l v a r i a n c e . ' " T r a c k i n g - m o d e " a l g o r i t h m s , ' on t h e 

o t h e r h a n d , a r e s u i t a b l e f o r t r a c k i n g changes i n t h e v a r i a n c e o f t h e 

i n p u t s i g n a l , and a r e , t h e r e f o r e , t h e most a p p r o p r i a t e ones f o r speech 

s i g n a l s w h i c h , o f c o u r s e , do h a v e s i g n i f i c a n t changes i n v a r i a n c e 

w i t h r e s p e c t t o t i m e . These t r a c k i n g - m o d e a l g o r i t h m s can o p e r a t e , 
34 

d e p e n d i n g on t h e p a r t i c u l a r d e s i g n , a t a s y l l a b i c ( l o n g - t e r m ) o r 

35 
i n s t a n t a n e o u s ( s h o r t - t e r m ) r a t e . 

34 

The s y l l a b i c a d a p t i v e PCM of W i l k i n s o n i n v o l v e s t h e f o l l o w i n g 

o p e r a t i o n s ! t h e i n p u t s p e e c h i s b a n d - l i m i t e d t o t h e r a n g e 2 5 0 - 2 4 0 0 H z , 

2 - b i t q u a n t i s e d u s i n g t h r e s h o l d v o l t a g e s + V , 0 , - V , and t h e n sampled 
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a t a r a t e o f 4 . 8 K s a m p l e s / s e c . The a m p l i t u d e d i g i t s a r e a p p l i e d 

t o a 10 msec t i m e c o n s t a n t i n t e g r a t o r , and t h e o u t p u t o f t h i s 

i n t e g r a t o r i s used t o c o n t r o l t h e t h r e s h o l d v a l u e V . I n t h i s scheme, 

t h e l e a s t s i g n i f i c a n t d i g i t ( t h e a m p l i t u d e d i g i t ) i s 1 f o r s i g n a l 

a m p l i t u d e s w h i c h a r e e i t h e r more p o s i t i v e t h a n +V o r more n e g a t i v e 

t h a n - V . H e n c e , a l a r g e number o f ' o n e s ' a p p e a r i n g on t h e a m p l i t u d e 

d i g i t a l o u t p u t i n d i c a t e s t h a t V s h o u l d be i n c r e a s e d . A t t h e r e c e i v i n g 

e n d , a s i m i l a r p r o c e s s i s i n v o l v e d i n o r d e r t o c o n v e r t t h e d i g i t s t o 

4 - l e v e l a m p l i t u d e s a m p l e s , w h i c h a r e t h e n l o w - p a s s f i l t e r e d a t 2 . 4 KHz. 

The t o t a l t r a n s m i s s i o n b i t - r a t e i s 9 . 6 K b i t s / s e c , and t h e speech 

q u a l i t y i s c o m p a r a b l e w i t h t h e 2 . 4 K b i t s / s e c c h a n n e l v o c o d e r and 

some a d a p t i v e d e l t a sys tems o p e r a t i n g a t 9 . 6 K b i t s / s e c . The s y l l a b i c 

APCM o f W i l k i n s o n has t h e a d v a n t a g e t h a t i t can be imp lemented w i t h 

s i m p l e e q u i p m e n t , b u t a t 9 . 6 K b i t s / s e c t h e speech q u a l i t y o b t a i n e d wit"h 

t h i s t e c h n i q u e i s s t i l l v e r y l o w w i t h r e s p e c t t o t h e c o m m e r c i a l q u a l i t y 

s t a n d a r d . 

35 

J a y a n t ' s method o f i n s t a n t a n e o u s a d a p t i v e q u a n t i s a t i o n can be 

i n t e r p r e t e d i n t h e f o l l o w i n g m a n n e r . A t e a c h i n s t a n t i + 1 t h e 

i n p u t s t a n d a r d d e v i a t i o n cr i s e s t i m a t e d by m u l t i p l y i n g i t s l a s t 
i + jl 

e s t i m a t e , a ^ , by a f a c t o r M ( I ^ ) w h i c h depends o n l y upon t h e l a s t 

q u a n t i s e r o u t p u t , i . e . , 

a i + 1 = [ M ( I i ) ] a i ' ( 2 , 2 ) 

where L = k i f = + a i y k > ^ = 1> . . . , N , Z^ i s t h e q u a n t i s e r o u t p u t 

a t i n s t a n t i , and { y , . ; k = 1 , . . . , N} a r e t h e q u a n t i s i n g l e v e l s f o r 
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u n i t a r y i n p u t v a r i a n c e . An i n i t i a l v a l u e i s assumed f o r t h e 

sequence<of e s t i m a t e s . N o t e t h a t i f t h e i n p u t s i g n a l l e v e l i s h i g h , 

w h i c h i s e v i d e n c e d b y a q u a n t i s i n g l e v e l + o^y^ k n e a r t o N, 

t h e n t h i s i n d i c a t e s t h a t a^ s h o u l d be i n c r e a s e d . On t h e o t h e r h a n d , 

i f t h e l e v e l i s l o w , a^ s h o u l d be d e c r e a s e d . These o b s e r v a t i o n s 

i m p l y t h e f o l l o w i n g c o n s t r a i n t s o n t h e m u l t i p l i e r s ! 

M(N) > 1 ( 2 . 3 a ) 

M ( l ) < 1 ( 2 . 3 b ) 

M ( l ) ^ M ( 2 ) << . . . ^ M ( N ) . ( 2 . 3 c ) 

For l o w - p a s s f i l t e r e d i n p u t s p e e c h , d e s i r a b l e v a l u e s o f t h e s e m u l t i p l i e r s 
35 

h a v e been o b t a i n e d by J a y a n t , f o r t h e c a s e o f 2 , 3 , 4 , and 5 - b i t 

q u a n t i s e r s . The c r i t e r i o n a d o p t e d was t o m a x i m i s e t h e s i g n a l - t o - n o i s e 

r a t i o , as m e a s u r e d o v e r t h e e n t i r e d u r a t i o n o f t h e i n p u t d a t a . The 

SNR g a i n a c h i e v e d w i t h t h i s t e c h n i q u e o v e r y - l a w log -PCM was 6 dB, 

7 dB, and 4 dB, r e s p e c t i v e l y , f o r 2 , 3 , and 4 - b i t q u a n t i s a t i o n . Owing 

t o t h e c o a r s e n e s s o f q u a n t i s a t i o n , t h e s e r e s u l t s s h o u l d be t a k e n , 

h o w e v e r , o n l y as i n d i c a t i v e and n o t as a d e q u a t e e v i d e n c e o f t h e sys tem 

p e r f o r m a n c e . 

I n g e n e r a l , a d a p t i v e PCM s y s t e m s a r e u s e f u l f o r speech t r a n s m i s s i o n 

a t b i t - r a t e s w h i c h a r e u s u a l l y h i g h e r t h a n 20 K b i t s / s e c . A t t h e s e 

b i t - r a t e s , good q u a l i t y s p e e c h c a n be o b t a i n e d a t a l o w - c o s t o f c o d i n g 

and d e c o d i n g o p e r a t i o n s . F o r l o w e r b i t - r a t e s , h o w e v e r , t h e r e s u l t i n g 

speech q u a l i t y becomes n o t i c e a b l y d e t e r i o r a t e d . 
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2 . 1 . 2 . DP CM and ADPCM C o d e r s . 
36 37 D i f f e r e n t i a l p u l s e - c o d e - m o d u l a t i o n (DPCM) ' i s a more 

s o p h i s t i c a t e d c l a s s o f w a v e f o r m c o d i n g , w h i c h i s t a i l o r e d t o t r a n s m i t , 

more e f f i c i e n t l y , i n f o r m a t i o n s i g n a l s e x h i b i t i n g h i g h c o r r e l a t i o n 

b e t w e e n a d j a c e n t a m p l i t u d e v a l u e s . T h e r e f o r e , speech i s a p a r t i c u l a r l y 

s u i t a b l e c l a s s o f s i g n a l s f o r t h i s t y p e o f c o d i n g . 

The b a s i c a p p r o a c h i n DPCM i s t o code t h e d i f f e r e n c e e^ b e t w e e n 
a 

t h e r e a l i n p u t v a l u e s^ and t h e e s t i m a t e d , o r p r e d i c t e d , v a l u e s^ 

( b a s e d on p r e v i o u s v a l u e s ) o f e a c h sample a m p l i t u d e , r a t h e r t h a n 

c o d i n g s^ i t s e l f a s i n PCM. A b l o c k d i a g r a m o f t h e system i s shown 

i n F i g u r e 2 . 1 , i n w h i c h t h e q u a n t i t y q ^ , t h e q u a n t i s a t i o n e r r o r , 

d e n o t e s t h e d i f f e r e n c e b e t w e e n t h e i n p u t e^ and t h e o u t p u t Z^ o f t h e 

q u a n t i s e r . The p r o c e s s o f p r e d i c t i o n i s s i m p l i f i e d i f a l i n e a r 
38 

p r e d i c t i o n i s used i n w h i c h s^ i s o b t a i n e d as a l i n e a r c o m b i n a t i o n 

o f a number m o f p a s t v a l u e s . I t i s i m p o r t a n t t o n o t e t h a t i n a DPCM 

sys tem t h e s e a r e n o t t h e a c t u a l v a l u e s , b u t t h e v a l u e s o b t a i n e d f r o m 

t h e q u a n t i s e d v e r s i o n s o f t h e e r r o r s e q u e n c e . The r e a s o n i s t h a t 

s i n c e a t t h e r e c e i v e r , o n l y t h e s e v a l u e s a r e a v a i l a b l e , t h e p l a c i n g 

o f t h e f e e d b a c k l o o p b e f o r e t h e q u a n t i s e r wou ld r e s u l t i n t h e 

r e c o n s t r u c t e d s i g n a l c o n t a i n i n g n o t o n l y t h e q u a n t i s a t i o n n o i s e o f 

t h e e r r o r , b u t a l s o an e r r o r i n t r o d u c e d by u s i n g e s t i m a t e s w h i c h a r e 

d i f f e r e n t f r o m t h o s e o b t a i n e d a t t h e t r a n s m i t t e r , 

F o r t h e DPCM c o d e r ( s e e F i g u r e 2 . 1 ) 

and 

= s . - s . ( 2 . 4 ) 

* l m } , a j ( s i - j - q i - j > ' ( 2 ' 5 ) 
3 = 1 
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where (a_. J j = 1 , . . . , m} a r e t h e t i m e - i n v a r i a n t c o e f f i c i e n t s o f 

an m t h - o r d e r l i n e a r p r e d i c t o r . The a im i s t o m a x i m i s e t h e s i g n a l - t o -

n a i s e r a t i o as g i v e n by 

, E [ s . 2 ] 
SNR " m • i T ^ T ' ( 2 ' 5 ) 

w h e r e Q(N) = E [ q ^ 2 ] / E [ e ^ 2 ] , and E[ • ] d e n o t e s t h e e x p e c t e d v a l u e , o r 

e x p e c t a t i o n . 

The v a l u e s o f q^ a r e , i n g e n e r a l , much s m a l l e r t h a n t h e v a l u e s 

o f s ^ , and f o r t h i s r e a s o n , i t i s u s u a l t o n e g l e c t them i n e q u a t i o n 

( 2 . 5 ) . T h i s i m p l i e s t h a t i f { s ^ } i s a s t a t i o n a r y p r o c e s s t h e n t h e 

p r o b a b i l i t y d e n s i t y f u n c t i o n p ( e ) o f e^ i s i n d e p e n d e n t o f i , and 

E [ Z ± 2 ] i s a l s o i n d e p e n d e n t o f i . I t s h o u l d be o b s e r v e d t h a t t h e 

p r o b a b i l i t i e s P { Z . = a y . } and P{cr x . >< e . < a x . , - } a r e i d e n t i c a l , * i e J e j i e j + 1 
w h e r e a = { E [ e . 2 ] } 2 , and (y ' . ' ; j = 1 , . . . , N ) a r e t h e q u a n t i s i n g e i j 
l e v e l s f o r n o r m a l i s e d i n p u t i n t e r v a l s [ x . , x . , and h e n c e , i t 

j 3+1 

can be seen t h a t K 2 = E [ Z ^ 2 ] / E [ e ^ 2 ] depends o n l y on t h e p . d . f . o f t h e 

n o r m a l i s e d v a r i a b l e a ^ d t h e d e s i g n o f t h e q u a n t i s e r . Assuming 

n e g l i g i b l e c o r r e l a t i o n b e t w e e n e^ and q ^ , t h i s c o n c l u s i o n i s a l s o t r u e 

f o r Q ( N ) , s i n c e i n t h i s c a s e i t depends o n l y on K 2 . F o r G a u s s i a n 

i n p u t s i t f o l l o w s t h a t e^ w i l l a l s o be G a u s s i a n , i r r e s p e c t i v e o f t h e 

c h o i c e o f t h e p r e d i c t o r c o e f f i c i e n t s . Thus , K 2 i s i n d e p e n d e n t o f t h e 

p r e d i c t o r and SNR can b e m a x i m i s e d b y d e s i g n i n g a q u a n t i s e r w h i c h 

m i n i m i s e s Q(N) and a p r e d i c t o r w h i c h m i n i m i s e s E [ e ^ 2 ] , s e p a r a t e l y . 
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Since 1/Q(N) represents the SNR in a PCM system, the gain 

achieved over PCM by the DPCM system will be given by 

G = E[s i
2]/E[e i

2] . (2.7) 

The predictor characteristics result, by minimising E[e^2], in 

38 
the well-known " orthogonality principle" , i . e . , 

m 

E [ ( a i • a j s i - £ s i - = 
(2.8) 

lc 11 • • • y in • 

From this equation, the optimum coefficients are given "by 

A. = R"1 p 
-opt — -

and the minimum mean-square—prediction-error by 

(2.9) 

= a 2 - p * R " 1 p 
"min 

(2.10) 

where 

a2 - E[s±
2], 

A = 

a a 

a 2 • 

a' 
m 

P = 

Pi 

Pa 

P m 

R = 

Po p i . . . p -m—l 

P i p o . . 0 . . .m—L . . . 

m—± m—2. 

and p | . . I = E[ s. s. ]. 
I i - J I i 1 
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A t t h i s p o i n t , i t s h o u l d be n o t e d t h a t DPCM c o d e r s a r e s t r o n g l y 

d e p e n d e n t on t h e i n p u t s i g n a l s t a t i s t i c s , w h i c h , f o r speech v a r i e s 

f r o m s p e a k e r t o s p e a k e r and f r o m o n e t y p e o f sound t o a n o t h e r . N e v e r -

t h e l e s s , a d j a c e n t a m p l i t u d e s i n s p e e c h a r e , i n g e n e r a l , h i g h l y c o r r e l a t e d 

and t h i s makes DPCM a n a t t r a c t i v e w a v e f o r m c o d i n g t e c h n i q u e f o r t h i s 

c l a s s o f s i g n a l s , e v e n t h o u g h t h e b a s i c t h e o r e t i c a l r e s u l t s r e l a t i n g 

t o t h e o v e r a l l m a x i m i s a t i o n o f SNR, p r e v i o u s l y d i s c u s s e d , a r e n o t 

s t r i c t l y v a l i d f o r s p e e c h s i g n a l s . 

36 

The g a i n G g i v e n b y e q u a t i o n ( 2 . 7 ) has b e e n computed by McDonald 

a s a p p r o x i m a t e l y 6 dB and 1 0 dB, r e s p e c t i v e l y , f o r 1 s t and 2 n d - o r d e r 

p r e d i c t o r s , and has been shown t o s a t u r a t e a t a b o u t t h i s p o i n t . The 

p e r f o r m a n c e w i t h r e s p e c t t o one t y p e o f s i g n a l , such a s speech , has 
3 7 

a l s o b e e n shown t o be p o o r , when t h e DPCM c o d e r was d e s i g n e d f o r 

a n o t h e r c l a s s o f s i g n a l s . 

I n DPCM s y s t e m s , t h e changes i n i n p u t speech v a r i a n c e w i l l be 

r e f l e c t e d i n changes o f p r e d i c t i o n e r r o r v a r i a n c e . S i n c e t h e l a t t e r 

i s t h e i n p u t t o t h e DPCM q u a n t i s e r , a d a p t a t i o n t e c h n i q u e s a r e a l s o 

r e q u i r e d i n t h i s c a s e . The o n e - w o r d memory a d a p t i v e q u a n t i s a t i o n o f 
3 5 

J a y a n t , d e s c r i b e d p r e v i o u s l y i n c o n n e c t i o n w i t h APCM s y s t e m s , was 

a l s o used i n a d a p t i v e DPCM. The d i f f e r e n c e i s t h a t a d i f f e r e n t s e t 

o f m u l t i p l i e r s { M ( l ) , , . . , M ( 2 n ) } s h o u l d be o b t a i n e d , s i n c e t h e 
q u a n t i s e r i n p u t i s now t h e p r e d i c t i o n e r r o r * sequence { e ^ } and 
n o t t h e speech a m p l i t u d e s e q u e n c e ( s © . These m u l t i p l i e r s 

35 
h a v e , i n f a c t , b e e n o b t a i n e d b y J a y a n t , and t h e ADPCM 

coder has y i e l d e d 10 dB, 10 dB, a n d 7 dB g a i n s o v e r y - l a w l o g - P C M , 
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when u s i n g 2 , 3 , and 4 - b i t q u a n t i s e r s , r e s p e c t i v e l y . A more e x t e n s i v e 

s t u d y o f t h i s a l g o r i t h m a s a p p l i e d t o ADPCM c o d i n g o f speech has 
39 

been r e p o r t e d by Cummiskey, J a y a n t , and F l a n a g a n . U s i n g b a n d - p a s s 

( 2 0 0 - 3 2 0 0 H z ) speech as i n p u t , and s a m p l i n g a t 8 KHz, t h e m u l t i p l i e r s 
30 

o b t a i n e d f o r a 3 - b i t Max n o n - u n i f o r m q u a n t i s e r were M ( l ) = M ( 2 ) = 7 / 8 , 

M ( 3 ) = 5 / 4 , and M ( 4 ) = 2 . T h e r e s u l t i n g 24 K b i t s / s e c ADPCM c o d e r , 

u s i n g a s i m p l e l s t - o r d e r p r e d i c t o r , has been found t o be 8 dB b e t t e r 

i n SNR t h a n a c o r r e s p o n d i n g y - l a w (y = 1 0 0 ) companded PCM. The 

e f f e c t i v e n e s s o f t h i s s y s t e m c a n b e b e t t e r a s s e s s e d i n terms o f t h e 

q u a l i t y o f r e c o n s t r u c t e d s p e e c h . I t h a s , i n f a c t , p r o v e d q u i t e 
39 

s u c c e s s f u l i n t h i s r e s p e c t , w i t h , f o r e x a m p l e , a 3 - b i t ADPCM g i v i n g 
39 

b e t t e r r e s u l t s t h a n 5 - b i t l o g - P C M . S u b j e c t i v e t e s t s have i n 

g e n e r a l i n d i c a t e d a b e t t e r p e r f o r m a n c e o f ADPCM c o d e r s t h a n t h e one 

p r e d i c t e d by t h e SNR o b j e c t i v e m e a s u r e m e n t s . These f i n d i n g s a r e summarised 

i n T a b l e 2 . 1 . 

A d a p t i v e DPCM, t h u s , r e p r e s e n t s an a t t r a c t i v e t e c h n i q u e o f . speech 

c o d i n g a t b i t - r a t e s b e t w e e n 24 K b i t s / s e c and 32 K b i t s / s e c . The 

t e c h n i q u e i s s i m p l e , and a t t h e s e b i t - r a t e s good q u a l i t y speech 

( b e t t e r t h a n 5 - b i t l o g - P C M q u a l i t y ) i s o b t a i n e d . The m e t h o d , i s , 

h o w e v e r , n o t u s e f u l f o r l o w e r t r a n s m i s s i o n b i t - r a t e s , e x c e p t f o r 

s p e c i a l a p p l i c a t i o n s ( e . g . , m o b i l e r a d i o ) a t a b o u t 16 K b i t s / s e c . 
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Table 2.1. Objective and Subjective Performance of ADPCM 

versus Log-PCM 

Objective Rating 

(SNR) 

Subjective Rating 
(Preference) 

7- bit PCM (high) 7-bit PCM 

6-bit PCM 4-bit ADPCM 

4-bit ADPCM 6-bit PCM 

5-bit PCM 3-bit ADPCM 

3-bit ADPCM 5-bit PCM 

4-bit PCM (low) 4-bit PCM 

2.1.3. DM and ADM Coders. 

40 41 

Delta-modulation (DM) ' is another type of waveform coding, 

in which the quantisation process has been reduced to its simplest 

form. In DM only two quantisation levels are used. The basic idea 

is to approximate the input signal {s^} by a staircase function {s^} 

and to transmit information only about the sign of the difference 
A A 

{e^} between {s^} and {s^} , The approximation {s^} is obtained by 

means of a local decoder which consists, in its simplest configuration, 

of a perfect integrator . inserted in a feedback loop around the quantiser, 

suggesting that delta-modulation may be regarded as a DPCM system 

making use of a very coarse quantisation. The one-bit quantisation 

is somewhat compensated for by having a sampling rate, f , which is 
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considerably higher than the Nyquist rate. At the receiver, {s^} 

is regenerated from the transmitted symbols {b^} and low-pass 

filtered to obtain the final decoded signal. It should be 

observed that the transmission bit-rate is identical to the sampling 

fate, f g , since each symbol uses only 1 bit per sample. 

The block diagram shown in Figure 2.2 represents a single-integration 

linear delta-modulation (LDM) system, where A is the quantiser step-

size, assumed to be a constant in non-adaptive DM. Under idling 

A 

conditions (zero input level) the approximation {s^} is a series of 

alternating +1 and -1 pulses, which, however, exhibit no increase 

in magnitude and no instability -arises. This is not true for the case 

of double integration LDM, where a second integration is inserted in 

the feedback loop in order to obtain an approximation signal which will 

be a closer representation of the input. In this case, each symbol b^ 
A 

changes the slope rather than the amplitude of s^. In the idling 

condition however, depending on initial conditions, the oscillation 
A 

period of {s^} can assume different values, and a d.c. component is 

generally present. 
41 

The types of encoding error in DM systems are known as 'granular1 

noise and ! slope-roverload • distortion. The first is inherent to the 

quantisation process, and occurs when the approximation function is 

correctly tracking the input signal but oscillates around it due 
- A -

to the discrete amplitude changes of { s J . In this case the error is 

within the range of the step-size value. The second type of error, 

the slope-overload distortion, is characterised by the inability 
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of the approximation function to track the input signal in situations 

where the slope of the input is greater than the slope of the 

approximation. In this case the error is greater than the step-size 

value. 

For a fixed sampling frequency and a constant value of input 

slope variance there is a point at Which the SNR is maximum and the 

corresponding step-size is optimum. However, if the input slope 

variance changes, the performance will deteriorate and a change 

in step-size will then be required in order to bring the performance 

closer to the optimum. The idea is to increase the value of the step-

size when slope-overload distortion is present, and to decrease step-

size in situations in which the distortion is of the granular-noise 

type. This basic idea gives rise to a number of different types of 

adaptive delta-modulators (ADM), which use either syllabic (long-

43 

term) adaptation, such as continuous DM and digitally controlled 

44 
DM, or instantaneous (short-term) adaptation, such as discrete 

42 45 
adaptive DM and one-bit memory DM. 

43 

In continuous deltas-modulation the rectified derivative of the 

band-limited (200-3400 Hz) input speech, s(t), is low-pass filtered 

at 100 Hz producing a signal d(t) which is added to s(t) as shown in 

Figure 2.3. The transmitted binary symbols {b^} are controlled in 

amplitude by a signal, c(t) , which is obtained by low-pass filtering 

{b^} at 100 Hz, and represents the mean number m of l ' s in {b^}. For 

high input signals m is set equal to 1/2 and for very small input 

signals to 1/3 ( i . e . , 1,5 times lower). The control 6(t) is then used 
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to change the amplitude of the pulses {p© (before integration) by 

A 
a factor of 20, resulting in a change of the d.c. voltage of s(t) 

A 

by a factor of 30. Thus, s(t) attempts to follow s(t) and a slowly 

varying signal which is related to the mean changes in input derivative. 

43 

At 40 Kbits/sec continuous DM is reported to give very good performance, 

and a lower but still fair quality of reproduced speech is obtained 

at 16 Kbits/sec. 

Digitially controlled delta-modulation (DCDM), another technique 
44 

which uses syllabic adaptation, has also been, judged to give 

fairly good results at 16 Kbits/sec, The adaptation logic consists 

of the following operations. A threshold circuit generates a signal 

7 = Yo as long as there are four or more consecutive bits of same 

polarity in the coder output, otherwise V is set equal to zero. This 

signal passes through an integrator with 5 msec time constant, resulting 
in a control signal V which varies between zero and V , and is 

° c cm 

related to the mean value of the input signal derivative. This control 

signal, as shown in Figure 2,4, is "finally used to provide the adaptation 

of the step-size A between a minimum value, fixed by means of 6V 
cm 

(a small constant added to V ) , and a maximum value set to A . The 

c m 

SNR performance at 56 Kbits/sec is better than log-PCM. At 32 Kbits/sec 

44 

the performance of DCDM is still very good as indicated by the CCITT 

specification (for good voice transmission by telephone) achieved by 

this technique. Even at 7.2 Kbits/sec, intelligible, though quite 

noisy, reproduction of speech can be attained with this method. At 

bit-rates below 7.2 Kbits/sec, however, the DCDM technique does not 
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provide satisfactory performance in terms of speech quality and 

intelligibility. 

Because the variation in step-size is based on the long-term 

characteristics of the input signal derivative, syllabic adaptation 

techniques are quite resistant to bit errors. Instantaneous adaptation 

methods, on the other hand, are generally of simpler structures. One 

42 

of these methods has been proposed by Abate and is illustrated in 

Figure 2.5. In this system, known as discrete adaptive DM, the step-

size A is chosen from a discrete set {A0, G2A0, G 3 A 0 , . . . , G A0}, 
m where G. < G. , , for all i . The idea is that if the present and 

i i + 1 

previous bit in the output of the quantiser are of same polarity, 

this is interpreted as slope-overload condition, and the previous 

gain G^ is switched: now to the first greater neighbour Gi + ^ otherwise 

it is switched to G^ _ . The same principle is used in the decoding 

process. This scheme has been simulated with different selections 

of gains. Particularly, for G^ = i , i = 1, . . . , 8, the SNR performance 

of this system, when using a sampling frequency equal to four times the 

Nyquist rate, has been determined to be nearly the same as the one 

obtained with a 4-bit log-PCM. Thus, this scheme proves to be inferior 

to the DCDM technique, since at 32 Kbits/sec DCDM can provide better 

results than log-PCM. 

Another important suggestion in ADM techniques consists of a very 

simple scheme using instantaneous adaptation which is referred to as 

45 

one-bit memory DM. The final part of this section will be devoted to 

a brief description of this system and the main results achieved for 

speech signal input. 
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The step-size adaptation logic in one-bit memory DM is based 

on the two most recent channel symbols b^ and b 

Figure 2.6, and defined by 

, as shown in 

= -Q.Ai _ x if b± * b± - 1' 
(2.11) 

In (2.11), A^ and A^ _ -j. a r e present and past step-size values, 

respectively, and P and Q are parameters of the adaptation rule, with 

the requirement that P > 1 to deal with slope-overload, and Q < 1 

45 
to deal with granular noise. It has been verified that the conditioa 

P.Q = 1 is the condition of optimality with regard to SNR when dealing 

with speech signals, and that P = 1.5 maximises the SNR for sampling 

frequencies of 20, 40, and 60 KHz. 

At 60 Kbits/sec an improvement of more than 10 dB is achieved 

in the maximum SNR over linear delta- modulation. At bit-rates of 

about 40 Kbits/sec and below, the performance of one-bit memory DM 

is better than that achieved by log-PCM, but at 20 Kbits/sec a 

noticeable degradation in quality is observed, although satisfactorily 

intelligible speech can be attained with this very simple -.coding 

structure. 

46 

In a separate study it has been observed that the value of P 

which gives perceptually better speech in the one-bit memory DM 

scheme is P = 1.2, which is different from the value P = 1.5 based 

on SNR performance. Experiments have been carried out at 20 and 40 Kbits/sec 



and a further interesting conclusion has also been drawn. The 

indications are that even though the contribution of slope-overload 

distortion to the total noise power is significantly greater than 

that of granular noise, the latter seems to be more important with 

respect to the resulting subjective quality of speech signals. 

As can be observed from the multiplicity of techniques which 

have appeare'din recent years, the effectiveness of waveform coding 

techniques is restricted, in general,to bit-rates above 16 Kbits/sec. 

The disadvantages of high-bit-rates are, however, offset by the fact 

that at these higher bit-rates the waveform coded speech is much less 

vulnerable to different types of degradations, such as digital 

transmission errors.- Furthermore,: they are very attractive in terms 

of the simplicity of their structure. 

2.2. Sub-Band Coding. 

8 47 48 

In sub-band coding (SBC) ' ' different bands of the speech 

frequency spectrum are separately coded, such that the effects of 

the quantisation distortion can be more appropriately controlled 

according to perceptual characteristics of the considered bandi 

One possibility concerning the .choice of these bands is to separate 

the speech spectrum into bands which make equal contributions to the 

articulation index. 
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A block diagram of a sub-band coder using low-pass translation 

technique is shown in Figure 2.7. The speech signal spectrum is 

partitioned into sub-bands (fln> f ' n = • • • > N» which are then 

modulated by cos(2ir t) and low-pass filtered at f Hz, where 

f = f_ - f_ . Each sub-band signal is sampled at a rate of 2f , 
n Zn In n 

n = 1, . . . , N, and coded by an APCM system using the one-word memory 

35 

adaptation rule described in section 2.1. A number, N, of digital 

signals are obtained in this manner, and multiplexed for transmission. 

At the receiver, the N signals are demultiplexed, demodulated, to their 

original bands, and band-limited. The approximation of the original 

signal is finally obtained by adding these N resulting sub-bands. 

A more efficient implementation of sub-band coding in terms of 

complexity, uses the technique of integer-band sampling which is 

illustrated in Figure 2.8. Each sub-band n is obtained by band-pass 

filtering, and is located between mf^ Hz and (m + l )f n Hz, where 

m is an integer. Then, a sampling at a rate of 2f^ is used, and the 

regeneration of the original sub-band is obtained by another band-pass 

filtering to the range tmfn» (m + advantage is that 

no modulators are necessary, 
g 

In terms of performance, as judged by informal listening tests, 

the sub-band coder has been considered to be better than ADPCM at 

16 Kbits/sec, The results are slightly worse for SBC, however, if the 

ADPCM bit-rate is increased to 24 Kbits/sec. Comparisons of speech 

quality between 9.6 Kbits/sec SBC and 10.3, 12.9 and 17.2 Kbits/sec ADM 

have also shown superior performance for the sub-band coder. A small 
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reduction in quality has been observed when the bit-rate is decreased 

from 9.6 to 7.2 Kbits/sec, and a much inferior speech reproduction 

results at 4.8 Kbits/sec. A more extensive set of subjective tests4^ 

has also indicated that SBC at 9.6, 16 and 24 Kbits/sec can give 

results which are similar to ADPCM with variable predictor at bit-rates 

of 9.6, 18, and 26 Kibts/sec, respectively, despite of the higher 

complexity of the latter, which requires the computation of auto-

correlation coefficients and the solution of a set of linear equations 

every adaptation period. 

Sub-band coding, thus, can give acceptable results at :bit-rates 

greater than 16 Kbits/sec. This technique is more complex than 

waveform coding schemes (e .g . , ADM), due mainly to the filter bank 

required in SBC. In addition, it does not provide acceptable speech 

quality at bit-rates below 16 Kbits/sec, and at 4.8 Kbits/sec a 

poor reproduction of speech is obtained with this technique. 

2.3. Adaptive Predictive Coding. 

9 

Adaptive predictive coding (APC) is a refined form of differential 

pulse-code-modulation, in which the characteristics of the speech 

production mechanism are exploited to a large extent. The idea arises 

by considering an approximate model of voiced speech production as the 

output {s© of a discrete linear time-varying filter with a quasi-periodic 

(period M) pulse train input {u^}, with the amplitude adjusted from 

period to period according to .the rule 

u i " P u i - M ' ( 2 , 1 2 ) 
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where 8 is an amplitude adjusting parameter. Each sample s^ is 

then represented in this model by the following expression! 

S i = aj S i - 3 + e u i - M ' ( 2- 1 3 ) 

J 

where j - 1, . . . , p} are the coefficients of the filter, which 

are related to the short-time spectral envelope of the speech signal, 

assumed to be time-invariant in the duration of a pitch period 

(excitation period M) . This implies, together with equation (2.13), 

that 

S i = 3 S i - M + ^ a j ( 8 i - j - » S i - j - H>- (2-14» 

an expression which characterises the prediction P(Z) used with this 

method. As shown in Figure 2.9, this predictor can be represented by 

a combination of a predictor Pa(Z) given by 

Px(Z) = pZ~M , (2.15) 

and a predictor P2(Z) given by 

P -h 
Pa(Z) = E a.Z J , (2.16) 

3=1 3 

where the first exploits the quasi-periodicity of voiced speech sounds, 

and the second exploits the non-uniform characteristics of the short-

time spectral envelope, which is determined by the vocal tract 

configuration. From (2.14), (2.15) and (2.16), it can also be seen that 

[l - P(Z) ] can be obtained by a serial combination of [1 - Pa(Z)] and 

[1 - Pa(Z)], i . e . , 

[1 - P(Z)] = [1 - Px(Z)][l - P 2 (Z)] (2.17) 
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The approximate model of voiced speech production is changed 

only with respect to the excitation function {u^} to obtain the un-

voiced speech production model. In this case, {u^} is a noise-like 

excitation, implying that only the non-uniformity of the short-time 

spectral envelope is exploited and P(Z) = P 2(Z). 

Parameters 0 and M are obtained by minimising the mean-square-

9 
error between ( s j and {0s. ,,} . It can be shown that 

1 I — M 

0 = E L s ^ __ M 3/E[s i
2 _ m ] , (2.18) 

and M(> 0) is given by the value which maximises 

p = E t s ^ _ M ] / {E[s i
2 ]E[s i

2 _ (2.19) 

where the averages are taken ever 5 msec intervals of speech. The 

parameters {a..! j = 1 , . . . , p} are obtained by minimising the total 

mean-square prediction error with the values of 0 and M as previously 

computed. The resulting expression is similar to the one obtained for 

DPCM [see equation (2.9)] . 

g 

In a simulation of the APC technique, M was chosen between 20 

and 150, and p set to 8. Using a sampling rate of 6.67 Ksamples/sec 

for speech signals low-pass filtered at 3.1 KHz, the system has shown 

a superior performance when compared with 5-bit log-PCM. In this 

simulation 1-bit adaptive quantisation was employed, and the 

transmission bit-rate estimated to be approximately 10 Kbits/sec. 

As was seen in section 2.1 , similar results were obtained with a simple 

ADPCM scheme, but at bit-rates more than twice as high. Adaptive 
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predictive coding can give fairly good regeneration of speech using 

transmission bit-rates as low as 7.2 Kbits/sec. The system complexity 

is, however, considerably higher, and for bit-rates below 7.2 Kbits/sec 

it does not provide satisfactory results in terms of speech quality. 

49 

In a recent paper by Atal and Schroeder a further improvement 

in the performance of the APC is achieved by exploiting perceptual 

characteristics of speech. The idea arises from the observation that 

most of the perceived noise originates from those parts of the spectrum 

associated with low-signal levels. From a perception point of view, 

noise in regions of high-signal level (formants) is, in turn, masked 

by the speech signal . This implies that the control of the noise 

spectrum appears as an efficient approach to improving the coder 

performance. 

Referring to equation (2 .5) , it can be seen that the last term 

represents the quantising noise filtered through a filter P defined 

by the coefficients {a.} , If a different filter F is used then the 
J 

shape of the output noise spectrum can be appropriately controlled. 

49 
It has been found that a good selection of F is given by 

f = P(<* Z~ X), Q < a < 1, (2.20) 

which allows reduction of the noise in frequency regions associated 

with low-signal levels at the expense of a corresponding increase in 

the formant regions. The application of this technique to APC provides 

a better quality of reconstructed speech. However, it makes the system 

still more complex, and for low-bit-rates (e.g., 4.8 Kbits/sec) the 

adaptive predictive coder with adjustable noise spectrum does not give 

acceptable speech quality. The system is shown in Figure 2.10. 
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2.4. Vobanc and Analytic Rooter. 

In this section two techniques which are designed to achieve a 

2-to-l reduction in the bandwidth of speech by using frequency division 

of formant bands will be illustrated briefly. 

One of these techniques, known as Vobanc, was proposed in 1956 

by Bogert."^ In this system, the input speech is first separated 

into three bands, each normally containing one formant region, by 

means of three band-pass filters denoted as " A" filters. The strongest 

components in each of these bands are then halved, and.the adjacent 

components translated to lower frequencies correspondingly, by using 

regenerative modulators, where the carrier is derived from the 

modulator output. By passing these signals through filters (denoted 

as " B" filters) with bandwidths equal to one-half of the corresponding 

" A" filters, the strongest components are then transmitted using 

only one-half of the original band. At the receiver, the combined 

signal is separated again, by " B" filters, into three bands which 

are 'frequency doubled' and recombined. 

The Vobanc is a fairly complex system which does not give a 

significant saving in transmission bandwidth. The technique can achieve 

a 2-to-l reduction in transmission bandwidth, and some improvement^^ 

in speech intelligibility when compared with the unprocessed band-

limited (200-1700 Hz) speech. 

In 1967 a method of frequency division was proposed,3^" which 

is called an " Analytic Rooter'' . The approach is based on the fact 

that frequency division of a signal s(t) can be obtained by the 

rooting of the analytic signal 
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a(t) = s(t) + js(t) , (2.21) 

A 

where s(t) is the Hilbert transform of s(t) (phase shift of tt/2) . 

This can be easily seen by writing a(t) in the form 

a(t) - a(t) e j ? { ( t ) , (2.22) 

and defining s ^^ ( t ) by 

s 1 / n ( t ) = Re{[a(t)] 1 / n} = [aCt)]1/ncos[?Kt)/n], (2.23) 

where 

a(t) = [s2(t) + s 2 ( t ) ] 1 / 2 , (2.24) 

From these equations it can" be shown"^ that for n = 2, 

given by 

s 1 / 2 ( t ) = ( l / 2 ) 1 / 2 [a (t ) + s ( t ) ] 1 / 2 , (2.25) 

and since i s r e^ a t e c* t o cos[tf(t)/2], the sign in this equation 

should be changed when ^(t) = 2kv with k integer. 

Equations (2.24) and (2.25) represent the operations used for 

frequency dividing by two in the analytic rooter. The corresponding 

51 
frequency doubling at the receiver is obtained by 

«<t) = s = / 2 ( t ) - S j / 2 ( t ) . ( 2 - 2 6 ) 

The number of frequency bands used in this case is equal to four. 

Certain degradations found in the Vobanc processed speech are much 

reduced by this method. 
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Both the Vobanc and the analytic rooter avoid the problem 

of pitch extraction found in vocoder-type techniques (see sections 

on vocoders) , but still remain fairly complex, and only modest 

savings in transmission bandwidth are achieved by these schemes. 

2.5. Channel Vocoder. 

The origin of a large number of important developments in the 

low-bit-rate coding of speech signals dates from the discovery by 

4 5 

Dudley, ' more than 40 years ago, of the Vocoder. This is a system 

which exploits the major features of the speech production and 

perception mechanisms. 

The basic idea involved in this system, which is nowadays referred 

to as the 'channel vocoder', is to use a simplified model of speech 

production, in which the vocal source and vocal tract are assumed as 

two separate systems. The excitation is represented either by a quasi-

periodic sequence of pulses (voiced source), or by a noise-like signal 

(unvoiced excitation), which drives a time-varying linear filter 

representing the slowly varying characteristics of the vocal tract 

transfer function. Since speech is non-stationary, both the excitatioa 

and the spectral envelope determined by the vocal tract shape vary with 

time, which implies that the analysis must be performed on a short-

time basis. 

In the channel vocoder, the vocal tract spectral envelope is 

estimated by a bank of N band-pass filters covering the speech frequency 

spectrum. The output of each band-pass filter is rectified and low-pass 
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filtered, which results in the average amplitude of each band. The 

extraction of source information is governed by an algorithm which 

decides between unvoiced or voiced excitation, and which, in the 

case of the latter, also provides an estimate of the period of the 

vocal fold vibrations (the pitch period). At the receiver, these 

excitation signals are generated and used as input to a bank of N 

band-pass filters (see Figure 2.11) whose outputs are amplitude 

modulated by the corresponding channel signals, and recombined to form 

the synthesised speech. 

4 5 

The early vocoder of Dudley ' consisted of a 10-channel 

system with one filter covering the range from 0 to 250 Hz and the 

other nine, each of 300 Hz bandwidth, covering the frequency range from 

250 Hz to 2950 Hz. Low-pass filters, each with a 25 Hz cutoff have 

been used for both the spectrum channel signals and the pitch signal. 

In another implementation, reported on in a 1956 paper by Vilbig and 

52 

Haase, 100 filters operating at high frequencies (130 to 133 KHz) 

have been used in the analysis, and scanned at a rate of 30 sec ^ 

for transmission by time multiplexing. In that same year, consonant 
53 

articulation scores were reported for channel vocoders using digital 

transmission of the channel signals. Some of these results are shown 

In Table 2,2 for different numbers of channels and different bit-rates 

(nqt including the pitch channel) , From the table it can be seen that 

the variation in the scores is quite small over the range of bit-rates. 

In this same study a 90% articulation score was attained by increasing 

the number of channels to 16, and by using a logarithmic spacing of 
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filters above 1 KHz. Another implementation considered the cases 

of 14 and 18-channel signals at total bit-rates of 1200 and 2400 

bits/sec. 

Although a highly intelligible speech can be reproduced with a 

vocoder operating at low-bit-rates (e.g. , 2.4 Kbits/sec),55 tha quality 

is noticeably deteriorated in most situations. 

Table 2.2. Consonant Articulation Scores of Channel Vocoders. 

No. of 
Channels 

N 

Bit-rate (bits/sec) 
without including 
pitch channel 

Consonant 
Articulation 
Score (%) 

10 1300 82 

10 1160 79 

10 1000 79 

8 1040 79 

6 780 79 

5 650 78 

A considerable inprovement in this respect has been obtained by using 

a special configuration of the synthesiser which is known as spectral 

flattening.5 5"5 7 This is illustrated in Figure 2.12. The idea is 

to insert a hard limiter between the excitation and the modulation, 

such that square-waves with amplitudes +1 and -1 are created at 

the input to all the modulators. Improvements in quality have been 
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explained by the experimental observations that rapid pitch changes 

produce fluctuations on the speech spectral envelope and result 

in audible distortion of synthetic speech. 

Some work on channel vocoders has been directed towards reducing 

the possible remaining redundancy in the representation of channel 

signals and, thus, providing a means for transmission at lower bit-rates. 

58 

One technique transmits only a small number, m, of channels which 

represent local maxima. Implementations using an 18-channel vocoder 

with m equal to 3, 4, or 5, and sampling rates of 30 or 60 sec \ 

resulted in high sentence intelligibility (60% or 70% nonsense 

syllable articulation), at bit-rates as low as 1000 bits/sec. Another 
59 

method, proposed by Kramer and Mathews, considers the use of 

the Karhunen-Loeve transformation (minimum mean-square error) in order 

to reduce the correlation between adjacent channels. The transformed 

signals consist of m < N signals, where N is the total number of channels. 

59 

It has been found that for N = 16 and m = 10 the quality of synthesised 

speech is superior to that obtained with a direct 10-channel vocoder. 

A similar approach, proposed some 10 years later,8 8 considers a 

simpler realisation where a 16-point Hadamard transform is applied 

to the logarithm of the channel signals using a sampling rate equal 

to 50 sec'"1 and different number of bits for quantisation of the transformed 

signals, At the resulting bit-rate of 1650 bits/sec the speech 

quality has been found to be comparable to a direct coding of the 

channel signals at 4 Kbits/sec, thus providing a considerable reduction 

in bit-rate. 
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A somewhat simpler structure of the channel vocoder synthesiser 

has been proposed*^ which is known as vocal-response synthesiser. 

It avoids the use of band-pass filters, and gives rise to the 

possibility of microminiaturising the -synthesiser. With regard to 

digital implementation, one possible approach is to use a bank of 

digital filters, with design characteristics as found in reference* U2. 

Although channel vocoders are capable of reproducing speech signals 

having high intelligibility whilst operating at very low transmission 

bit-rates, the filtering (or complex digital signal processing) 

necessary to obtain the narrow-band spectral information involves 

a high implementation cost. The complex problem of pitch extraction, 

which is general to all vocoder-type techniques, also contributes 

substantially to the high cost of these techniques. The pitch problem 

is also, at least partially, responsible for the speaker-dependent 

quality of the processed speech and, in general, speech of commercial 

telephone quality standard is not achieved. 

2,6. Formant Vocoder. 

As was seen in the previous section, spectral envelope information 

is obtained: in channel vocoders by means of a bank of contiguous filters, 

rectifiers, and smoothers, the outputs of which, in each case, 

represent the average amplitude of the signals in each band. However, 

the characteristics of the vocal tract can be approximately specified 

3 

by its spectral peaks (or formants), which correspond to the poles of 

the vocal tract transmission function. For non-nasalised voiced speech, 
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for instance, only three formants are usually found below 3 KHz. 

Thus, the use of formant information only represents a more 

efficient way of transmitting the major characteristics of the spectrum 

envelope, since a reduced number of control signals is used. 

The above considerations are, in fact, the basis of one of 

the most important low-bit-rate schemes of speech coding. This is 

called the formant vocoder. One of the earliest forms of the formant 

vocoder appeared in 1950. This used a configuration in which formant 

measurements were used as the average number of zero-crossings in 

63 

each of three bands. In this early implementation, the energy in 

each of these bands, the pitch frequency, and the energy in the band 

40-400 Hz was also extracted in the analysis. The synthesiser used 

three resonant networks with controlled peak frequencies, excited 

by one of the two source signals (a pulse train or a wide-band 

noise), and modulated by the energy information signals. The outputs 

were then combined to produce the synthetic speech. Approximate 

intelligibility scores of 100% for vowels and 70% for consonants have 

3 

been reported. The formant measurements used in this early system 

were, however, inaccurate, due mainly to the difficulty associated with 

overlapping of formant frequency ranges, For non-nasalised voiced 

speech, and a male speaker, typical ranges for the first three formants 

are 15Q-850 Hz, 5Q0-2500 Hz, and 1700-3500 Hz, respectively,2 

The configuration of formant (or w terminal-analogn ) synthesisers 

is quite varied » depending on the degree of refinements included. In 
64 

an early work published by Lawrdnce in 1953 the synthesis of speech 
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from three formant frequencies and an excitation function was considered, 

and resulted in good intelligibility of synthesised speech. The 

information rate was estimated to be 550 bits/sec. 

Formant synthesisers can be classified as series of parallel, 

65 

depending on their mode of connection. In a 1957 paper by Flanagan 

a study is presented of these two types of synthesiser. The:: series 

synthesiser has the advantage of automatically adjusting the relative 

formant amplitudes and of reproducing non-nasalised vowels better than 

parallel connection. The latter, however, introduces zeros into 

the transfer function, making it more appropriate for reproducing 

consonant sounds. 

A more complex configuration of the formant synthesiser has been 
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simulated in a digital computer. It uses one branch to generate 

voiced sounds, and one for unvoiced sounds. The first contains three 

variable resonators for formants Fl, F2, F3, a fixed fourth formant 

F4, and a pole-zero pair for nasalised speech. The latter consists of 

one or two poles and one zero. A more sophisticated version was later 
67 

proposed by Rabiner. It included a new design for the higher pole 

correction network, an amplitude control to shaped pitch-impulses with 

the purpose to obtain low—frequency low-energy waveforms far the closure 

interval of voiced stops, and a network to model the generation of 

the unvoiced component of voiced fricatives. Good quality speech 

was claimed to be obtained with a digital hardware implementation 
68 6 9 

using these same principles. More recently, Holmes has shown, 

from experiments with a parallel formant synthesiser, that by using a 

synthetic glottal pulse obtained by inverse filtering a typical vowel 

from the same talker, synthetic and natural speech are very similar. 
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The analysis problem in formant vocoders has proved to be a 

complex task. This is due mainly to the difficulty involved in 

making accurate formant measurements. As has previously been mentioned, 

formant frequency ranges overlap, and also there is the possibility 

of masking or elimination of a pole by a source zero or a side 

branch (such as nasal cavity) zero. 

Many techniques of formant analysis have been developed, with 

variations in terms of accuracy and complexity. Comments have already 

63 
been made about the zero-crossings method presented in 1950. Two 

70 

other methods have since been proposed by Flanagan. They involve 

peak-picking of the short-time amplitude spectrum. In one of them, 

a bank of 36 band-pass filters is used, and the maxima are picked 

at points of zero derivative. In the other, the spectrum is segmented 

into formant ranges, and the frequency of the maximum in each segment 

is measured. Although this method has the disadvantage of limiting 

formant frequencies to fixed ranges, it is simpler, and has been found 
71 

to provide more accurate measurements. In both cases, the highest 

error rate occurred for nasalised sounds. 

Another technique of formant analysis uses a digital computer 

to analyse the rectified and smoothed outputs from a bank"! "of 24 
72 

band-pass filters. The method first locates a peak in the whole 

ŝpectrum-. Then, a resonance curve of appropriate "frequency and 

average bandwidth is subtracted, and the process*is repeated for the 

next formant, thus, avoiding the problem of fixed segmentation. 
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A more recent analysis approach .considers the use of digital 

73 

inverse filtering. The results show that 90% of the time, the first 

three peaks in the reciprocal of the inverse filter spectrum define 

the first three formants. However, the algorithm involves rather 

complex operations such as the computation of the autocorrelation 

sequence, and the solution of a set of autocorrelation equations. 

Transmission bit-rates less than 1 Kbit/sec^have been reported in 

74 

the literature for a formant vocoder using three formants only, and 

the effect of quantisation did not have significant influence on the 

synthetic speech when compared to the analogue mode of operation of 

the vocoder. A further formant vocoder system has also been implemented, 

which uses analogue equipment for synthesis and spectrum filtering 
75 

operations, and a digital computer for formant analysis. Good 
3 

performance has resulted. 

As can be observed, formant vocoders provide a very efficient 

description of speech information. They are, perhaps, the most 

effective means for obtaining very low-bit-rate coding of speech signals, 

but, on the other hand, the complexity, resulting particularly from 

the sophisticated analysis .procedure involved is even higher than 

for the channel vocoders. In addition, formant vocoded speech is 

not of commercial quality and, as in the case of channel vocoders, 

the problem of pitch extraction also contributes to the general 

complexity of the system. 
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2.7. Linear Prediction Vocoder. 

An alternative method of extracting the spectral envelope of 

speech makes use of linear prediction techniques. The method uses 

an all-pole model of the vocal tract, in which the effects of zeros 

are approximated by multiple poles, and are included in the representation 

by a single recursive time-varying filter with p coefficients given 

by 

1 

H(Z) = 5 T- . (2.27) 
1 + E a.Z" J 

3=1
 3 

A time-domain representation is shown in Figure 2.13, where the 

speech sample s^ is obtained as a linear combination of past values and an 

excitation e^, i . e . , 

si = " A a 3 s i - 3 + e± ( 2 , 2 8 ) 

J=1 J J 

A 

The first term in this equation is the predicted sample s ^ and the 

error with respect to the actual value, which is also known as the 

residual, is exactly the excitation function of the model. The 

coefficients faj> j ~ 1> p}' "are obtained by minimising 

'ni 

a - E e* , (2.29) 

i-n0 

which leads to the set of linear equations 

P 
E a c . = -c . , j = 1, . . . , p, (2.30) 

where 

tii 

°ij ^ Sn - i Sn - i. (2.31) J n=n0 
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In the linear prediction vocoder (LPC vocoder) the time-varying 

filter is driven, as in channel or formant vocoders, by a series 

of quasi-periodic pulses imthe case of voiced sounds, or a noise-like 

excitation in the case of unvoiced sounds. Thus, the LPC vocoder 

and the APC technique are, in their basic features, very similar 

schemes with the main difference being that the residual in the APC 

is replaced by noise or pulse excitation in the LPC vocoder. 

Linear prediction as applied to the analysis of discrete signals, 

with special attention being given to all-pole modelling, is presented 

in a. review paper by Makhoul.7^ Some historical notes can be found 

in a work by Sorenson,77 and the major aspects of the theory and 

application of linear prediction techniques to speech signals are 

78 

contained in a book published in 1976 by Markel and Gray. In this 

section the aim is to present briefly some of the: important developments 

achieved with this approach. 

2.7.1, The Covariance and Autocorrelation Methods. 

In the covariance method of linear prediction, the error a in 

.equation (2.29) is minimised over a finite interval defined by 

n0 ^ p and n^ « N - 1, where N is the length of the speech sample 

78 
sequence, The method consists in solving (2.30) with error e^, 

n = p, p + 1, . . . , N - 1 , given by 

P 
e = Z a.s a0 = 1. (2.32). 
n . „ n - i 
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The autocorrelation method, on the other hand, assumes a minimisation 

over the infinite interval (ii0 = -00'', hi = °°),and defines s^ = 0 

78 
outside [0, N - 1], so that 

N-l-|i-j| 

c. . 83 Z s s . I • • I • (2.33) 
ij n = 0 n n + | i - 3 | 

Equation (2.30) then becomes 

1 a i P |i - j| = " p j ' j P ' (2.34) 

where 
N-i-j 

p ~ Z s s , j >> 0, (2.35! 

1 n=0 n n + j 

with the error en> n = 0, . . . , N + p - 1, being given by (2.32). The 

elements | in equation (2,34) form a symmetric matrix with 

76 
equal values along each diagonal ( i . e . , a Toeplitz matrix ) . 

2 .7 .2 , Maximum Likelihood Vocoder, 

The first linear prediction vocoder appeared in the literature 

79 

in 1968, in a work by Itakura and Saito. In this scheme an all-

pole model is assumed, and the sequence of speech samples s_ = {s 0 , S i , , . , 

s^ ^ is considered as samples of a random Gaussian process, with a 

joint probability density function which is a function of the set of 

parameters to = ( a
e

2 » a2> h^} , where cr̂ 2 is a gain factor 

for matching the speech spectral density. Denoting p(sja)) as the 
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probability density of js for a given set to, the maximum likelihood 

method states that the value --of (d which makes the observation js 

most likely is the one which maximises p(s 

k )-

This formulation, 

using approximations for N » p leads to results identical to those 

obtained with thie autocorrelation method. 

In the maximum likelihood vocoder, pitch extraction is 

accomplished by a procedure of peak-picking theeautocorrelation 

sequence of the error signal, which also controls the proportion of 

voiced excitation V. Unvoiced excitation is mixed with the voiced 
excitation in a proportion of UV = AT - V , as shown in Figure 2.14, 

and the number of coefficients {a. His.,set equal to 10. 
3 

At 5.4 Kbits/sec the maximum likelihood vocoder has been considered 

3 

to perform better than digitised channel vocoders, and also to provide 

a more accurate extraction of speech spectral envelope when compared 

with formant vocoders. The system, however, is still complex, despite 

the advantage of completely eliminating the need for filter bank's for 

the analysis and synthesis of speech spectra. Also, the speech quality 

obtained with this technique does not satisfy commercial telephone 

quality standard, and the mixing of voiced and unvoiced excitation 
78 

does not provide any significant improvement of the processed speech. 

2 .7.3. PARCOR Vocoder. 

Consider a sequence {s -, > s , . . . , s } of speech samples, 
n — m — x n — m n 

and let ê ™^ and e^n^ be, respectively, the forward and backward 

prediction errors at time n, given by 



76 

> > = 'fn 

m 

s - (- E a s . ) , 
n mi n - i 

and 

> > -"bn 

m 

s m - (- Z b s ) , 
n - m - 1 ml n - 1 

( 2 . 36 ) 

(2.37) 

which can be regarded as the outputs of two filters, Am(Z) and Bm(Z), 

with coefficients {a .} and {b .} . The minimisation of the total 
mi mi 

squared errors for m = 1, 2, . . . , p, leads to 
78 

and 

A (Z) = A , (Z) - K B , ( Z ) , 
m m - 1 m m - 1 

B (Z) = Z _ 1[B (Z)- K A (Z)], 
m m — 1 mm — i 

(2.38) 

(2.39) 

where the doefficients 

K 
m 

r (m - 1) (m - 1) 
2, er e, 

n=-°° fn bn 

• Z [e<m " 1 } ] 2 Z [e<m " 
n=-°° fn n=-°° bn 

Dl2 
1/2 

(2.40) 

80 

are known as partial correlation (PARCOR) coefficients. These 

coefficients are also the same set of intermediate parameters which 

appear in the solution of the autocorrelation method equations (differing 
78 

only in sign), which are known as reflection coefficients, and are given 

by K t _ = a with final solution for {a.} resulting in {a. = 
3 J P 3 m mm 

j = 1, p}. The PARCOR coefficients have the property that if 

|K I < 1, m = 1, . . . , p, then the stability of the linear prediction 

filter H(Z) , as given by (2.27), is guaranteed. 
78 
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From (2.38) and (2.39) it can be seen that 

Cm) = <m - 1) _ (Cm - 1) ( 2 4 1 ) 

fn fn m bn 

and 

(m) = (m - 1) _ > - 1) ( 2 < 4 2 ) 

bn b , n - l m f , n - l 

where = s and = s , . These expressions define the 
fn n bn n - 1 

lattice structure of the PARCOR vocoder analyser, another technique 

80 

proposed by Itakura and Saito, which is shown in Figure 2.15. 

The coefficients {K^ ; i = 1, p} are calculated by the cross-

correlators COR, and the synthesiser is composed of p sections,with 

transfer function inverse of A^(Z). Listening tests indicated a 

minimum p equal to 8, and no improvement for p greater than 12, at 

a sampling rate of 8 Ksamples/sec. 

The PARCOR formulation, like the recursive solution of the 

autocorrelation method, has the advantage of computing the transmission 

parameters (PARCOR coefficients) on a sample-by-sample basis. The 
78 

system has also been considered more attractive in terms of hardware 

implementation as compared :to the recursive solution of the autocorrelation 

method, although less advantageous in terms of computer simulation. The 

general complexity of the system is still high, and the technique is 

not capable of giving good quality speech which is speaker-independent. 

2 ,7 .4 , Other Developments in the LPC Vocoder Method of Speech Coding. 

Many other developments on the subject of LPC vocoders have 

appeared in the literature in the last decade, and in the past few 

years it has actually become one of the most popular topics in the 

area of low-bit-rate speech coding. 
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106 
A classical paper on the LPC vocoder, published in 1971, used 

the covariance method of linear prediction, and presented the basic 

ideas contained in the LPC analysis - synthesis of speech signals. 

In this work, Atal and Hanauer found that p = 12 was the most 

desirable number of coefficients {a^; j = 1, . . . , p} to be used. 

Direct quantisation of"these coefficients, however, is not efficient 

because high accuracy is necessary to avoid possible large errors in 

the pole frequencies of the filter , which may cause it to become 

unstable. Other equivalent sets of parameters, such as the frequencies 

and bandwidths of the poles or the areas of an acoustic tube model of 

p cylindrical sections of equal length, have been found to be more 

81 

efficient with respect to stability. 

In the above development, a total of 72 bits per frame are used, 

with 60 being used for the filter parameters. At 100, 67 and 33 frames/ 

sec, corresponding bit-rates of 7.2, 4.8, and 2.4 Kbits/sec have been 

achieved, giving fairly good speech reproduction (though not of 

commercial quality), as indicated by the recorded utterances of 

synthesised speech which were enclosed with the paper of Atal and 

Hanauer. The analysis frame used in this scheme was adjusted to 10 

msec for unvoiced sounds and one pitch period for voiced sounds. In 
82 

a study of this system, reported two years later by Haskew et al . , 

a constant analysis frame of N samples was considered and the results 

indicated that N - 128 was tha best choice from the values of N = 64, 

128 and 256, Frame rates above 200 sec X produced no difference in 

synthetic speech quality, and below 33 sec X resulted in rapid" loss 

of quality. With respect to selection and quantisation of filter 
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parameters it has been found that the most suitable arrangement was 

the logarithmic quantisation of the ratios of adjacent areas of 

the acoustic tube model as previously mentioned. It has also been 

found that there is no significant difference in speech quality for 

the 3.6 and 7.2 Kbits/sec systems and, again, p = 12 was 

considered a good choice, although there were talker and text 

sensitivities. 

In an attempt to attain a better quality speech from the LPC 

vocoder, a:;technique which uses a non-impulsive source has been 

83 
suggested and has been found to be important in effectively masking 

the characteristic buzz existing in LPC synthetic speech. Another 

84 

work, directed towards obtaining a more efficient transmission by 

means of DPCM encoding of the log-area ratios, has resulted in bit-rates 

of 2 Kbits/sec and lower. In this same work, the suggestion of LPC 

vocoder with orthogonalised coefficients was also made. The idea 

exploits the redundancy still existing in the coefficients by means 

of the Karhunenr-Loeve transformation of the log-area ratio parameters. 

The transmission, Qf o niy the 6 most significant orthogonal coefficients 
84 

out of 12 has been observed to be sufficient to produce synthetic 

speech without significant degradation in quality. This quality is 

however, talker-dependent and naturalness is, in general, not well 

preserved, Associated with DPCM encoding, bit-rates as low as 

600 bits/sec (a function of utterance and talker) have been achieved. 

However, this low bit-rate is obtained by a considerable increase in 

system complexity, which is introduced by the eigenvector analysis 

for the computation of the orthogonal coefficients. 
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In a study of intelligibility and consonant attributes of 

85 

LPC vocoded speech it has been found that the difference between 

real and 12-predictor coefficient LPC vocoded speech is most apparent 

for the feature sustention which distinguishes interrupted from 

continuous consonants (such as pence from fence, and choose from 

shoes). Modifications to improve this feature, without any 

86 

significant cost in respect of the bit-rate have been proposed. 

They consist of using only a reduced number of coefficients to code 

unvoiced sounds combined with a faster unvoiced frame updating to 

better preserve the onset of energy (gradual or abrupt). 
85 

A study has been carried out in order to evaluate the performance 

of LPC and formant coded speech in terms of intelligibility. The 

conclusions, although based only on one male speaker, indicated that 

12-predictor coefficient, 5-formant, and 3-formant coded speech 

give equivalent results. 

The class of LPC vocoder techniques involves a high implementation 

cost on account of the computational difficulties associated with 

the extraction of linear prediction filter coefficients and the pitch 

frequency. The system performance in terms of speech quality is 

usually good at hit-tates as low as 2,4 Kbits/sec, but it is talker 

and text-dependent, and the system is not satisfactory, at least at 

this time, for commercial application. 
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2.8. Voice-Excited Vocoder. 

Extraction of excitation- function in vocoder techniques of speech 

coding has proved to be a difficult problem. Voiced excitation is 

not periodic, and varies not only in period but in shape and amplitude. 

Also, the effect of the formant structure on the measurements of the 

pitch period contributes to make the task of designing a reliable 

pitch detector a difficult one. Furthermore, the modelling of the 

excitation into either voiced or unvoiced intervals is a simplification 

which is not always satisfactory. These problems stimulated the 

development of a vocoder system in which voicing decision and pitch 

extraction have been eliminated. This technique results, however, in 

some increase in the necessary transmission bandwidth. 

The basic principles involved in -the voice-excited vocoder are 

shown in the block diagram presented in Figure 2.16. The scheme 

87 

was suggested by David et al. in 1962. The excitation signal 

is generated at the receiving end from a sub-band of the original 

speech, which is transmitted in place of voicing decision and pitch 

information. This avoids the simplification of separating the 

excitation into voiced and unvoiced intervals and avoids the problem 

of pitch detection. This technique is relatively insensitive to 

the input speech quality. Speech quality is a factor of importance 

for reliable pitch extraction. The transmitted sub-band is flattened in 

the receiver by applying it to a spectral flattener, which consists 

of a rectifier, a bank of band-pass filters, and peak-clippers to 

remove spectrum amplitude fluctuations. 
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In one implementation of the voice-excited vocoder, the 

baseband (sub-band carrying excitation information) occupies the 

range between 250 Hz and 940 Hz. The spectral analysis uses 17 

vocoder channels in the band from 940 Hz to 3650 Hz, and the total 

transmission bandwidth is between 1 KHz and 1.2 KHz. Intelligibility 

tests revealed a greater degradation for the female than for the 

male speaker, and with respect to quality of synthetic speech, the 

voice-excited vocoder performed much better than a conventional 

18-channel vocoder, removing much of the unnaturalness of the 

vocoded speech, 

A digitised voice-excited channel vocoder was proposed some 

88 

years later, which used band-pass sampling of the baseband signal 

in order to improve efficiency in terms of transmission bit-rate. 

The following specification was adopted! - baseband! 300 to 900 Hz, 

sampled at 1.2 Ksamples/sec, and quantised with 5 or 6 bits, resulting 

in a baseband transmission rate of 6 or 7.2 Kbits/secJ - spectral 

analysis: 10 channel signals and one normalisation parameter at a 

frame rate of 50 sec quantised with 4 bits each, resulting in 

2.2 Kbits/sec, The total bit-rate was 8,2 or 9.4 Kbits/se, and 

informal listening tests indicated that the 9.4 Kbits/sec system 

could reproduce speech with quality similar to the analogue mode 

of operation of the vocoder, which still contains some degree of 

unnaturalness, and cannot be applied in any other than special: 

circumstances. Although the voice-excited vocoder is not as 

difficult to implement as pitch-excited vocoder, it is still much 

more complex than waveform coders such as ADM and ADPCM. 
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Voice excitation has found application not only in channel 

vocoders. At least two other vocoder methods, namely, the formant 

89 90 
vocoder, and more recently the LPC vocoder, have also been 

developed using this technique. The latter, when operating at 

a bit-rate of 8 Kbits/sec, has been found to have a level of performance 

comparable with an adaptive predictive coder operating at same bit-

rate, but was less degraded by telephone-quality speech. 

2.9, Homomorphic Vocoder. 

91 92 
The application of homomorphic filtering ' to separate 

the effects of excitation and vocal tract, with the purpose of 

93 
efficient speech coding, has been shown to be effective. 

91 

Homomorphic systems , H, are systems which satisfy a principle 

of superposition for some operation o. With these systems, if s(t) = 

Si(t)o s 2 (t ) , then 

H[s(t) ] = H[ S l(t)]oH[s 2(t)] . (2.43) 

In the case that o is normal addition, H is a linear system and 

hence it follows that the concept represents a generalisation of the 

concept of linear system, A homomorphic system H can be represented 
91 92 

as a cascade of three systems, * namely, a system D, a linear system, 

and the inverse of D, where D satisfies 

D[ '8iW0B a (t)] =D[s 1 ( t ) J +D [s a ( t ) ] . (2.44) 
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Now, consider the speech signal s(t) to be modelled by the 

convolution of an excitation function e(t) and the vocal tract 

impulse response v(t), i .e • 9 

s(t) = e(t)* v(t). (2.45) 

The system D, in this case, is realised by inverse Fourier transforming 

the logarithm of the magnitude of the Fourier transform. Thus, 

where S(w), E(oj), and V(<d) are the Fourier transforms of s(t), e(t) , and 

v(t) respectively, and F ^ is the inverse Fourier transform operator. 

From expressions (2.45) and (2.46) it can be seen that 

which means that the effects of excitation and vocal tract can be 

separated by the operator D into two components which are added. The 

speech coding technique which is based on this principle is known 

as homomorphic vocoder. The operator. D, when applied to s(t), results 

in what is known as the 'cepstrum' of s(t) , and on account of this the 

homomorphic vocoder is sometimes called cepstrum vocoder. 

D[s(t)] = F"1[log|s(a)^ |] 

F"1[log|E(aJ) |] + F*"^[log j V(o)) | ] (2.46) 

D[e(t)*v(t)] = D[e(t)] + D[v(t) ], (2.47) 
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The cepstrum contains two distinct portions', a low one (near 

the origin) , which is representative of the slow variation with 

frequency of the vocal tract features, and a high-time portion, 

which represents the contribution of the rapid variation with frequency 

of the excitation. In the homomorphic vocoder, voiced-unvoiced 

detection and pitch extraction are obtained by selecting the peak 

in the cepstrum which occurs in an interval equal to the pitch period. 

Absence of this peak indicates an unvoiced segment. 

In the synthesiser, the vocal tract impulse response approximation 

is obtained by applying the operator D X to the low-time portion 

of the cepstrum, resulting in a signal which is then convolved with 

an appropriate excitation function, as in other vocoder configurations. 

The analysis and synthesis principles of the homomorphic 

(or cepstrum)vocoder are illustrated in the block diagram of Figure 2.17. 

The cepstrum is obtained by 512-point transforms taking the first 

32 points as the low-time portion. It is recalculated every 20 msec, 

93 
and the synthetic speech is claimed to be natural sounding and of 

93 

good quality. Little degradation has been observed when the low-time 

portion is reduced to 26 points and quantised to 6 bits each (bit-

rate: 7,8 Kbits/sec). 

The homomorphic vocoder has the advantage that pitch estimation 

can be obtained directly from the cepstrum and no further analysis 

is required. The system is conceptually sophisticated and important, 

but its complexity and performance are not sufficiently attractive to 

guarantee a practical application of the scheme. 
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The transmission rate of the cepstrum low-time portion can be 

94 

reduced if linear prediction techniques are used. The idea 

consists in using the all-pole model given by. 
cl' 

V(Z) = ^ T , (2.48) 
1 - Z a. Z 

1=1 1 

in order to represent the effect of the vocal tract. Now, let 

v^ be the impulse response as obtained in the synthesiser of the 

original homomorphic vocoder. The method computes the coefficients 

{a^} by minimising the mean-square-error between the output of 

1/V(Z) when driven by v , and an impulse function. Of course, now 

the analyser, in addition to performing the cepstrum analysis, also 

performs the operations of direct and inverse Fourier transformation, 

exponentiation, and the linear prediction analysis. This makes the 

system considerably more complex. The synthesiser, on the other 

hand, 

uses a recursive filter, given by (2.48), excited by an impulse 

function in order to "obtain the approximation to the vocal tract 

impulse response. 

Using 10 coefficients, 8 bits per coefficient, 50 frames/sec, 

and 80Q bits/sec for excitation parameters, a resultant bit-rate of 

4.8 Kbits/sec is involved and the quality of decoded speech is found 

to be comparable with that obtained with the original homomorphic 

vocoder. The overall system .complexityis, however, too high, and 

although the bit-rate was reduced to 4.8 Kbits/sec the speech quality 

obtained is not good enough for commercial telephone application. 
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2.10. Pattern-Matching Vocoder. 

The aim in this type of vocoder is to avoid the transmission 

of the infinity of possible spectra which can be transmitted by 

conventional vocoders and thereby permit only a limited number 

of possibilities , i . e . , by classifying spectral patterns into 

a finite alphabet. In this way, the whole spectrum can be 

described (with a number of limitations which will be discussed 

later in this section)'by.-a single signal (or symbol). 

95 
The pattern-matching vocoder reported by Dudley in 1958 

96 

uses an analysis system in which the speech signal is first filtered 

by a bank of ten papd-pass filters, rectified, and then low-pass 

filtered, as in the spectrum analyser of a 10-channel vocoder. However, 

in this case, the spectral patterns of six vowels, two semivowels, 

and two fricative consonants are stored in a 10 x 10 matrix M, and 

a best spectral match is chosen in terms of a cross-correlation criterium. 

Thus, if \>bs is the output of the b-th band-pass "channel of a spoken 

sound s, and is the element of the matrix M corresponding to the 

p-th pattern and the b-th band-pass channel then the value of p, 

for which 

10 
v = t X r , V (2.49) 
ps b=l pb bs 

is maximum, corresponds to the selected pattern. This pattern, 

together with conventional pitch and voicing parameters, is then 

transmitted to a 10-channel vocoder synthesiser. 
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106 
Two listeners, in an articulation test, scored 97% and 99% 

respectively, of correct recognition of digits uttered by one speaker, 

whose speech material was used in the matrix of stored patterns, but 

significantly lower scores (45% and 66%) were obtained when common 

monosyllabic words were used. This shows one of the limitations of 

the system, namely, the failure to handle a wider vocabulary.- Also, 

it should be noted that in the tests the stored spectral patterns 

were taken from the same speaker who uttered the material for the 

tests. Thus, from the basic characteristics of the system, it would 

be expected that considerable reductions in the performance would 

result with respect to different talkers. Besides vocabulary limitations, 

the system thus seems to be limited with respect to speaker population. 

The problem of size and composition of the matrix M has been 

considered further and a new strategy has been used, in which patterns 

with higher probability are correspondingly matched with higher 

97 98 

accuracy, ' The number of patterns used varies from 497 (328 voiced, 

169 unvoiced) to 4006 (728 voiced, 3338 unvoiced), with a corresponding 

bit-rate variation in spectrum data which ranges from 450 to 600 Kbits/sec, 

at a 50 Hz sampling frequency. Intelligibility tests have shown that 

with respect to consonant discriminability no significant reduction 

in performance results when compared with the conventional channel 

vocoder. 

The pattern-matching vocoder appears to be an interesting attempt 

to obtain very low transmission bit-rates. However, the characteristics 

of the method are such as to indicate that coder performance is-
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speaker-dependent and speaker recognition is considerably degraded. 

Furthermore, the system is even more complex than channel vocoders, 

since it involves additional number of computation to determine the 

best spectral match of a spoken sound to the stored patterns. 

2.11. Correlation Vocoder. 

The short-time autocorrelation function 0 t ( O of a signal s(t) 

99 

can be measured by averaging the product s(t) s(t - t) by means 

of a low-pass filter with impulse response given by 

h(t) = 2a e~2at u(t), (2.50) 

where u(t) = 1 for t > 0, and u(t) = 0 for t <0. 

Thus, 

0t(x) = 2a s(x) s(x - x )e " 2 a ( t " x )dx (2.51) 

The short-time power spectrum, ^^(a)), of the signal s(t), on 

99 

the other hand, is measured by passing s(t) through band-pass 

filters 

hi(t) » /2ar e^ .sinait . u(t^), (2f52a) 

and 

h2(t) = /2a e" a t , coswt, u(t) , (2,52b) 

and adding the squares of the output to obtain 

v » ) = l s t ( a ) ) l 2 < 2 - 5 3 ) 

where 
i»t 

s to) = S (x).[h(t - x ) ] 1 / 2 e"janc dx. (2.54) 
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106 
It has been shown that (2.51) and (2.53) are related by 

a Fourier transformation, i . e . , 

air I 
0 A t ) t x ' 27T V (a>) e j w T da> (2.55) 

and 
,00' 

V~(ti>) = e~ a'T' 0 <t) e " j w T dx . (2.56) 

In 1954, two studies were reported^"^^'^^ with regard to the 

autocorrelation analysis of speech sounds. Later, time-domain 

vocoders were developed"^2 which made use of the relationship 

between short-time power-spectrum: arid short-time autocorrelation 

function of a signal, as expressed by (2.55) and (2.56). 

The analyser portion of an autocorrelation vocoder computes 

the short-time autocorrelation function at discrete delays separated 

by an interval AT ^ 1/2 F, where F is the maximum frequency contained 

in the speech input signal. When 18 delay channels are used, a total 

104 
bandwidth of 360 Hz results, which is similar to that achieved 

with channel vocoders, Values of AT ~ 0.167 msec and T ^ 3 msec 
max = 

were employed. At the synthesiser, pitch and voiced-unvoiced 

parameters are used to generate a proper excitation which drives a 

transversal filter having an impulse response given by the short-time 

autocorrelation function for delays between -T and T . It should 
^ max max 

Be noted, however, that the output spectrum envelope is the power 

spectrum of the input signal. This squaring effect is compensated 

by a spectral equaliser, which is introduced before the autocorrelation 
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analysis in order to reduce the three formant regions to square 

roots of the original amplitudes. 

A complete block diagram of the autocorrelation, vocoder is 

shown in Figure 2.18. This system can yield highly intelligible 

speech, but of quality comparable with that of a channel vocoder, 

which is not satisfactory when compared with the commercial quality 

standard. Also, the general complexity of the autocorrelation vocoder 

is still substantially high. The technique involves the computation 

of the autocorrelation function for a number of discrete delays, 

spectral flattening,, and narrow-band filtering to obtain an 

equivalent description of the short-time power spectrum and pitch 

extraction is also required, 

2,12, Harmonic Vocoder. 

Another development in the class of vocoder devices involves 

the representation of the short-time spectral envelope of speech by 

a small set of coefficients taken from its Fourier series expansion. 

For this reason it is known as harmonic vocoder,"*"^ 

The analyser part of the device consists in obtaining a time 

function s(t) at time intervals T ~ 1 / F » where t is actna 11 y 

a a 

representing instantaneous frequency. This can be accomplished using 

52 

the principle of the w scan vocoder" , which uses a scanning operation 

on the rectified outputs of 10Q analysing filters, and a low-pass 

filter to remove fine structure. Variations of F between 25 Hz and 50 Hz, 
a ' 

and of spectral envelope transmission bandwidths between 75 Hz and 250Hz 
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have been considered, which result in a total band between 100 Hz 

and 300 Hz when pitch and voicing information is added. 

The synthesiser used in the harmonic vocoder first determines 

a number (2N" + 1) of Fourier coefficients from the series expansion 

of s(t), and these are then used to control a variable frequency 

response network, representing the vocal tract characteristics within 

the accuracy of the Fourier analysis. The characteristics of this 

system, however, indicate that acceptable quality speech rcannot be 

obtained for the reduced transmission bandwidth mentioned above, in 

view of the limitations involved in the spectral representation and 

the simple model used to analyse the signal. 

2.13. Laguerre and Chebyshev Vocoders. 

As has been seen from equations (2.55) and (2.56), the short-

time autocorrelation function 0 t ( f ) and the short-time power 

spectrum ^ (m ) are related by a Fourier transformation when the 

weighting function h(t) is given by (2.50). This property has 

served as the basis for the correlation vocoder. The Laguerre 

106 

vocoder, on the other hand, considers the expansion of 0fc(T) in 

a series of orthonormal functions over the interval 0 < t < 00. 

Particular attention has been given to the set of Laguerre functions 

= e X T / 2 d J 

3 dx3 
x3 -At 

e 
3' 

(2.57) 
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106 
on account of the possibility of using RC elements only. Thus, 

0t(x) is expressed by 

00 

0 (x) = Z a (t)/ (t) , t ^ O (2.58) 
j=0 

where 

a j ( t ) 
rt 

s(y)h(t - y)dy sCO'jCY (2.59) 

and s(t) denotes the speech signal. The latter equation defines 

the analyser of the Laguerre vocoder, which is shown in the block 

diagram of Figure 2,19. 

For all t, 0 t(T) can be written as 

00 

0 (t) = Z a . (t ) [ / . (x ) + t .(-t)], (2.60) 
L j=0 J 

"k 

and the spectrum involves the terms [L_.((jj) + Lv(oj)], where * denotes 

complex conjugate. However, due to difficulties in implementation 

of (2 .60) , 3 ' 8 and since the spectrum magnitudes of (t) + (-t) ] 
and [/ . (T) + / . . . I (T) ] are the same, the latter term has 

m - j ' m + j + 1 7 

been used in the synthesis operation, as shown in Figure 2.19. 

The minimum number of coefficients required in the Laguerre 

vocoder has been found to be equal to seven (N = 6 in Figure 2,19), 

The same basic principles have also been considered in a separate 

paper18^ by Kulya, in which Chebyshev polynomials were used. 



94 

Laguerre and Chebyshev vocoders, though conceptually interesting 

techniques of speech bandwidth compression, suffer from the basic 

disadvantages of vocoder-type techniques. The indications are that 

speech quality is still not good enough, and at present the system 

is not sufficiently simple to justify practical application. 

2.14. Phase Vocoder. 

Another possibility for transmission bandwidth compression is 

based upon an approximation of the speech signal s(t) as a combination 

of the output signals sn(t) , n = 1 , . . . , N, of N band-pass filters 

with impulse responses as given by 

gn(t) = h(t) costy:, (2.61) 

where h(t) is the impulse response of a low-pass filter. The 

108 

method has been proposed by Flanagan and Golden and is known 

as the phase vocoder. 

The band-pass signals s (t) can be written as 

sn<tj ^ |St<Mn)l cos [wnt +* t (a ) n ) ] , (2.62) 

where S (tô ) is the short-time spectrum of s(t) at u- oĵ , i . e . , 

S Co) ) = 
t n 

t 

s(A) h(t - A)e"ja)nX dA, (2.63) 

with amplitude |St(wn)| and phase 

Because n o t always bounded, it has not been used as 

a transmission parameter,and has been replaced by its time derivative 

This, however, assumes that the additive phase'constant is not 

important. Thus, in place of (2.62) we have 
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^ , V I - . I , 
sAt) = S.(w ) cos[w t + <j> (w ) ], (2.64) 
n t ti n Tt n 

where 

rt : 

i ( ( o ) = 
t n 

<J> (u) ) dt. (2.65) 
t n 

An approximation to the original speech signal is obtained by 

N 
s(t) = I- s ( t ) , (2.66) 

n=l n 

where s n (t ) , given by (2.64) , is the output of an oscillator with 

frequency which is modulated in amplitude by |St(wn)| and in phase 

by 

108 
A computer simulation of the phase vocoder has been carried out 

with N = 30 and w = 2-rm. 100 rad/sec, covering a frequency range from 
n 

50 to 3050 Hz. In this simulation, each of the phase and amplitude 

information signals was low-pass filtered at 25 Hz, resulting in a 

bandwidth compression of 2 to 1. A performance superior to that 

obtained with a channel vocoder has been attained in terms of quality of 

decoded signal. It should be noted, however, that the compression 

achieved by the latter is typically of the order of 10 to 1. 

Parameters of the phase vocoder have also been quantised and coded 

for transmission at bit-rates of 7.2 Kbits/sec and 9.6 Kbits/sec, 

yielding results which are comparable with log-PCM at bit-rates of the 

3 

order of three times that of the phase vocoder. More recently, a 

computationally efficient implementation which uses the fast Fourier 

transform (FFT) algorithm to perform analysis and synthesis procedures, 

has been suggested. 
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The phase vocoder, thus, produces fairly good results in terms 

of speech quality and transmission bit-rates. However, it does not 

give commercial quality speech at low-bit-rates (e.g. , 7.2 Kbits/sec 

and below) , and although this technique avoids the problem of pitch 

estimation (and is simpler than the channel.'.vocoder) it is substantially 

more complex than "waveform coders. 

2.15. Transform Coding. 

A class of speech coding techniques, which have been widely explored 

in the literature (see, for example, references 10, 11, 12, 24, 47, 

48, 59, 60 and 110 to 121), involves the application of orthogonal 

transforms in order to obtain a more efficient representation of 

the signal. This class of coding techniques is known as transform 

coding and is illustrated in the simplified block diagram shown in 

Figure 2,20, The idea consists in applying an N x N transform matrix 

jC to avector ŝ  representing a sequence of N speech samples Ts0, . . . , s^ 

resulting in a vector c of N transform coefficients given by 

c = T s (2.67) 

. Cl 

which are separately quantised to c_ • This vector is then transmitted 

and in the decoding process is transformed by the inverse matrix, 

T_ of the matrix T̂  into a vector ja, which represents an approximation 

to the original segment of speech samples arranged into the vector 
Thus-. 

(2.68) 
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The orthogonal transform T? can be written as 

t 

T = 

To 

T f 
(2.69) 

where the basis vectors (To., T^ are orthogonal to each other. 

This implies that the transpose, T*", and the inverse, T_ of T are 

identical if T. , 1 = 0, N - 1, are normalised. Expression (2.68) 

can then be written as 

a N-l A 

S = | 0 C^ X J . ( 2 . 7 0 ) 

From the above equation it can be seen that if T_ is chosen such 

A 

that the distribution of coefficients c.., j = 0, . . . , N - 1, can be 

efficiently exploited by independent quantisation and/or by discarding 

some of them, then the method offers the possibility of bit-rate 

reduction. 

This section begins with a brief discussion of the Karhunen-

Loeve, Walsh-Hadamard, Discrete Fourier, and Discrete Cosine transforms 

as possibilities for digital coding of speech signals.. Then, different 

approaches in the design of speech transform coders are presented, 

including some of the most recent developments in this field. One 

of them, the dominant coefficient Hadamard transform coding technique 

has been further investigated on account of the simplicity of the 

implementation and the possibility of operating at bit-rates which are 

lower than those associated with waveform coding techniques. The study 

of this method forms part of the research work reported on in this 

thesis (sfee Chapter 3). 
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2.15.1. The Karhunen-Loeve, Walsh-Hadamard, Discrete Fourier, 

and Discrete Cosine Transforms as Applied to Speech Coding. 

Before discussing the possibilities of the application of 

the transforms mentioned above, the definition and some important 

aspects of these transforms will be considered. A more detailed 

discussion and extensive bibliography can be found in the books 

122 123 
of Harmuth, and Ahmed and Rao. 

The transformation which minimises the total mean-square-error 

given by 

e = E[ (s - s) . (s - s) ] (2.71) 

is the transformation K which is comprised of the eigenvectors K^ of 

the covariance matrix R of the input s. It is known as the Karhunen-
—s — 

- 10,59,112,123-125 , . , 
Loeve transformation and is given by 

K = 

K< 

w 

(2.72) 

where 

R K. — A, K. , 
-s -2 j -J 

(2.73) 

and K. is the eigenvector of R corresponding to the eigenvalue A. . 
~~3 s 3 

The covariance matrix of the transform coefficients { c _ . j = 0, . . . , 

N - 1} is given by 

_t 
R = K R K 
—c s — 

- diag(A0, Ai, A^ ^ , (2.74) 
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which means that these coefficients are uncorrelated with variances 

{a 2 J j = 0, . . . , N - 1} which are equal to the eigenvalues of R , i . e . , 
J s 

Oj2 = X̂  for all j . (2.75) 

Since speech is a non-stationary process, the transformation 

K will be different in each segment of samples, implying that eigen-

values and eigenvectors must be calculated for each of these segments. 

However, this results in a complex and time consuming set of operations. 

An interesting set of functions, which take only the values +1 

and -1 and are ordered so that each function has one more zero-crossing 

126 

than the preceding one, was described in 1923 by J.L. Walsh. In the 

present case, however, of more interest is the set of N-length discrete 

Walsh functions which is obtained by sampling the first N continuous 

Walsh functions at N equidistant points k = 0, 1, N - 1. These 
127 

can be expressed by an N x N matrix W^. 

The discrete Walsh function, wal(n, k), of order n, where n = 0, 1, 

_ 127 
, N - 1, can be represented for N = 2P by 

wal(n, k) = ? n (-l) ( np - r + np - r - l ) k r (2.76) 
r^O 

k = 0, 1, . . . , N - 1, 

where n^ and k^ denote the r-th bit in the binary representation of 

n and k, i . e . , 

n — (n , . . . iii no), . 
p - 1 binary 

and 

k = (k . . . . ka k 0 ) , . 
p - 1 binary. 



100 

The finite Walsh transform of the sequence {s_.J j = 0, . . . , N - 1} 

is difined by T = (1/lOW^, so that the transform coefficients are given 

by 

N-l 

c = ± Z s, wal(n, k), (2.77) 
n N k=0 k 

n = 0, 1, . . . , N - l . 

The inverse is given by T""1 = which implies that (see Figure 2.20) 

N-l „ 

s. = I . c wal(k, n ) , (2.78) 
ic n=U n 

k = 0, 1, . . . , N - l . 

122 

By analogy with frequency, the term " sequency" has been used 

and defined as one-half the average number of zero-crossings per second 

Also by analogy with the frequency domain representation, the Walsh 

functions can be denoted by sal(sine Walsh) and cal(cosine Walsh) 

functions, which are defined by 

sal(n, k) = Wal(2n - 1, k) (2.79) 

n = 1, 2, N/2, 

cal(n, k) - wal(2n, k) (2.80) 

n = 1, 2, , , . , N/2 - 1, 

where*n represents the sequency. 

Consider now a new ordering of the Walsh functions which is 

123 

given by 

had(n, k) = wal(m, k) (2.81) 

n = 0, 1, . . . , N - 1, 
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where n is obtained from m by bit-reversal of the binary-to-

Gray code conversion of m, i . e . , 

m = (mp - 1 mp - 2 m i mo)binary 

8 = C«p _ ! Sp - 2
 g l So)binary 

n = (go gi . . . g 2 g , 1 } 
r r binary 

where ( g ^ ^ ^ y represents the Gray code: of m, and is obtained by 

the following relations: 

g± = m± e mi + 1 , 0 i < p - 2 (2.82a) 

and 

Sp - 1 = m p - 1 ( 2 ' 8 2 b ) 

where © denotes addition modulo-2 (0 ® Q = 1 © 1 = 0, and 

1 6 0 s 0 ® l a l ) . It can also be seen that m can be obtained from 

n by means of a Gray code-to-binary coderconversion of the bit-reversal 

of n. 

The ordering of the Walsh functions according to (2.81), i . e . , 

had(n, k) , n = 0, N - 1, is known as natural, or Hadamard 

111 123 

ordering. * Thus, by arranging the rows of the Walsh matrix 

in natural ordering, a Hadamard matrix H^ is obtained, which like the 

Walsh matrix", is orthogonal and symmetric. It has the advantage; 

however, of presenting a simple recursive structure, namely, 
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S A + 1 
£ a k 

fi2k 

I 2 k 

(2.83) 

where Hx = [l] 

k = 0, 1, 2, 

The Hadamard transform is defined by T = (1/N)H^ , and its 

inverse is given by T 1 = H^. Thus (see Figure 2.20), in this 

case 

£ - n % ' ^ ( 2 ' 8 4 a ) 

and 

£ = (2.84b) 

An important property of the Hadamard matrix has been shown 

128 

by Turner. It says that, apart from the ordering, the elements 

of the matrices given by 

A = H X H (2.85a) 

and 

B = X H (2.85b) 
" D P ^ 

are identical, where H represents a 2V x 2 Hadamard matrix, X is 
2p ^ 

a:row matrix comprised of the original 2 r elements of X> and H is 

the Hadamard matrix formed by taking the Kronecker product of H with 

itself. The importance of this property is that (2.85a) offers a 

computationally more efficient means of performing the transform. 
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Both Hadamard and Walsh matrices are comprised only of +l fs 

and —11 s elements, and this means that only additions and subtractions 

are required in order to compute the multiplication by a data matrix. 

123 129-131 

Also, fast algorithms are available ' in order to efficiently 

compute the respective transforms. These fast algorithms involve 

the use of N log2N additions and sub str act ions, where N = 2P and p 

is the total number of i-.teratioms . A Fortran subroutine can be found 

in reference 123. It should also be noted that these transforms have 

the attractive property that the direct and inverse operations are 

essentially the same. 

With regard to the characteristics of the Walsh (or Hadamard) 

transform, it should be mentioned that, unlike the Karhunen-Loeve 

transform, the correlation is not fully removed in the transform domain. 

However, the non-vanishing elements not on the main diagonal of the 
114 

covariance matrix in the transform domain, are few, and the advantages 

mentioned in the previous paragraph with respect to the simplicity of 

the transforms served to stimulate the interest of using them as a 

means of efficient digital transmission of speech. 
123 

The discrete Fourier transform (DFT) is another orthogonal 

transformation. In this case, the sine and cosine functions are used 

and the transformation into the frequency domain is defined by 

c = 1 " t s -j (2irnk) /N 

n N sk * 6 (2.86) 

n = 0, 1, . . . , N - 1 

where {s^J k = 0, 1, . . . , N - 1} is the data sequence. Using the 

notation of Figure 2.20, the inverse DFT of {cn ; n = 0, 1, . . . , N - 1} 

is given by 
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n=0 

k = 0, 1, . . N - 1. 

If the data vector js is real-valued then the DFT components c0 and 

°N/2 a r e rea-*» ant* 

CN-/ " C l ' / = 0, 1, N/2 - 1, (2.88) 

* 

where c^ denotes the complex conjugate of c^. It can also be 

123 

shown that if s(t) is a real-valued signal of duration L, with 

no harmonic in the Fourier series expansion of its periodic extension 

above N' /2 , then the Fourier transform S(ro) of the sampled version 

{s(kL/N); k = 0, 1, . . N - i ; N £ N1} is related to the DFT 

coefficients {c^J n = 0, 1, N/2} by 

c = - S(n 2TT/L). ( 2 .89 ) 
N L 

Now consider a sequence .{s^} of length N = 2P . It can be 

134 
shown that the N-point DFT of this sequence can be written as 

c » a + e^j^ir/N h q < m < N / 2 - l , (2.90a) 
n n n 

and 

-I 2TT/N (2 .90b) 
Cn " an - N/2 + B bn - N/2' «/2 ^ n N - 1, 

where {a } is the N/2-point DFT of the even components of {s, } , and 

{b^} is the N/2-point DFT of the odd components of {s^} . If this procedure 

is iterated up to the stage where only 2-point DFT's are left to be 
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calculated, then a total of approximately N/2 log2 N complex 

multiplications will be required to compute the DFT as opposed 

to (N - 1) 2 for the case of direct evaluation of (2.86). This 

process is known as 'decimation-in-time' and illustrates the basic 

ideas of algorithms for the efficient computation of the DFT. These 

123 13A 

algorithms are known as fast Fourier transforms (FFT) . ' 

More recently, another discrete transformation has been introduced 

which is signal-independent, has a fast algorithm for the computation 

of the transform coefficients, and performs almost as we.ll as the 

Karhunen-LoWe transformation. For these reasons, it has found 

application in some of the most recent developments of digital speech 

coding. It is known as the discrete cosine transform (DCT), and 
132 

was introduced by Ahmed, Natarajan, and Rao in 1974, The DCT 

of an N-length sequence is defined by 

N-l 

°n = ^ k^O Sk ' Sn c o s t< 2 k + nir/2N], (2.91). 

n = 0, 1 , , , , , N - l 

where g0 = Jl, and g^ = 2 for n = l , N - l , The inverse DCT 

{s, } of the sequence {c I n = 0, 1, N - 1}Lis given by 
ic n 

« N _ 1 
Si. » r c . g cos[{2k + 1) mr/2N], (2.92) K « n n 

n=0 

k = 0, 1 , N - l 

where g0 » /2*/2, and gn = 1 for n = l , . . . , N - 1 . The DCT matrix 

C>T satisfies 
—N 

c / CN = ( N / 2 ) ^ , (2.93) 
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where is the N x N identify matrix. A fast computational algorithm 
—N 

132 

has been suggested, which uses a 2N-point FFT on a data sequence 

whose number of samples had been doubled by appending N zeros. This 

can be noted by writing (2.91) in the form 

N-l 

Co » (/I/N) E S, (2.94a) 
k=0 K 

2 N - 1 

c - (2/N)Re { e - j ( n , T ) / 2 N
 E . . e":i <2™k)/2N } ( 2 . 9 4 b ) 

11 k=0 k 

n = 1, . . . , N - 1 

where s^ = 0 for k = N , N + l , . . . 2 N - 1 . Storage and computational 

savings can, however, be obtained by an algorithm that was later 

133 

developed, which uses two FFT's of length N on the original data 

sequence. 

If the transform coefficients ; i = 0, 1, N - 1} are 

to be transmitted in'digital form, then they should be quantised to 

{c^ J i = 0, 1, . , , , N - 1} as shown in Figure 2.20. A number of bits 

b^, i = 0, 1, N - l , are allocated for each coefficient. The 

number of bits b^ used in this process can be determined by minimising 

the total average distortion measure given by 

e = E[ (c - c ) Z A c - c)] 

1 N -
= n ±h e i • ( 2- 9 5 ) 

where is the average distortion measure associated with the i-th 

coefficient. A constraint on this minimisation is that 
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N-l 
B = (1/N) E b = constant, (2.96) 

i=0 

and the resulting expression for b^ can be shownXB,X24 to be 

N-l 

b « B + (l/2)log 2a. 2 - (1/2N) E log2o
 2 ; (2.97) 

1 j=0 J 

i = 0, 1, . . . , N -1, 

where a 2 is the variance of the coefficient c , . 
J J 

112 

Using N ^ 16, Campanella and Rbbiiison have shown that, without 

changing the signal-to-quantising noise ratio performance, the bit-

rate of a 56 Kbits/sec p-law log-PCM can be lowered to 42.5, 46,0, 

and 48.5 Kbits/sec, by means of the Karhunen-LoVve, discrete Fourier, 

and Hadamard transform, respectively. In reference 113, for the Fourier 

and Hadamard techniques, the same authors achieve a further bit-rate 

reduction to 32,5 Kbits/sec, using a truncation of the transform 

coefficients at the high end. The resulting speech quality is found 

to be good, 
114 

Another investigation has shown that the energy distribution 

of the Walsh coefficients is concentrated in the low-order coefficients 

for voiced sounds and in the high-order coefficients for unvoiced sounds, 

By means of a 64-point Walsh transform, and coefficient quantisation 

according to the distribution of voiced,speech, bit-rates of 

44 Kbits/sec and 22 Kbits/sec have been achieved, the first resulting 

in very good reproduction of speech. In this same work, the author 

also comments on the possibility of using the Walsh transform pitch-

synchronously, i . e . , sampling the signal in such a way that each pitch 

period is comprised of N samples. 
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In a comparison of the DFT with the Walsh-Hadamard transform 

116 

(WHT) coding techniques, it has been observed that the gain over 

log-PCM achieved by the latter is lower for all bit-rates ranging 

from 8 Kbits/sec to 64 Kbits/sec, and that it increases at low-bit-
10 

rates for both transforms. It has also been observed that the DFT 

and the DCT show an assymptotically optimum performance with respect 

to this gain, when plotted as a function of the block size N. This 

means that both the DFT and the DCT approach the Karhunen-Loeve 

transform (KLT) for increasing N. However, the latter is the nearest 

one to the KLT. 

The results presented so far serve to illustrate some of the 

possibilities of tising orthogonal transforms as a means of digital 

coding speech signals. As will be seen next in this section, 

transform coding can be employed in achieving quite significant savings 

in the transmission bit-rate. In fact, some of the most recent 

developments in the area of speech coding 4 8 , 1 1 9 , 1 2 8 belong to this 

class of techniques, 

2.15.2. Dominant Coefficient Wialsh-Hadamard Transform Coding. 

110 

It was reported : . .in 1970 that intelligible speech could be 

obtained by using only the two greatest valued coefficients resulting 

from the application~of a 16-point Walsh transform. Three years later, 

Shum, Elliott, and Brown11 published results of a further investigation 

on the subject, in which a 64-point transform (either Walsh of Hadamard) , 

was applied to 8 msec speech segments, sampled at 8 Ksamples/sec, 

from which only 8 or 4 dominant (greatest absolute value) coefficients 
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were extracted for transmission. Using 6 bits to identify (label) 

each coefficient position, and 7 bits for amplitude, total bit-

rates of 13 Kbits/sec and 6.5 Kbits/sec were obtained for the two 

cases, respectively, and fair to good quality of reproduced speech 

was claimed. 

These results established the basis for a more extensive study 

12 117 

of the technique, ' which included properties of the Hadamard 

transform coefficients and system performance with change in number 

of dominant coefficients, sampling rate, and bit allocation. Some 

evidence of the existence of dominant coefficients is provided by 

the concentration of the average power in a small number of coefficients 

out of an N-point transform. For N = 64, the 6 to 8 dominant 

coefficients, for instance, contain between 60% and 90% of the total power 

when 8 KHz sampling is used. High intelligibility of reconstructed 

speech could be obtained at total bit-rates between 9.74 and 13 Kbits/sec, 

but the performance falls considerably if the sampling frequency 
117 

is reduced to 6,1 KHz, Frangoulis and Turner proposed a special 

technique for identifying 7 dominant coefficients out of 64, which 

made possible a reduction in transmission bit-rate from 11,375 Kbits/sec 

to 8 Kbits/sec. 

The minimum number of dominant coefficients required to yield 

highly intelligible (though considerably noisy) reproduction of speech, 
12 

has been indicated as 4, 8, 16, and 32, for Hadamard transform sizes 

of 64, 128, 256 and 512,respectively. The system performance is, in 

general, lower for female than for male speech, a result which is in 

agreement with the smaller concentration of average power for the female 

speech (see reference 117). 
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At transmission bit-rates in excess of 9.6 Kbits/sec, the 

Hadamard transform coding technique can provide high speech 

intelligibility, as mentioned previously,and fairly good speech 

quality, though not sufficient for commercial application. At these 

bit-rates, however, the scheme produces better quality speech than 

12 

the DCDM and APCM waveform coders. At lower bit-rates, such as 

4.8 Kbits/sec, the level of quality is considerably inferior to that 

obtained with vocoder-type techniques. The Hadamard coding scheme 

is, however, easily implemented and it appears worth investigating 

some new approaches to improve the performance of this system at low-

bit-rates. This is, in fact, the subject of the research work 

reported on in Chapter 3 of this thesis. 

2.15.3. Hadamard-Haar Transform Coding. 

The Hadamard transformation does not completely femove the signal 

redundancy, since, as has been mentioned previously, the covariance 

matrix in the transform domain has a number of non-vanishing elements 

not on the main diagonal. In an attempt to exploit this property, 

118 

Frangoulis and Turner applied a second transform, namely, the Haar 

122 135 

transform, * to the set of Hadamard coefficients. By using 

64-point transforms, and 8 KHz sampled speech, they observed that 

from the total average power of the GQeffici"ents:resuiting from the 

successive application of the Hadamard and Haar transforms, between 

44% and 65.6% is concentrated in the 5 to 8 dominant coefficients, with 

a difference of about 4% between male and female speech. This 

concentration is again lower for the latter. 
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A t a b i t - r a t e o f a b o u t 10 K b i t s / s e c (6 dominant c o e f f i c i e n t s ) 
118 

t h e H a d a m a r d - H a a r t e c h n i q u e has b e e n r e p o r t e d t o p r o v i d e 

i n t e l l i g i b l e and r e a s o n a b l y good r e p r o d u c t i o n o f speech , w h i l s t a t 

l o w e r b i t - r a t e s (5 and 3 . 5 K b i t s / s e c ) , c o r r e s p o n d i n g t o t h e t r a n s m i s s i o n 

o f 3 o r 2 d o m i n a n t c o e f f i c i e n t s , t h e speech q u a l i t y i s l o w , a l t h o u g h 

i n t e l l i g i b i l i t y i s n o t l o s t . 

I t s h o u l d be o b s e r v e d t h a t t h i s c o d i n g scheme i s c o m p u t a t i o n a l l y 

more complex t h a n t h e s t r a i g h t d o m i n a n t c o e f f i c i e n t Hadamard t r a n s f o r m 

t e c h n i q u e , s i n c e now a t h r e e - v a l u e d second t r a n s f o r m a t i o n i s i n v o l v e d . 

I n a d d i t i o n , f o r b i t - r a t e s b e l o w 8 K b i t s / s e c t h e speech q u a l i t y 

o b t a i n e d w i t h t h e H a d a m a r d - H a a r scheme i s more n o i s y t h a n t h a t p roduced 
12 

by t h e s t r a i g h t Hadamard t e c h n i q u e . For b i t - r a t e s h i g h e r t h a n 

8 K b i t s / s e c t h e two s y s t e m s g i v e s i m i l a r p e r f o r m a n c e and hence, , 

t h e s t r a i g h t Hadamard t r a n s f o r m c o d i n g i s more a t t r a c t i v e . 

2 . 1 5 . 4 . A d a p t i v e T r a n s f o r m C o d i n g . 

S i n c e speech i s a n o n - s t a t i o n a r y s i g n a l , t h e b i t a s s i g n m e n t 

g i v e n by ( 2 . 9 7 ) wou ld be m o r e e f f e c t i v e i f i t were based on t h e s h o r t -

t e r m s t a t i s t i c s o f speech s o u n d s . T h i s s o r t o f a p p r o a c h was s u g g e s t e d 

by Z e l i n s k i and N o l l ^ i n 1 9 7 7 , and c a l l e d a d a p t i v e t r a n s f o r m c o d i n g 

(ATC) . A b l o c k d i a g r a m o f t h e scheme i s shown i n F i g u r e 2 . 2 1 . 

I n ATC, t h e i n p u t s p e e c h segment s_ = {s^J k = 0 , 1 , . . . , N - 1 } 
* a 

i s g a i n - a d j u s t e d by a f a c t o r V = ( a ) , where a i s t h e e s t i m a t e d 

rms v a l u e o f t h e i n p u t segment t o be p r o c e s s e d , . i . e . , 

1 N - l 
o 2 - £ Z s . 2 . ( 2 . 9 8 ) N • n J 3 = 0 J 
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A d i s c r e t e c o s i n e t r a n s f o r m a t i o n o f l e n g t h N = 128 i s u s e d , r e s u l t i n g 

i n a t r a n s f o r m v e c t o r V £ , w h r e c_ i s t h e t r a n s f o r m o f s_. S i n c e Vc i s 

n o t known a t t h e d e c o d e r , a c o a r s e e s t i m a t i o n o f t h e v a r i a n c e s o f 

t h e t r a n s f o r m c o e f f i c i e n t s i s p r o p o s e d , based on t h e a s s u m p t i o n o f 

a smooth d i s t r i b u t i o n . The s u g g e s t i o n c o n s i s t s i n a v e r a g i n g t h e 

s q u a r e s o f t h e t r a n s f o r m c o e f f i c i e n t s o v e r M n e i g h b o u r i n g v a l u e s , 
A 

r e s u l t i n g i n a s e t o f L = N / M e s t i m a t e s a j 2 > w h i c h , a f t e r b e i n g 

* 2 

q u a n t i s e d t o , a r e t r a n s m i t t e d as s i d e i n f o r m a t i o n . Bo th t r a n s m i t t e r 

and r e c e i v e r u s e t h i s i n f o r m a t i o n t o c a l c u l a t e t h e q u a n t i s e r s t e p -

s i z e s and b i t a s s i g n m e n t , b a s e d o n t h e smooth a p p r o x i m a t i o n o f t h e 

d i s t r i b u t i o n , w h i c h i s o b t a i n e d b y l i n e a r i n t e r p o l a t i o n o f l o g a r i t h m 

v a l u e s . The q u a n t i s e r s a r e a d j u s t e d by v a r i a b l e g a i n c o n t r o l s 
A A 

a^ = ( a ^ ) , i = 0 , 1 , 1 1 1 , N - l , where a^ i s t a k e n f r o m t h e ..r 

a p p r o x i m a t e d d i s t r i b u t i o n , and t h e b i t a s s i g n m e n t i s g i v e n by 
* 1 2 N - l - 2 

b = B + - l o g 2 a . 2 - z l o g 2 a j ( 2 . 9 9 ) 
^ j = 0 

i = 0 , 1 , . . . , N - 1 , 

where B i s t h e a v e r a g e number o f b i t s e x c l u s i v e o f s i d e i n f o r m a t i o n . 

The number L o f e s t i m a t e s a . 2 t r a n s m i t t e d as s i d e i n f o r m a t i o n i s 
l 

s e t t o 1 6 , and r e q u i r e s a b i t - r a t e o f a p p r o x i m a t e l y 2 K b i t s / s e c . 

A t b i t - r a t e s e q u a l t o o r g r e a t e r t h a n 12 K b i t s / s e c t h i s s y s t e m 

p r o v i d e s a f a i r l y good p e r f o r m a n c e . A c o s i d e r a b l e amount o f a u d i b l e 

d i s t o r t i o n i s , h o w e v e r , i n c r e a s i n g l y o b s e r v e d a t l o w e r b i t - r a t e s , 

b u t t h e r e p r o d u c e d speech r e m a i n s i n t e l l i g i b l e i n t h e r a n g e o f 4 

t o 8 K b i t s / s e c . A l s o , i t has b e e n shown by means o f s u b j e c t i v e 
47 

t e s t s t h a t ATC i s b e t t e r t h a n s u b - b a n d c o d i n g and ADPCM w i t h v a r i a b l e 
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p r e d i c t o r (ADPCM-V) , a t b i t - r a t e s o f 2 4 , 1 6 , and 9 . 6 K b i t s / s e c . 

I n t e r m s o f sys tem c o m p l e x i t y , h o w e v e r , SBC i s s i m p l e r , and i t has 

47 

been a r g u e d t h a t i t i n v o l v e s a p p r o x i m a t e l y t h e same d e g r e e o f 

c o m p l e x i t y a s ADPCM-V. 
120 

I n a r e c e n t w o r k , Z e l i n s k i and N o l l h a v e p roposed two 

m o d i f i c a t i o n s t o t h e b a s i c s t r u c t u r e o f t h e ATC scheme. One had 

t h e p u r p o s e o f o b t a i n i n g a s i m p l e r i m p l e m e n t a t i o n . The o t h e r a imed 

t o i m p r o v e t h e speech q u a l i t y f o r lower b i t - r a t e s , w h i c h has b e e n 

o b s e r v e d t o be a f f e c t e d by t h e l o w - p a s s e f f e c t r e s u l t i n g f r o m t h e 

n o n - t r a n s m i s s i o n o f t h e h i g h end p o r t i o n o f t h e t r a n s f o r m domain a t 

l o w e r - b i t - r a t e s . The g e n e r a l c o m p l e x i t y o f t h e system i s , h o w e v e r , 

h i g h e r t h a n t h e d o m i n a n t c o e f f i c i e n t Hadamard t r a n s f o r m c o d i n g scheme, 

and t h e p e r f o r m a n c e i s s t i l l n o t good enough a t l o w t r a n s m i s s i o n 

b i t - r a t e s ( b e t w e e n 4 . 8 K b i t s / s e c and 8 K b i t s / s e c ) . 

A n o t h e r r e c e n t a p p r o a c h i n ATC t e c h n i q u e s i s known as v o c o d e r -
119 

d r i v e n ATC, and has b e e n s u g g e s t e d i n 1978 by T r i b o l e t and C r o c h i e r e . 

A t L i t e r a t e s b e t w e e n 8 and 16 K b i t s / s e c , t h i s sys tem, by means o f a 

much more complex a d a p t a t i o n s t r a t e g y , p e r f o r m s c o n s i d e r a b l y b e t t e r 

t h a n : . t h e o r i g i n a l ATC scheme o f Z e l i n s k i and N o l l , However , i t i s 

a g a i n n o t i c e a b l y d e g r a d e d when t h e r e g i o n o f 4 , 8 K b i t s / s e c i s approached 

The v o c o d e r - d r i v e n a d a p t i v e t r a n s f o r m c o d e r i s based on. a m o d e l 

o f t h e speech p r o d u c t i o n m e c h a n i s m , as i n t h e c a s e o f v o c o d e r 

s y s t e m s , i n o r d e r t o o b t a i n a more e f f i c i e n t b i t a l l o c a t i o n s t r a t e g y . 

I n a s e n s e , by u s i n g t h e DCT c o e f f i c i e n t s t h i s scheme p e r f o r m s a n LPC 

a n a l y s i s and s y n t h e s i s t o p r o v i d e a more a d e q u a t e spec t rum a p p r o x i m a t i o n 

i n c l u d i n g t h e p i t c h s t r u c t u r e , t h u s e n a b l i n g i t s p r e s e r v a t i o n . I n t h i s 

m e t h o d , s i d e i n f o r m a t i o n i s composed o f LPC p a r a m e t e r s and p i t c h 

i n f o r m a t i o n . 
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A n o t h e r p o s s i b i l i t y i n t r a n s f o r m c o d i n g i s t o c o n s i d e r t h e s e t 

o f o r t h o g o n a l i s e d e x p o n e n t i a l l y damped s i n u s o i d s w i t h f i x e d f r e q u e n c i e s 
121 

and f i x e d damping f o r e a c h f r e q u e n c y . These f o r m an i n t e r e s t i n g 

s e t o f f u n c t i o n s on a c c o u n t o f t h e i r s i m i l a r i t i e s t o waveforms. .o f 

v o i c e d speech . I n g e n e r a l , h o w e v e r , t r a n s f o r m c o d i n g t e c h n i q u e s 

s t i l l do n o t p r o v i d e good q u a l i t y speech a t b i t - r a t e s o f a b o u t 

4 . 8 K b i t s / s e c , and o n l y by means o f complex a d a p t a t i o n t e c h n i q u e s 

t h e s e schemes can p r o d u c e good r e s u l t s a t 8 K b i t s / s e c . 

2 , 1 6 . T ime C o d i n g . 

I n t h i s s e c t i o n an a t t e m p t w i l l be made t o b r i n g t o g e t h e r a 

number o f t i m e - d o m a i n d e v e l o p m e n t s on t h e s u b j e c t o f speech c o d i n g . 

These t e c h n i q u e s h a v e i n common t h e b a s i c c h a r a c t e r i s t i c o f 

e x t r a c t i n g i n f o r m a t i o n f r o m t h e s p e e c h waveform o n l y a t c e r t a i n t i m e 

i n s t a n t s , o r i n t e r v a l s . T h e y t h u s do n o t t r a n s m i t i n f o r m a t i o n a t 

e v e r y s a m p l i n g i n s t a n t , a s i n t h e c a s e w i t h wave form c o d e r s , n o r a r e 

t h e y based on a m o d e l o f s p e e c h p r o d u c t i o n mechanism, as t h e v o c o d e r -

t y p e d e v i c e s , a n d n e i t h e r do t h e y u s e t r a n s f o r m domain r e p r e s e n t a t i o n 

o f speech a s d o e s t h e c l a s s o f t r a n s f o r m c o d i n g t e c h n i q u e s , The 

methods c o n s i d e r e d i n t h i s s e c t i o n w i l l be r e f e r r e d t o as t i m e 
18 

c o d i n g t e c h n i q u e s , a t e r m w h i c h h a s b e e n u s e d by K i n g and G o s l i n g . 

I t s h o u l d be n o t e d t h a t s i n c e t i m e c o d i n g t e c h n i q u e s do n o t 

e x t r a c t i n f o r m a t i o n a t r e g u l a r - i n t e r v a l s , t h e y g e n e r a l l y p r o d u c e 

v a r i a b l e ^ i n f o r m a t i o n - r a t e o u t p u t s w h i c h r e q u i r e b u f f e r s t o r a g e i n 

o r d e r t o o b t a i n a c o n s t a n t d a t a r a t e f o r t r a n s m i s s i o n . T h i s a s p e c t 

has b e e n i n v e s t i g a t e d i n more d e t a i l , and t h e o r e t i c a l and e x p e r i m e n t a l 

r e s u l t s r e l a t i n g t o t h e p r o b l e m a r e g i v e n i n C h a p t e r 5 o f t h i s t h e s i s . 
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Some b a s i c s t r u c t u r e s w h i c h h a v e been d e v e l o p e d i n t h e a r e a 

o f t i m e c o d i n g w i l l now be c o n s i d e r e d . 

2 . 1 6 . 1 . C l i p p e d Speech . 
1 i f i 

I n 1 9 4 6 , L i c k l i d e r r e p o r t e d t h a t i n t e l l i g i b i l i t y i s l i t t l e 

a f f e c t e d by c l i p p i n g t h e s p e e c h w a v e f o r m , . a n d t h a t even w i t h i n f i n i t e 

p e a k c l i p p i n g , i n w h i c h t h e w a v e f o r m i s r e d u c e d t o r e c t a n g u l a r waves 

w i t h z e r o - c r o s s i n g s i d e n t i c a l t o t h o s e o f t h e o r i g i n a l s i g n a l , 

i n t e l l i g i b l e speech c o u l d b e a t t a i n e d . I t was f o u n d , h o w e v e r , t h a t 

i n t e l l i g i b i l i t y was c r i t i c a l l y a f f e c t e d i f c e n t r e r a t h e r t h a n p e a k 

c l i p p i n g was i n t r o d u c e d . T h i s c a n be e x p l a i n e d by t h e f a c t t h a t , 

d e p e n d i n g on t h e amount o f c e n t r e c l i p p l i n g , f o r m a n t s t r u c t u r e can 

be c o m p l e t e l y l o s t , 
137 

I n a n o t h e r w o r k , p u b l i s h e d b y L i c k l i d e r and P o l l a c k i n 1 9 4 8 , 

i t was v e r i f i e d t h a t i n t e l l i g i b i l i t y i s a f f e c t e d i f speech i s f i r s t 

d i f f e r e n t i a t e d o r i n t e g r a t e d b e f o r e i n f i n i t e c l i p p i n g , t h e f i r s t 

i m p r o v i n g and t h e l a t t e r r e d u c i n g i t . I n f a c t , h i g h l y i n t e l l i g i b l e 

speech, ( o y e r 90% word a r t i c u l a t i o n ) can be o b t a i n e d i f d i f f e r e n t i a t i o n 

p r e c e d e s t h e i n f i n i t e c l i p p i n g p r o c e s s . L i c k l i d e r and P o l l a c k a l s o 

v e r i f i e d t h a t d i f f e r e n t i a t i o n o r i n t e g r a t i o n f o l l o w i n g i n f i n i t e c l i p p i n g 

has: no s i g n i f i c a n t i n f l u e n c e on i n t e l l i g i b i l i t y , b u t a f f e c t s q u a l i t y , 

t h e l a t t e r i m p r q y i n g and t h e fpr imer w o r s e n i n g i t . I n a n y - c a s e , 

h o w e v e r , t h e q u a l i t y o f c l i p p e d s p e e c h i s p o o r . C l i p p e d s p e e c h 

sounds u n n a t u r a l and t a l k e r r e c o g n i t i o n i s n o t p r e s e r v e d . 
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E x p e r i m e n t s on t i m e q u a n t i s a t i o n o f i n f i n i t e l y c l i p p e d speech 
1 3 8 

have a l s o been c a r r i e d o u t , and two q u a n t i s a t i o n methods have 

b e e n t e s t e d . I n one o f t h e m , t h e q u a n t i s e d wave form s w i t c h e s a t 

t h e end o f a q u a n t i s a t i o n i n t e r v a l i f t h e i n p u t s i g n a l has s w i t c h e d 

i n t h a t i n t e r v a l (method A) ; and i n a n o t h e r (method B) , i f t h e i n p u t 

s i g n a l has s w i t c h e d a n odd number o f t i m e s d u r i n g t h a t i n t e r v a l . The 

a r r a n g e m e n t d i f f e r e n t i a t i o n - i n f i n i t e c l i p p e r - t i m e q u a n t i s e r - i n t e g r a t o r 

has b e e n u s e d . I n t e l l i g i b i l i t y t e s t s w i t h a q u a n t i s a t i o n i n t e r v a l 

AT = 0 . 1 msec h a v e shown t h a t method B g i v e s a b o u t t h e same s c o r e 

a s t h a t o f t h e s y s t e m w i t h o u t q u a n t i s a t i o n , and t h a t w i t h AT = 0 . 2 msec 

i n t e l l i g i b l e speech i s a t t a i n e d , b u t w i t h a r e d u c e d a r t i c u l a t i o n 

s c o r e ( a b o u t 6 5 % ) . Lower s c o r e s a r e o b t a i n e d u s i n g method A , b u t i f 

AT i s v e r y s m a l l (< 0 . 1 msec) b o t h methods a r e e x p e c t e d t o g i v e 

i d e n t i c a l r e s u l t s , s i n c e t h e i n p u t wave i s u n l i k e l y t o s w i t c h more 

t h a n once p e r i n t e r v a l . 

Many y e a r s a f t e r t h e w o r k o f L i c k l i d e r , Ainsworth"^^ c a r r i e d o u t 

some e x p e r i m e n t s i n w h i c h z e r o - c r o s s i n g s w e r e r e p r e s e n t e d by p u l s e s 

o f s h o r t d u r a t i o n w i t h p o s i t i v e o r n e g a t i v e p o l a r i t y . Best i n t e l l i g i b i l i t y 

s c o r e s w e r e o b t a i n e d i f p o s i t i v e - g o i n g and n e g a t i v e - g o i n g z e r o - c r o s s i n g s 

c o u l d be d i s t i n g u i s h e d , i n d e p e n d e n t l y o f p o l a r i t y , and t h e w o r s t 

r e s u l t s w e r e a c h i e v e d when no d i s t i n c t i o n c o u l d be made. 

U s i n g a q u a n t i s a t i o n i n t e r v a l e q u a l t o 0 . 1 msec, t h e b i t - r a t e 

r e q u i r e d f o r t h e t r a n s m i s s i o n o f c l i p p e d speech i s seen t o be 

10 K b i t s / s e c . I f a d v a n t a g e i s t a k e n o f t h e f a c t t h a t t h e a v e r a g e r a t e 

a t w h i c h d a t a ( z e r o - c r o s s i n g s ) i s p r o d u c e d i s l e s s t h a n t h e h i g h e r r a t e s 
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a t w h i c h s o u r c e somet imes p r o d u c e s i t s i n f o r m a t i o n , t h e n t h e 

n e c e s s a r y b i t - r a t e f o r t h e t r a n s m i s s i o n o f c l i p p e d speech i s 
14 

e s t i m a t e d t o be b e t w e e n 4 7 0 0 b i t s / s e c and 6 1 7 0 b i t s / s e c . I n 

t h i s c a s e , h o w e v e r , t h e d e l a y t h a t has t o be i n t r o d u c e d i n t o t h e 

c o m m u n i c a t i o n p r o c e s s may b e such as t o make two-way c o n v e r s a t i o n 

d i f f i c u l t . 

S i n c e speech q u a l i t y , and t o a c e r t a i n e x t e n t , i n t e l l i g i b i l i t y , 

a r e n o t i m p o r t a n t f a c t o r s i n space a p p l i c a t i o n s , c l i p p e d speech was 
139 

t h e t e c h n i q u e chosen f o r u s e i n t h e A p o l l o moon e x p l o r a t i o n p r o g r a m . 

An a n a l y s i s o f speech w a v e f o r m s has shown"'"7 t h a t f o r s m a l l 

i n t e r v a l s x b e t w e e n z e r o - c r o s s i n g s (x < 1 m s e c ) , t h e h a l f - w a v e s 

w i t h one e x t r e m e o n l y a r e t h e most f r e q u e n t o n e . F o r l a r g e r v a l u e s 

o f x , t w o - a b s o l u t e maxima h a l f - w a v e s a r e more l i k e l y t o o c c u r , and 

f o r e v e n l a r g e r v a l u e s o f x t h r e e - a b s o l u t e maxima h a l f - w a v e s a r e 

f o u n d . Based on t h e s e o b s e r v a t i o n s , Sobo lev and Telepnev^" 7 

p r o p o s e d a s i m p l e method t o i m p r o v e t h e q u a l i t y o f i n f i n i t e l y c l i p p e d 

s p e e c h , i n w h i c h t h e h a l f - w a v e s b e t w e e n z e r o - c r o s s i n g i n t e r v a l s 

( x ^ = t ^ + ^ - t ^ ) a r e a p p r o x i m a t e d by a smooth shape w i t h number o f 

a b s o l u t e maxima ( 1 o r 2 ) c o n t r o l l e d by x ^ . The s h a p i n g f u n c t i o n i s 

g i v e n by 
X 2 

g ± < t ) = ( + l ) i [ s i n t . ) + s i n — - ( t - t ± ) ] ( 2 . 1 0 0 ) . 
i i 

—6 

where e i s s e t e q u a l t o 5 . 7 x 1 0 s e c 2 i n o r d e r t o r e s u l t i n a 

shape w i t h v e r y s m a l l v a l l e y f o r x^ - 0 . 8 msec and l a r g e v a l l e y f o r 

x^ = 1 . 6 msec. 
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I n t h e above m e t h o d , a m p l i t u d e i n f o r m a t i o n i s a l s o o b t a i n e d 

e v e r y 10 msec by a v e r a g i n g t h e a b s o l u t e a m p l i t u d e v a l u e s o f speech 

o v e r t h i s p e r i o d . I n t e r m s o f q u a l i t y o f r e g e n e r a t e d speech , t h e 

sys tem has b e e n j u d g e d t o g i v e b e t t e r r e s u l t s t h a n c l i p p e d speech . 

The i m p r o v e m e n t , h o w e v e r , was n o t c o n s i d e r e d t o be s u f f i c i e n t f o r 

c o m m e r c i a l a p p l i c a t i o n . 

2 . 1 6 . 2 . T i m e - S h a p e P a t t e r n M a t c h i n g Coder . 

The idea o f u s i n g smooth shapes b e t w e e n z e r o - c r o s s i n g s i n o r d e r 

t o a c h i e v e a b e t t e r r e g e n e r a t i o n q u a l i t y o f speech has more r e c e n t l y 
18 

been f u r t h e r d e v e l o p e d . The t e c h n i q u e i s r e f e r r e d t o by K i n g and 
18 

G o s l i n g a s t i m e - e n c o d e d s p e e c h ( T E S ) . However , i t i s more a p p r o p r i a t e 

i n t h i s r e v i e w t o r e f e r t o t h e technique* as t i m e - s h a p e p a t t e r n 

m a t c h i n g c o d e r . 

I n t h e sys tem o f K i n g and G o s l i n g , z e r o - c r o s s i n g i n t e r v a l s x^ 

a r e l o g a r i t h m i c a l l y q u a n t i s e d , a n d shapes be tween c r o s s i n g s a r e d e f i n e d 

by t h e i r number o f a b s o l u t e maxima n^ . An a r r a y composed o f e l e m e n t s 

d e f i n e d by t i m e - s h a p e p a t t e r n s ( x . . , ri^) i s c o n s t r u c t e d . , and a f i n i t e . ; 

number N o f p a t t e r n s w i t h h i g h p r o b a b i l i t y o f o c c u r r e n c e i s s e l e c t e d 

t o compose t h e a r r a y w h i c h w i l l be a c t u a l l y u s e d i n t h e c o d i n g 

p r o c e s s , T h u s , t h e a r r a y i s c o m p r i s e d o f an N - s y m b o l a l p h a b e t . 

The c o d i n g p r o c e s s c o n s i s t s i n t r a n s m i t t i n g f o r e a c h speech 

segment b e t w e e n z e r o - c r o s s i n g s a b - b i t word c o r r e s p o n d i n g t o t a 

symbol n^) o f t h e a l p h a b e t . T h i s symbol i s s e l e c t e d i n such a 

w a y / t h a t t h e d i f f e r e n c e b e t w e e n t h e l o g - q u a n t i s e d z e r o - c r o s s i n g i n t e r v a l 

t o f t h e speech segment and x . i s minimum, and t h e d i f f e r e n c e b e t w e e n 
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t h e number o f a b s o l u t e maxima a s s o c i a t e d w i t h t^ and t h e number 

o f a b s o l u t e maxima o f t h e s p e e c h segment i s minimum. An n - b i t 

word i s a l s o t r a n s m i t t e d a f t e r e v e r y e i g h t symbols , w h i c h s i g n i f i e s 

t h e a v e r a g e a m p l i t u d e i n f o r m a t i o n f o r t h o s e symbols . 
18 

E x p e r i m e n t s h a v e b e e n c a r r i e d o u t w i t h : ( a ) N = 2 3 , b = 5 , 

n = 8,' ( b ) N = 1 6 , b = 4 , n = 8 ; a n d ( c ) N = 8 , b = 3 , n = 8 . I n 

t h e e a s e o f t h e s p e c i f i c a t i o n ( a ) , good speech i n t e l l i g i b i l i t y c a n 

be o b t a i n e d , b u t t h e l e v e l o f q u a l i t y i s n o t s u f f i c i e n t f o r 

t e l e p h o n e c o m m u n i c a t i o n a p p l i c a t i o n s . For t h e s p e c i f i c a t i o n s (b ) 
18 

and ( c ) i n t e l l i g i b l e s p e e c h has b e e n r e p o r t e d . I n t h e s e c a s e s , 

h o w e v e r , t h e q u a l i t y o f r e c o n s t r u c t e d speech i s s u b s t a n t i a l l y r e d u c e d 

and n a t u r a l n e s s i s l o s t . Based on a 900 sec X a v e r a g e z e r o - c r o s s i n g s 

r a t e , b i t - r a t e s o f 5 . 4 , 4 . 5 a n d 3 . 6 K b i t s / s e c , r e s p e c t i v e l y , have been 
18 

e s t i m a t e d when s p e c i f i c a t i o n s ( a ) , ( b ) , and ( c ) a r e u s e d . I t i s 

i m p o r t a n t t o n o t e t h a t t h e b i t - r a t e s b e i n g r e f e r r e d t o a r e a v e r a g e 

b i t - r a t e s , and t h a t d e l a y s o f t h e o r d e r o f 1 sec may be i n v o l v e d 

( s e e C h a p t e r 5 Of t h i s t h e s i s ) i n o r d e r t o c o n v e r t t h e v a r i a b l e - r a t e -

s o u r c e d a t a i n t o c o n s t a n t - t r a n s m i s s i o n - r a t e d a t a . However , f r o m a n 

i m p l e m e n t a t i o n po in t r ' :o f v i e w t h e t i m e - s h a p e p a t t e r n m a t c h i n g c o d e r 

i s a s i m p l e s y s t e m , and i t a p p e a r s w o r t h i n v e s t i g a t i n g on t h e 

p o s s i b i l i t i e s o f some f u r t h e r d e v e l o p m e n t o f t h i s t e c h n i q u e , 

2 . 1 6 . 3 . E x t r e m a l C o d i n g . 

A n o t h e r i m p o r t a n t s u g g e s t i o n i n t h e c l a s s o f t i m e c o d i n g t e c h n i q u e s 

i s known as e x t r e m a l c o d i n g , W h e r e a s d i f f e r e n t i a t e d and 

i n f i n i t e l y - c l i p p e d speech u s e s o n l y t h e t i m e i n s t a n t s o f e x t r e m e s , t h e 

e x t r e m a l c o d i n g u s e s as f u r t h e r i n f o r m a t i o n a b o u t t h e speech w a v e f o r m , 

t h e a m p l i t u d e s { A j , A 2 , , , , } a t t h e s e i n s t a n t s . T h u s , t h e t r a n s m i t t e d 
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i n f o r m a t i o n c o n s i s t s o f t h e s e a m p l i t u d e s p l u s t h e i n t e r v a l s t ^ + ^ - t ^ 

b e t w e e n e x t r e m e s . A t t h e r e c e i v e r , a smooth f u n c t i o n i s used t d 

i n t e r p o l a t e b e t w e e n them. A d d i t i o n a l o p e r a t i o n s a r e a l s o i n t r o d u c e d 

i n o r d e r t o remove t h e e x t r e m e s t h a t o c c u r d u r i n g s i l e n c e i n t e r v a l s 

due t o b a c k g r o u n d n o i s e , a n d a l s o t o remove t h e e x t r e m e s t h a t a r i s e 

f r o m s m a l l 'bumps' ( i . e . , e x t r e m a A . . and A . a r e removed i f 
J + -L J + x. 

' A j + 2 " A j + l ' < B ' A j + 1 ' A j I ' W h e r e ° < B < 1 } ' 

S u b j e c t i v e t e s t s h a v e shown t h a t w i t h a n a v e r a g e b i t - r a t e o f 

15 K b i t s / s e c , t h e e x t r e m a l c o d e r c a n p r o v i d e speech q u a l i t y w h i c h i s 

much t h e same a s w i t h 3 0 K b i t s / s e c PCM. Thus , a f a i r l y good q u a l i t y of 

r e c o n s t r u c t e d speech c a n be o b t a i n e d a t a n a v e r a g e b i t - r a t e o f 

15 K b i t s / s e c , However , t h e p e r f o r m a n c e i s n o t much improved f o r 

h i g h e r b i t - r a t e s . I n a d d i t i o n , f a i r l y l o n g d e l a y s ( o f t h e o r d e r o f 
14 

1 sec ) may be i n v o l v e d i n o r d e r t o c o n v e r t t h e v a r i a b l e - r a t e -

s o u r c e d a t a i n t o c o n s t a n t - t r a n s m i s s i o n - r a t e d a t a h a v i n g t h e a v e r a g e 

b i t - r a t e r e f e r r e d t o a b o v e . 

2 . 1 6 . 4 . P i t c h - S y n c h r o n o u s T ime C o d i n g . 

13 

I n e x p e r i m e n t s c o n d u c t e d i n 1 9 5 6 by D a v i d and McDonald am 

a t t e m p t was made t o e x p l o i t , i n a s i m p l e way , t h e q u a s i - p e r i o d i c i t y 

o f v o i c e d speech by t r a n s m i t t i n g o n l y one o f e v e r y N p i t c h p e r i o d s , 

and a t t h e r e c e i v e r , r e p e a t i n g t h e r e t a i n e d p e r i o d N - l t i m e s . F o r 

N - 6 and a monotone p i t c h o f 5 msec o n l y a s m a l l d e g r a d a t i o n i n 

i n t e l l i g i b i l i t y and q u a l i t y o f r e c o n s t r u c t e d speech was n o t e d . However , 
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t h e use o f v o c o d e r - g e n e r a t e d monotone speech p r e c l u d e d t h e 

o b s e r v a t i o n o f t h e e f f e c t s o f o v e r l a p p i n g o f r e c o n s t r u c t e d p e r i o d s 

o n t o t h e r e t a i n e d o n e s , when a c o n s i d e r a b l e v a r i a t i o n o f p i t c h 

e x i s t s o v e r t h e N p e r i o d s . I n t h e same w o r k , e x p e r i m e n t s r e v e a l e d 

t h a t t h e e l i m i n a t i o n o f 50% o f t h e p i t c h p e r i o d i m p l i e s a c o n s i d e r a b l e 

d e g r a d a t i o n o f speech i n t e l l i g i b i l i t y , and t h a t when t h i s p r o p o r t i o n 

i s i n c r e a s e d t h e s p e e c h i s a l m o s t u n i n t e l l i g i b l e . 

A n o t h e r t e c h n i q u e , c o n s i d e r e d many y e a r s l a t e r by S t o v e r , a l s o 

used e l i m i n a t i o n o f p o r t i o n s o f t h e p i t c h p e r i o d b u t i n a somewhat 

d i f f e r e n t w a y . N a t u r a l s p e e c h was used as i n p u t . S i n c e i t has been 
16 

o b s e r v e d t h a t t h e q u a l i t y o f v o i c e d sounds i s n o t much a f f e c t e d when 

o n l y 3 msec i s e x t r a c t e d f r o m e v e r y f i f t h p i t c h p e r i o d , w i t h t h e 

c o n d i t i o n t h a t t h e d a t a be r e c i r c u l a t e d a t t h e s p e a k e r ' s p i t c h r a t e , 

S t o v e r s e l e c t e d o n l y t h e 3 msec o f e v e r y f i f t h p i t c h p e r i o d o f 

i n f i n i t e l y c l i p p e d speech f o r t r a n s m i s s i o n . F o r u n v o i c e d sounds 

t h e r e c i r c u l a t i o n o c c u r s a t a pseudorandom r a t h e r t h a n a p e r i o d i d 

r a t e . I n t r a p i t c h e x p o n e n t i a l damping i s r e s t o r e d by an e x p o n e n t i a l 

f u n c t i o n g e n e r a t o r , a n d v o i c e d t o u n v o i c e d i n t e n s i t y r a t i o i s 

k e p t t o 20 dB. T h i s a r r a n g e m e n t h a s b e e n o b s e r v e d t o r e s t o r e some 

n a t u r a l n e s s w h i c h i s e l i m i n a t e d b y t h e c l i p p i n g p r o c e s s . Word 
16 

a r t i c u l a t i o n s c o r e s o f b e t w e e n 60% and 96% have been o b t a i n e d f o r 

b i t - r a t e s i n t h e r a n g e o f 122 t o 9 . 6 K b i t s / s e c , b u t t h e i n d i c a t i o n s 

a r e t h a t t h e speech q u a l i t y o b t a i n e d i s s t i l l poor a t t h e s e l o w - b i t - r a t e s . 
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These e x p e r i m e n t s , h o w e v e r , p r o v i d e some i n f o r m a t i o n on t h e 

p o s s i b i l i t i e s o f e x p l o i t i n g t h e q u a s i - p e r i o d i c i t y o f t h e v o i c e d 

speech w a v e f o r m , i n a s i m p l e way , u s i n g t h e t i m e c o d i n g a p p r o a c h . 

2 . 1 6 . 5 . A d a p t i v e A p e r t u r e C o d i n g . 
19 

A r e c e n t l y d e v e l o p e d t e c h n i q u e o f t i m e c o d i n g i s based on 

t h e c o n c e p t o f a p e r t u r e c o d i n g i n w h i c h sample a m p l i t u d e s a r e 

o n l y t r a n s m i t t e d a t s a m p l i n g i n s t a n t s where t h e a m p l i t u d e c r o s s e s 

a n a p e r t u r e c e n t r e d on t h e l a s t t r a n s m i t t e d sample . I n t h e 

r e c o n s t r u c t i o n p r o c e s s t h e n o n - t r a n s m i t t e d samples a r e i n t e r p o l a t e d 

( a c c o r d i n g t o some r u l e ) b e t w e e n e a c h p a i r o f t r a n s m i t t e d s a m p l e s . 

A method o f a p e r t u r e c o d i n g w i t h o u t e x p l i c i t t r a n s m i s s i o n o f 

t h e t i m e i n s t a n t s o f n o n - t r a n s m i t t e d samples has b e e n . d e s c r i b e d b y 
19 

J a y a n t and C h r i s t e n s e n , and i s i l l u s t r a t e d i n F i g u r e 2 . 2 2 . The 

a p e r t u r e l e n g t h L i s f i n i t e and i t s shape i s c o n v e r g e n t , d e f i n e d b y 

a number L o f P - p o i n t s { P ^ , P 2 , . . . P } , a number L o f N - p o i n t s 
Li 

{ N a , N 2 , 1 1 . , N jU and a Xf. z e r o " l e v e l Z , a c c o r d i n g t o t h e e q u a t i o n 
A ( t ) = A 0 . 2 " J t , ( 2 . 1 0 1 ) 

w h i c h has b e e n f o u n d a p p r o p r i a t e f o r speech w i t h v a l u e s o f J b e t w e e n 

0 . 5 and 1 , 

A s shown i n F i g u r e 2 . 2 2 , t h e p r e v i o u s l y t r a n s m i t t e d sample i s 

s ( o ) By c o n v e n t i o n . I f a sample s ( j ) c r o s s e s t h e a p e r t u r e , i t s 

n e a r e s t p o i n t P.. ' ( o r N^) i s t r a n s m i t t e d , i n d i c a t i n g t h a t i t s a m p l i t u d e 

has b e e n q u a n t i s e d t o P . ( o r N . ) , and t h a t samples a t t = 1 , 1 . . , j , 
J 3 

h a v e n o t b e e n t r a n s m i t t e d . I n t h e case t h a t no c r o s s i n g has o c c u r r e d 

up t o (and i n c l u d i n g ) t = L t h e n t h e sample a t t = L i s encoded b y 

t h e " z e r o " l e v e l Z . 
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I n F i g u r e 2 . 2 2 , t h e d a s h e d h o r i z o n t a l l i n e s i n d i c a t e t h a t i n 

t h e r e c o n s t r u c t i o n p r o c e s s , t h e a m p l i t u d e o f e a c h n o n - t r a n s m i t t e d 

sample i s s e t e q u a l t o t h e l a s t t r a n s m i t t e d sample a m p l i t u d e . T h i s 

i s e q u i v a l e n t t o a l s t - o r d e r p r e d i c t i o n w i t h c o e f f i c i e n t a i = 1 . 

F i r s t - o r d e r p r e d i c t i o n w i t h c o e f f i c i e n t a x < 1 , h i g h e r - o r d e r 

p r e d i c t i o n , and a d a p t a t i o n o f t h e p r e d i c t i o n c o e f f i c i e n t s have a l s o 

b e e n c o n s i d e r e d . 

A d a p t i v e a p e r t t i r e s h a v e b e e n s u g g e s t e d w h i c h f o l l o w t h e r u l e 

A o
( r + 1 ) = G l A 0

( r ) + G 2 (ADAPT) ( r ) 

where 
( r ) * (ADAPT)K ' = 1 i f I R < K 

s = l r " S 

= 0 o t h e r w i s e . 

I n t h e s e e x p r e s s i o n s , R^ i s t h e r u n l e n g t h o f t h e a p e r t u r e j , d e f i n e d 

a s t h e number o f samples w h i c h d i d n o t c r o s s t h e a p e r t u r e p l u s 1 , 

0 . 9 5 ^ Ga S 0 . 9 9 , and K = 6 , 6 , and 8 , f o r L - 1 , 2 , and 3 , r e s p e c t i v e l y . 

F o r 8 KHz s a m p l i n g , G 2 - 4 5 , and L = 3 w i t h Huf fman c o d i n g , 

t h e d e l a y i n v o l v e d has b e e n r e p o r t e d as 8 0 msec. T h i s can be 
19 

r e d u c e d t o 35 msec i f G 2 » 3 5 , a n d L - 2 w i t h o u t H u f f m a n c o d i n g . 

The u s e o f l s t - o r d e r a d a p t i v e p r e d i c t i o n and s a m p l i n g r a t e s o f 

8 and 12 K s a m p l e s / s e c r e s u l t e d i n h i g h l y i n t e l l i g i b l e speech a t average 

b i t - r a t e s o f 9 . 6 and 1 4 . 4 K b i t s / s e c , and t h e r e c o n s t r u c t e d speech has 

b e e n j u d g e d t o be b e t t e r t h a n a d a p t i v e d e l t a - m o d u l a t e d speech a t 

s i m i l a r b i t - r a t e s . H o w e v e r , a compromise e x i s t s s i n c e t h e l a t t e r 

i s a s i m p l e r c o d i n g scheme. 

(2.102a) 

(2.102b) 
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A t t h e b i t - r a t e s m e n t i o n e d a b o v e , some improvement has been 
20 

o b t a i n e d u s i n g o t h e r v a r i a t i o n s o f a d a p t i v e a p e r t u r e c o d i n g . 

I t s h o u l d be m e n t i o n e d t h a t t h e r e s u l t s p r e s e n t e d i n t h i s 

s e c t i o n on . - t ime c o d i n g t e c h n i q u e s s e r v e d t o i n d i c a t e t h a t t h e t i m e c o d i n g 

schemes can p r o d u c e b e t t e r r e s u l t s t h a n wave form c o d e r s a t l o w - t r a n s m i s s i o n 

b i t - r a t e s , w i t h o u t t h e r e b e i n g a n y m a j o r s a c r i f i c e i n t e rms o f c o m p l e x i t y 

( a l t h o u g h t h e y . a r e g e n e r a l l y n o t a s s i m p l e as wave fo rm c o d e r s ) . However , 

t h e r e i s t h e d i s a d v a n t a g e t h a t t h e d e l a y w h i c h must be i n t r o d u c e d i n t o 

t h e c o m m u n i c a t i o n p r o c e s s may somet imes be t o o l o n g t o p e r m i t n o r m a l 

t w o - w a y c o n v e r s a t i o n . 

2 . 1 7 . D i s c u s s i o n . 

From t h e l a r g e number o f s p e e c h c o d i n g t e c h n i q u e s p r e s e n t e d i n 

t h i s r e v i e w , i t can be s e e n t h a t a t v e r y l o w - b i t - r a t e s ( s u c h as 

4 . 8 K b i t s / s e c and l e s s ) , t h e q u a l i t y o f t h e speech o b t a i n e d i s s t i l l 

n o t s u f f i c i e n t l y good t o be a c c e p t a b l e f o r n o r m a l t e l e p h o n e c o m m u n i c a t i o n . 

V o c o d e r - t y p e t e c h n i q u e s a r e t h e o n l y ones w h i c h , i n most c a s e s , a r e 

c a p a b l e o f p r o d u c i n g f a i r l y good r e s u l t s a t l o w - b i t - r a t e s - t h e y d o , 

h o w e v e r , s u f f e r f r o m b e i n g t a l k e r and e n v i r o n m e n t d e p e n d e n t . F u r t h e r m o r e , 

f r o m a n i m p l e m e n t a t i o n " p o i n t o f v i e w , v o c o d e r - t y p e schemes a r e v e r y 

c o m p l e x . A t b i t - r a t e s o f r o u g h l y 9 . 6 K b i t s / s e c , t h o s e t e c h n i q u e s which 

a v o i d t h e p i t c h e x t r a c t i o n p r o b l e m , such a s t h e phase v o c o d e r and t h e -c 

v o i c e - e x c i t e d v o c o d e r c a n p r o v i d e , i n g e n e r a l , b e t t e r q u a l i t y (more 

n a t u r a l ) speech t h a n .can p i t c h - e x c i t e d v o c o d e r s . Those methods a r e , 

h o w e v e r , s t i l l f a i r l y complex and t h e speech q u a l i t y o b t a i n e d i s n o t 

s u f f i c i e n t f o r c o m m e r c i a l a p p l i c a t i o n . Systems w h i c h a r e v e r y e a s y 
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t o i m p l e m e n t , such as w a v e f o r m c o d e r s , can g i v e r e a s o n a b l y good q u a l i t y 

speech a t b i t - r a t e s above 16 K b i t s / s e c , b u t a r e n o t u s e f u l f o r 

l o w t r a n s m i s s i o n b i t - r a t e s . The s i g n a l q u a l i t y becomes poor when 

t h e b i t - r a t e a p p r o a c h e s t h e 8 K b i t s / s e c r a n g e . T r a n s f o r m c o d i n g 

t e c h n i q u e s , on t h e o t h e r h a n d , c a n u s u a l l y p r o v i d e r e a s o n a b l y good 

q u a l i t y s p e e c h a t b i t - r a t e s i n t h e r a n g e o f 9 . 6 K b i t s / s e c , b u t 

c o m m e r c i a l q u a l i t y i s s t i l l n o t a c h i e v e d a t t h e s e r a t e s . A t 

4 . 8 K b i t s / s e c , e v e n t h e most c o m p l e x f o r m s o f t r a n s f o r m c o d i n g c a n n o t 

p r o d u c e s u f f i c i e n t l y good q u a l i t y speech . However , t h e s i m p l i c i t y 

o f t h e Hadamard t r a n s f o r m c o d i n g t e c h n i q u e , i n p a r t i c u l a r , i s a n 

a t t r a c t i v e a s p e c t o f t h e s y s t e m . F u r t h e r i n v e s t i g a t i o n , f o r m i n g 

p a r t o f t h e r e s e a r c h w o r k r e p o r t e d o n : l i n t h i s t h e s i s , has been 

c a r r i e d o u t . T ime c o d i n g t e c h n i q u e s c o n s t i t u t e a n o t h e r c l a s s o f 

s y s t e m s , w h i c h i s f u r t h e r i n v e s t i g a t e d i n C h a p t e r 4 o f t h i s t h e s i s ; 

These t e c h n i q u e s e x p l o i t t h e c h a r a c t e r i s t i c s o f t h e speech w a v e f o r m 

t o a l a r g e r e x t e n t t h a n w a v e f o r m c o d e r s , and c a n p o t e n t i a l l y p r o d u c e 

more s i g n i f i c a n t r e s u l t s a t b i t - r a t e s be tween 4 . 8 K b i t s / s e c and 

9 , 6 K b i t s / s e c , w i t h o u t i n v o l v i n g a n y m a j o r s a c r i f i c e i n t e rms o f 

sys tem c o m p l e x i t y . I t i s , h o w e v e r , i m p o r t a n t t o n o t e t h a t t i m e c o d i n g 

methods s u f f e r f r o m d e l a y p r o b l e m s due t o t h e v a r i a b l e - r a t e - d a t a 

w h i c h i s i n g e n e r a l p r o d u c e d by t h e s e sys tems. These p r o b l e m s 

a r e t r e a t e d i n m o r e d e t a i l i n C h a p t e r 5 o f t h i s t h e s i s . 
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CHAPTER 3 

NEW APPROACHES TO THE HADAMARD 

TRANSFORM CODING OF SPEECH 

As m e n t i o n e d i n C h a p t e r 2 , t h e s e l e c t i o n and use o f dominant 

( h i g h - v a l u e ) Hadamard c o e f f i c i e n t s as a means o f o b t a i n i n g l o w - b i t - r a t e 

d i g i t a l l y coded speech has r e c e i v e d much a t t e n t i o n i n r e c e n t y e a r s . 

I t has b e e n f o u n d , h o w e v e r , t h a t a t b i t - r a t e s b e l o w 6 K b i t s / s e c t h e 

decoded s p e e c h o b t a i n e d w i t h t h e s i m p l e Hadamard t r a n s f o r m c o d i n g 
12 

t e c h n i q u e i s n o t o f c o m m e r c i a l q u a l i t y . I n f a c t , a t t h e s e l o w - b i t -

r a t e s , t h e p e r f o r m a n c e i s s u b s t a n t i a l l y l o w e r t h a n t h e r e s u l t s o b t a i n e d 

a t b i t - r a t e s o f 9 . 6 K b i t s / s e c and a b o v e . 

I n t h i s c h a p t e r , two m e t h o d s a imed a t i m p r o v i n g t h e p e r f o r m a n c e 

o f t h e sys tem a t t h e s e l o w - b i t - r a t e s a r e e x a m i n e d . I n t h e f i r s t p a r t 

o f t h e c h a p t e r , t h e p o s s i b i l i t y o f f u r t h e r e x p l o i t i n g t h e r e s i d u a l 

c o r r e l a t i o n b e t w e e n t h e d o m i n a n t c o e f f i c i e n t s o f t h e speech segments 

i n t h e Hadamard domain i s i n v e s t i g a t e d . I n t h e second p a r t , 

c o n s i d e r a t i o n i s g i v e n t o t h e e f f e c t s o f s p e c t r u m a l i a s i n g and 

d i s c o n t i n u i t i e s i n t h e Hadamard t r a n s f o r m coded speech . C e r t a i n 

m o d i f i c a t i o n s f o r r e d u c i n g t h e i n f l u e n c e o f t h e s e e f f e c t s w i t h o u t 

c h a n g i n g t h e b i t - r a t e a r e t h e n d i s c u s s e d . I l l u s t r a t i v e examples o f t h e 

r e s u l t s o b t a i n e d w i t h t h e s e m e t h o d s a r e i n c l u d e d i n t h e t a p e r e c o r d i n g 

a t t a c h e d t o t h i s t h e s i s . 
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3 . 1 . D o u b l e Hadamard T r a n s f o r m C o d i n g T e c h n i q u e . 

3 . 1 . 1 . M o t i v a t i o n 

U n l i k e t h e K a r h u n e n - L o e v e t r a n s f o r m , t h e s i g n a l c o r r e l a t i o n 

i s n o t c o m p l e t e l y e l i m i n a t e d b y t h e Hadamard t r a n s f o r m a t i o n . I n 

f a c t , one f i n d s a number o f n o n - v a n i s h i n g e l e m e n t s w h i c h a r e n o t 

l o c a t e d on t h e m a i n d i a g o n a l o f t h e c o v a r i a n c e m a t r i x i n t h e 

t r a n s f o r m d o m a i n . " ^ 4 C o n s e q u e n t l y , more e f f i c i e n t methods o f t r a n s m i s s i o n 

can be o b t a i n e d by e x p l o i t i n g t h i s r e s i d u a l r e d u n d a n c y w h i c h e x i s t s 

i n t h e Hadamard t r a n s f o r m r e p r e s e n t a t i o n o f t h e i n f o r m a t i o n s i g n a l . 
118 

One such p o s s i b i l i t y has b e e n i n v e s t i g a t e d by F r a n g o u l i s and T u r n e r . 

The method used c o n s i s t e d o f t h e s u c c e s s i v e a p p l i c a t i o n o f t h e 

Hadamard and Haar t r a n s f o r m s , such t h a t t h e r e m a i n i n g c o r r e l a t i o n 

b e t w e e n t h e Hadamard c o e f f i c i e n t s c o u l d be f u r t h e r e x p l o i t e d by t h e 

H a a r t r a n s f o r m . 

As n o t e d i n C h a p t e r 2 , a r e a s o n a b l y good q u a l i t y o f speech c a n 

be a t t a i n e d i f , o u t o f a t o t a l o f 6 4 , 7 o r 8 dominant c o e f f i c i e n t s 

f r o m t h e Hadamard t r a n s f o r m r e p r e s e n t a t i o n a r e u s e d . ^ I f some 

r e s i d u a l r e d u n d a n c y b e t w e e n t h e s e d o m i n a n t c o e f f i c i e n t s s t i l l r e m a i n s 

t h e n i t i s f e a s i b l e t o r e d u c e t h e i r r e p r e s e n t a t i o n r e s u l t i n g i n a 

m o r e e f f i c i e n t m e t h o d o f t r a n s m i s s i o n . One p o s s i b i l i t y i n v o l v e s t h e 

a p p l i c a t i o n o f a second Hadamard t r a n s f o r m a t i o n t o t h e s e t o f dominant 

c o e f f i c i e n t s , 
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I n t h e d o u b l e Hadamard t r a n s f o r m method an N - p o i n t t r a n s f o r m 

i s f i r s t a p p l i e d t o a b l o c k c o n s i s t i n g o f N speech samples 
£ 

0 ' S ' l ' " — ' r e s u l t i n 8 i n a s e t o f c o e f f i c i e n t s 

{ c Q , c l f . . . , c ^ } « c * g i v e n b y 

c = I ^ • O . I ) 
- N — 

w h e r e H^ i s t h e Hadamard m a t r i x o f o r d e r N . From t h e s e t o f c o e f f i c i e n t s 

{CQ , c , . . . , g i v e n b y ( 3 . 1 ) , a s u b - s e t i s s e l e c t e d , w h i c h 

c o n s i s t s o f n (< N) d o m i n a n t c o e f f i c i e n t s Cdg, d ^ , . . . , d^ = d*", 

where e a c h d ̂ , j = 0 , 1 , n - l , d e n o t e s one o f t h e dominant 

c o e f f i c i e n t s s e l e c t e d f r o m T h i s s u b - s e t o f dominant c o e f f i c i e n t s 

i s t h e n n - p o i n t Hadamard t r a n s f o r m e d t o h , w h i c h i s t h e d o u b l e Hadamard 

t r a n s f o r m r e p r e s e n t a t i o n o f t h e i n p u t s i g n a l , i . e . , 

h = 1 H . d , ( 3 . 2 ) — — n — n — 

where h*" = {hQ, h ^ , } • T t s h o u l d be n o t e d t h a t t h e 

s u c c e s s i v e a p p l i c a t i o n o f t h e t r a n s f o r m a t i o n , where t h e second 

a p p l i c a t i o n i s p e r f o r m e d on a sub—set o f t h e c o m p l e t e s e t o f N 

Hadajnard c o e f f i c i e n t s d i f f e r s f u n d a m e n t a l l y f r o m a s u c c e s s i v e a p p l i c a t i o n 

i n w h i c h t h e second one i s p e r f o r m e d on t h e c o m p l e t e s e t o f N Hadamard 

c o e f f i c i e n t s . The l a t t e r p r o c e d u r e would s i m p l y r e c o n v e r t t h e N 

Hadamard c o e f f i c i e n t s t o t h e o r i g i n a l speech s i g n a l . 
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3 . 1 . 2 . The A v e r a g e Power D e n s i t y F u n c t i o n i n t h e Doub le Hadamard 

T r a n s f o r m Domain . 

I n t h e i n v e s t i g a t i o n o f t h e p o t e n t i a l o f f e r e d by t h e d o u b l e 

Hadamard t r a n s f o r m m e t h o d , s p e c i f i c v a l u e s o f N = 64 and n = 8 w e r e 

c o n s i d e r e d . The m a i n f a c t o r g o v e r n i n g t h i s c h o i c e was t h e f a c t t h a t 

t h e 8 d o m i n a n t c o e f f i c i e n t r e p r e s e n t a t i o n o f 6 4 - p o i n t Hadamard 

t r a n s f o r m e d speech p r o v i d e s a r e a s o n a b l y good r e p r o d u c t i o n o f t h e s i g n a l . 

As o b s e r v e d i n C h a p t e r 2 , t h e p o s s i b i l i t i e s o f f e r e d by 

o r t h o g o n a l t r a n s f o r m methods l i e m a i n l y i n t h e d e g r e e t o w h i c h t h e 

d i s t r i b u t i o n o f t h e c o e f f i c i e n t s i n t h e t r a n s f o r m domain can be 

e f f i c i e n t l y e x p l o i t e d . I n t h e c a s e o f s t r a i g h t Hadamard t r a n s f o r m 

c o d i n g , f o r e x a m p l e , t h e a v e r a g e power d e n s i t y f u n c t i o n i n t h e 

t r a n s f o r m domain shows t h a t , d e p e n d i n g on t h e spoken m a t e r i a l and t h e 

s p e a k e r , b e t w e e n 55% and 88% o f t h e t o t a l power i s c o n c e n t r a t e d " * " ^ i n 
i 

t h e 8 dominant c o e f f i c i e n t s o u t o f t h e t o t a l 6 4 . 

The a i m o f i n t r o d u c i n g t h e d o u b l e Hadamard t r a n s f o r m t e c h n i q u e 

was t o d e t e r m i n e w h e t h e r o r n o t t h e u s e o f o n l y a s u b - s e t o f t h e 

c o e f f i c i e n t s o b t a i n e d a f t e r t h e a p p l i c a t i o n o f t h e second t r a n s f o r m a t i o n 

w o u l d e f f e c t i v e l y r e p r e s e n t t h e o r i g i n a l s e t o f dominant t e r m s . I n 

o r d e r t o o b t a i n q u a n t i t a t i v e d a t a on t h i s q u e s t i o n , speech s i g n a l s 

w e r e examined i n t e r m s o f t h e i r a v e r a g e power d e n s i t y f u n c t i o n i n t h e 

d o u b l e Hadamard t r a n s f o r m d o m a i n . The speech m a t e r i a l used i n t h i s 

i n v e s t i g a t i o n was l o w - p a s s f i l t e r e d t o 3 . 0 4 KHz and t h e n sampled 

a t a f r e q u e n c y o f 8 KHz, 
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F i g u r e s 3 . 1 t o 3 . 4 show t h e a v e r a g e power d i s t r i b u t i o n o f 

t h e 8 c o e f f i c i e n t s ( o r d e r e d f r o m t h e l a r g e s t t o t h e s m a l l e s t v a l u e s ) 

o b t a i n e d a f t e r t h e a p p l i c a t i o n o f t h e second Hadamard t r a n s f o r m a t i o n . 

The f i g u r e s r e l a t e t o f o u r d i f f e r e n t s e n t e n c e s t a k e n f r o m t h e H a r v a r d 

l i s t number 1 ( s e e a p p e n d i x ) . From t h e f i g u r e s i t can be seen t h a t 

most o f t h e power i s c o n c e n t r a t e d i n o n l y a s m a l l s u b - s e t o f t h e 

c o e f f i c i e n t s , i n d e p e n d e n t o f t h e speech m a t e r i a l . I n a d d i t i o n , t h e 

r e s u l t s i n d i c a t e t h a t t h i s c o n c e n t r a t i o n o c c u r s i r r e s p e c t i v e o f t h e 

sex o f t h e s p e a k e r , a l t h o u g h : t h e p e r c e n t a g e o f t h e t o t a l power c o n t a i n e d 

i n a f e w dominant c o e f f i c i e n t s can be seen t o be s l i g h t l y l o w e r i n t h e 

c a s e o f t h e f e m a l e s p e a k e r . The s p e c i f i c v a l u e s o f t h e p e r c e n t a g e 

power c o n t a i n e d i n 1 , 2 , and 3 d o m i n a n t c o e f f i c i e n t s a r e p r e s e n t e d 

i n T a b l e 3 . 1 f o r b o t h m a l e and f e m a l e s p e a k e r s , and f o r t h e same 

f o u r s e n t e n c e s u s e d i n F i g u r e s 3 . 1 t o 3 . 4 . These r e s u l t s show t h a t 

f o r t h e m a l e s p e a k e r b e t w e e n 4 0 , 2 % and 79.8% o f t h e t o t a l a v e r a g e 

power i s c o n t a i n e d i n t h e 1 t o 3 d o m i n a n t c o e f f i c i e n t s , r e s p e c t i v e l y , 

w h i l e f o r t h e f e m a l e s p e a k e r , t h e s e f i g u r e s a r e 37.4% and 7 8 . 2 % , 

r e s p e c t i v e l y . I f s h o u l d a l s o be n o t e d t h a t t h e p e r c e n t a g e power 

c o n t a i n e d i n 1 dominant c o e f f i c i e n t i s b e t w e e n 38,4% and 39.7% l e s s 

t h a n t h e c o n c e n t r a t i o n o f power i n 3 dominant c o e f f i c i e n t s . 
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T a b l e 3 . 1 . P e r c e n t a g e Power C o n t a i n e d I n Hadamard C o e f f i c i e n t s 

A f t e r Second T r a n s f o r m a t i o n . 

S e n t e n c e 
Number 

Number o f 
C o e f f i c i e n t s 

P e r c e n t a g e Power 
M a l e Speaker 

P e r c e n t a g e Power 
Female Speaker 

1 1 4 0 . 7 3 8 . 2 
2 6 4 . 6 6 2 . 3 
3 7 9 . 7 7 7 . 4 

2 1 4 1 . 0 3 7 . 4 
2 6 5 . 4 6 1 . 8 
3 7 9 . 8 7 6 . 9 

3 1 4 0 . 2 3 9 . 4 
2 6 3 . 3 6 3 . 3 
3 7 8 . 6 7 8 . 2 

4 1 4 0 , 2 3 7 . 8 
2 6 3 . 5 6 2 . 0 
3 7 9 . 2 7 7 . 5 
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3 . 1 . 3 . B i t A l l o c a t i o n f o r P r i m a r y and Secondary L a b e l l i n g . 

A s i m p l i f i e d b l o c k d i a g r a m o f t h e d o u b l e Hadamard t r a n s f o r m 

c o d i n g scheme i s shown i n F i g u r e 3 . 5 , where N - 64 and n = 8 . 

The i n p u t shown i n t h i s f i g u r e c o n s i s t s o f b l o c k s o f 64 samples o f 

a speech wave fo rm w h i c h has been l o w - p a s s f i l t e r e d and sampled a t 

a r a t e o f 8 K s a m p l e s / s e c . These b l o c k s (sj) o f samples a r e 6 4 - p o i n t 

Hadamard t r a n s f o r m e d , a c c o r d i n g t o e q u a t i o n ( 3 . 1 ) , t o c*" = ( c g , c ^ , 

•.*•.» c } and a s e t o f 8 d o m i n a n t c o e f f i c i e n t s d*" = { d n , d _ , . . . , d - } 
o J — (J 1 / 

i s s e l e c t e d . The c o r r e s p o n d i n g p o s i t i o n o f each d.. i n cy i s e x t r a c t e d 

f o r t r a n s m i s s i o n and i s d e n o t e d a s p r i m a r y l a b e l l i n g . A f t e r t h e 

s e l e c t i o n and e x t r a c t i o n o f 8 d o m i n a n t Hadamard c o e f f i c i e n t s , t h e 

n e x t s t a g e i n t h e e n c o d i n g p r o c e d u r e i s t o a p p l y an 8 - p o i n t Hadamard 

t r a n s f o r m t o t h e 8 p r e v i o u s l y s e l e c t e d c o e f f i c i e n t s (d ) , a c c o r d i n g 

t o e q u a t i o n ( 3 . 2 ) , and t o s e l e c t f r o m t h e new r e s u l t i n g Hadamard 

c o e f f i c i e n t s h1" = { h ^ , h ^ , h ^ } a r e d u c e d number (m) o f dominant 

c o e f f i c i e n t s . Th'e : a m p l i t u d e o f t h e s e c o e f f i c i e n t s a r e q u a n t i s e d and 

encoded f o r t r a n s m i s s i o n , a n d t h e i r c o r r e s p o n d i n g l o c a t i o n i n h , 

w h i c h i s d e n o t e d as s e c o n d a r y l a b e l l i n g i n F i g u r e 3 . 5 , i s a l s o 

t r a n s m i t t e d . 

A t t h e r e c e i v e r a l l c o e f f i c i e n t s i n li a r e s e t e q u a l t o z e r o , 

e x c e p t f o r t h e s e t o f m r e t a i n e d c o e f f i c i e n t s . The 8 - p o i n t i n v e r s e 

Hadamard t r a n s f o r m ( I H T ) i s t h e n t a k e n . T h i s r e s u l t s i n a s e t o f 

c o e f f i c i e n t s w h i c h r e p r e s e n t s a n a p p r o x i m a t i o n t o <1, U s i n g t h e 

p r i m a r y l a b e l l i n g t e c h n i q u e , t h e s e c o e f f i c i e n t s a r e p l a c e d i n t h e i r 
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a p p r o p r i a t e l o c a t i o n s i n w i t h a l l t h e r e m a i n i n g components b e i n g 

s e t e q u a l t o z e r o . I n t h e f i n a l s t a g e o f d e c o d i n g , a 6 4 - p o i n t 

i n v e r s e Hadamard t r a n s f o r m ( I H T ) i s a p p l i e d , and t h e r e s u l t i n g sequence 

o f samples i s t h e n l o w - p a s s f i l t e r e d t o p r o d u c e t h e o u t p u t speech . 

As has a l r e a d y been m e n t i o n e d , t h e p r i m a r y l a b e l l i n g i s o b t a i n e d 

by s e l e c t i n g t h e 8 h i g h a b s o l u t e v a l u e Hadamard c o e f f i c i e n t s f r o m 

t h e t o t a l o f 6 4 . I n o r d e r t o o b t a i n a r e d u c e d number o f l a b e l l i n g 

b i t s t h i s s e l e c t i o n was c a r r i e d o u t b e a r i n g i n mind t h e f o l l o w i n g 

two o b s e r v a t i o n s f r o m r e f e r e n c e 1 1 7 , c o n c e r n i n g dominant c o e f f i c i e n t s 

a s s o c i a t e d w i t h 6 4 - p o i n t Hadamard t r a n s f o r m e d speech: 

A . Each one o f 7 d o m i n a n t c o e f f i c i e n t s i s a s s o c i a t e d w i t h each 

o f t h e W a l s h - F o u r i e r s p e c t r a l components G 0 , G x , G 6 , 

w h i c h c o m p r i s e t h e f o l l o w i n g s e t s o f Hadamard c o e f f i c i e n t s i 

g0 : {Hadamard c o e f f i c i e n t : 0 } 

gx : {Hadamard c o e f f i c i e n t s : 32 t o 6 3 } 

g2 : {Hadamard c o e f f i c i e n t s : 16 t o 3 1 } 

g3 : {Hadamard c o e f f i c i e n t s : 8 t o 1 5 } 

g* : {Hadamard c o e f f i c i e n t s : 4 t o 7 } 

g3 ; {Hadamard c o e f f i c i e n t s : 2 and 3 } 

g« : {Hadamard c o e f f i c i e n t I 1 } . 



148 

B. T h e r e i s a h i g h p r o b a b i l i t y t h a t t h e 8 h i g h v a l u e Hadamard 

c o e f f i c i e n t s a r e c o n t a i n e d w i t h i n a s u b - s e t S o f 32 

c o e f f i c i e n t s , w h e r e S i s g i v e n by 

S => { 0 , 3 , 8 , 1 0 , 1 2 , 1 4 , 1 6 , 1 9 , 2 0 , 2 4 , 2 6 , 2 8 , 

3 0 , 3 2 , 3 4 , 3 6 , 3 8 , 3 9 , 4 0 , 4 2 , 4 4 , 4 6 , 4 8 , 

5 0 , 5 2 , 5 4 , 5 6 , 5 8 , 5 9 , 6 0 , 6 2 , 6 3 ) . 

On t h e b a s i s o f t h e s e o b s e r v a t i o n s , t h e s e t o f 8 dominant 

c o e f f i c i e n t s w e r e s e l e c t e d b y c h o o s i n g as a member o f t h e s e t t h e 

l a r g e s t a b s o l u t e v a l u e c o e f f i c i e n t i n e a c h o f t h e f o l l o w i n g g r o u p s ! 

50 = ( 0 > 

5 1 =» ( f r o m 32 t o 6 3 } 

5 2 = { 1 6 , 1 9 , 2 0 , 2 4 , 2 6 , 2 8 , 3 0 } 

5 3 = { 8 , 1 0 , 1 2 , 1 4 } 

S* = { 4 , 5 , 6 , 7 } 

5 5 = { 3 } 

5 6 = { 1 } 

5 7 » S - { 0 , 3 } . 

W i t h c o e f f i c i e n t s s e l e c t e d i n t h i s way , t h e number o f b i t s 

n e c e s s a r y t o i d e n t i f y t h e c o e f f i c i e n t a s s o c i a t e d w i t h e a c h o f t h e . 

s e t s a r e 0 , 5 , 3 , 2 , - 2 , 0 , 0 , and 5 , r e s p e c t i v e l y . T h i s c o n s t i t u t e s 

t h e b i t a l l o c a t i o n f o r p r i m a r y l a b e l l i n g . Thus , a t o t a l o f 17 b i t s 

a r e u s e d i n t h i s p r o c e d u r e . 
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The s e c o n d a r y l a b e l l i n g , w h i c h c o n s i s t s o f t h e i d e n t i f i c a t i o n o f 

t h e m dominant c o e f f i c i e n t s o u t o f 8 a f t e r t h e a p p l i c a t i o n o f 

t h e second Hadamard t r a n s f o r m a t i o n , i s o b t a i n e d by a s t r a i g h t f o r w a r d 

s e l e c t i o n f r o m t h e 8 c o e f f i c i e n t s . Thus , a f u r t h e r 3 b i t s p e r 

c o e f f i c i e n t a r e used f o r t h e p u r p o s e o f l a b e l l i n g t h e 8 c o e f f i c i e n t s , 

and t h e r e b y s i g n i f y i n g t o t h e r e c e i v e r w h i c h have been s e l e c t e d t o 

r e p r e s e n t t h e s p e e c h . 

3 . 1 . 4 . D i s c u s s i o n o f E x p e r i m e n t a l R e s u l t s . 

I n o r d e r t o o b t a i n some i n d i c a t i o n o f t h e s u b j e c t i v e q u a l i t y o f 

t h e r e c o n s t r u c t e d s p e e c h , t h e d o u b l e Hadamard t r a n s f o r m c o d i n g 

t e c h n i q u e was s i m u l a t e d on a d i g i t a l c o m p u t e r . The speech s i g n a l s 

used i n t h e s y s t e m i n p u t w e r e s e n t e n c e s t a k e n f r o m t h e H a r v a r d l i s t 

number 1 . The s e n t e n c e s w e r e f i r s t l o w - p a s s f i l t e r e d t o 3 . 0 4 KHz 

and t h e n sampled a t a r a t e o f 8 K s a m p l e s / s e c . The samples were A / D 

c o n v e r t e d u s i n g a 1 0 - b i t c o n v e r t o r v and t h e n f e d i n t o a PDP-15 

computer w h i c h was used t o s i m u l a t e t h e sys tem. A f t e r p r o c e s s i n g , - , 

t h e d i g i t i s e d samples w e r e a g a i n c o n v e r t e d t o a n a l o g u e f o r m by means 

o f a 1 0 - b i t D / A c o n v e r t o r , a n d t h e n l o w - p a s s f i l t e r e d t o r e c o v e r , t h e 

c o n t i n u o u s s i g n a l s . 

I n t h e d o u b l e Hadamard t r a n s f o r m c o d i n g a p p r o a c h t h e r e s u l t i n g 

b i t - r a t e ( b i t s / s e c ) i s g i v e n b y 

m 
B a (b + b + S b . ) , f / N ( 3 . 3 ) p s i s 

i = : l 

w h e r e b i s t h e t o t a l number o f b i t s p e r b l o c k used i n t h e p r i m a r y 
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l a b e l l i n g ^ b g i s t h e t o t a l number o f b i t s p e r : : b l o c k used i n t h e 

s e c o n d a r y l a b e l l i n g ; f i s t h e s a m p l i n g f r e q u e n c y ; and t h e b ^ ' s 

a r e t h e number o f b i t s u s e d f o r c o d i n g t h e a m p l i t u d e o f each t r a n s m i t t e d 

c o e f f i c i e n t . I n t h e p r e s e n t case N = 6 4 , b^ = 1 7 , f g = 8 KHz, 

and b = 3 . m . 
s 

The number (m) o f d o m i n a n t c o e f f i c i e n t s s e l e c t e d f r o m t h e 

second Hadamard t r a n s f o r m a t i o n was v a r i e d f r o m 1 t o 3 . I n t h e case 

o f m =» 1 , a n e i g h t - b i t l i n e a r q u a n t i s a t i o n o f t h e c o e f f i c i e n t a m p l i t u d e 

was u s e d ; f o r m = 2 , s e v e n b i t s p e r c o e f f i c i e n t w e r e u s e d ; and f o r 

m = 3 seven b i t s p e r c o e f f i c i e n t w e r e used f o r each o f t h e two l a r g e s t 

c o e f f i c i e n t s and s i x b i t s f o r t h e t h i r d c o e f f i c i e n t . Under t h e s e 

c o n d i t i o n s , t h e r e s u l t i n g b i t - r a t e s a s s o c i a t e d w i t h t h e e n c o d i n g 

w e r e 3 . 5 , 4 . 6 2 5 , and 5 . 7 5 K b i t s / s e c , f o r m - 1 , 2 , and 3 , r e s p e c t i v e l y . 

I n f o r m a l l i s t e n i n g t e s t s i n d i c a t e d ' t h a t even though - t h e 

q u a l i t y o f t h e r e p r o d u c e d s p e e c h was l o w e r t h a n wou ld be e x p e c t e d f r o m 

t h e r e s u l t s g i v e n b y t h e a v e r a g e power d e n s i t y f u n c t i o n , f a i r l y 

good speech i n t e l l i g i b i l i t y c o u l d be o b t a i n e d w i t h t h e 4 . 6 2 5 and 

5 , 7 5 K b i t s / s e c schemes, e s p e c i a l l y f o r m a l e v o i c e s . The s y s t e m ' s 

i n c r e a s e d a b i l i t y t o h a n d l e t h e m a l e r a t h e r t h a n t h e f e m a l e v o i c e can 

b e a c c o u n t e d f o r by t h e h i g h e r p e r c e n t a g e power c o n t a i n e d i n t h e 

dominant c o e f f i c i e n t s f o r t h e m a l e s p e a k e r . 

When o n l y one dominant c o e f f i c i e n t was used (in = 1 ) , w i t h i t s 

a s s o c i a t e d b i t - r a t e o f 3 , 5 K b i t s / s e c , t h e r e s u l t i n g speech q u a l i t y 

was poor b u t i n t e l l i g i b i l i t y was n o t l o s t . H o w e v e r , t h e q u a l i t y was 

c o n s i d e r a b l y worse t h a n t h a t o b t a i n e d when 3 dominant c o e f f i c i e n t s were 
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u s e d . I t s h o u l d be n o t e d t h a t t h e c o n c e n t r a t i o n o f t h e t o t a l a v e r a g e 

power i n t h e l a t t e r ( a p p r o x i m a t e l y 80%) was about t w i c e t h a t 

o b t a i n e d when o n l y 1 d o m i n a n t t e r m was u s e d . 

The f i r s t t h r e e s e c t i o n s o f t h e t a p e r e c o r d i n g i n c l u d e some 

o f t h e r e s u l t s o b t a i n e d f r o m t h e s i m u l a t i o n s a t t h e t h r e e p r e v i o u s l y 

m e n t i o n e d b i t - r a t e s , i n a d d i t i o n t o t h e r e s u l t s o b t a i n e d w i t h t h e 

o r i g i n a l Hadamard and H a d a m a r d - H a a r schemes, u s i n g t h e same speech 

m a t e r i a l , a t 4 . 8 7 5 K b i t s / s e c and 3 . 2 5 K b i t s / s e c . 

The f o l l o w i n g two i m p o r t a n t r e s u l t s a r e w o r t h n o t i n g w i t h r e g a r d 

t o t h e p e r f o r m a n c e and ease o f i m p l e m e n t a t i o n o f t h e 4 . 6 2 5 and 3 . 5 

K b i t s / s e c d o u b l e Hadamard t e c h n i q u e as compared w i t h t h e c o r r e s p o n d i n g 

Hadamard and Hadamard -Haar schemes o p e r a t i n g a t s i m i l a r b i t - r a t e s 

( 4 . 8 7 5 and 3 . 2 5 K b i t s / s e c ) : 

A . The speech r e p r o d u c e d b y t h e d o u b l e Hadamard t r a n s f o r m c o d i n g 

method sounds more n a t u r a l ( l e s s ' m e t a l l i c 1 ) t h a n t h a t p r o d u c e d 

b y t h e Hadamard and H a d a m a r d - H a a r t e c h n i q u e s ; and 

B. t h e d o u b l e Hadamard scheme i s m o r e e a s i l y i m p l e m e n t e d t h a n t h e 

Hadamard -Haar t e c h n i q u e , s i n c e t h e l a t t e r i n v o l v e s a t h r e e - v a l u e d 

second t r a n s f o r m a t i o n and i s o f much h i g h e r o r d e r (N = 64 ) t h a n 

t h e second Hadamard t r a n s f o r m ( n = 8) used i n t h e d o u b l e 

Hadamard t e c h n i q u e . The sys tem i s o n l y s l i g h t l y more c o m p l i c a t e d 

t o i m p l e m e n t t h a n t h e s t r a i g h t Hadamard e n c o d i n g scheme. 

The c o n c l u s i o n s can be summarised as f o l l o w s ! t h e t e c h n i q u e o f 

r e d u c i n g t h e r e s i d u a l r e d u n d a n c y i n dominant Hadamard c o e f f i c i e n t s 

b y a p p l y i n g a n o t h e r Hadamard t r a n s f o r m a t i o n can p r o v i d e i n t e l l i g i b l e , 
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t h o u g h somewhat n o i s y , s p e e c h r e p r o d u c t i o n a t l o w - b i t - r a t e s ( 5 . 7 5 , 

4 . 6 2 5 and 3 . 5 K b i t s / s e c ) , I t has t h e a d v a n t a g e o f sound ing more 

n a t u r a l t h a n t h a t o b t a i n e d when u s i n g t h e Hadamard and Hadamard-Haar 

t e c h n i q u e s , and f u r t h e r m o r e t h e sys tem p r e s e n t s a s i m p l e r s t r u c t u r e 

t h a n t h e Hadamard -Haar scheme. 

3 . 2 . The Combined Use o f O v e r s a m p l i n g and Smoothing i n D e c o d i n g . 

As has a l r e a d y b e e n m e n t i o n e d , t h e q u a l i t y o f t h e decoded speech 

o b t a i n e d w i t h t h e s i m p l e Hadamard c o d i n g i s s u b s t a n t i a l l y d e g r a d e d 

f o r b i t - r a t e s b e l o w 6 K b i t s / s e c . The work p r e s e n t e d i n t h i s s e c t i o n 

a i m s t o d e t e r m i n e some o f t h e f a c t o r s w h i c h may c o n t r i b u t e t o t h i s 

d e g r a d a t i o n , and t o i n t r o d u c e some m o d i f i c a t i o n s f o r r e d u c i n g t h e 

i n f l u e n c e o f t h e s e f a c t o r s . 

As t h e m a i n i n t e r e s t was i n l o w - b i t - r a t e Hadamard t r a n s f o r m c o d i n g 

schemes, two p a r t i c u l a r c a s e s , b o t h u s i n g a 6 4 - p o i n t t r a n s f o r m , 

w e r e c o n s i d e r e d . I n one c a s e , 3 d o m i n a n t c o e f f i c i e n t s were s e l e c t e d , 

w i t h 7 b i t s b e i n g u s e d f o r c o e f f i c i e n t - a m p l i t u d e q u a n t i s a t i o n . I n 

a n o t h e r c a s e , 4 d o m i n a n t c o e f f i c i e n t s w e r e s e l e c t e d , and 4 b i t s w e r e 

used f o r a m p l i t u d e q u a n t i s a t i o n . U s i n g a s a m p l i n g f r e q u e n c y o f 8 KHz, 

t h e c o r r e s p o n d i n g b i t - r a t e s a r e 4 . 8 7 5 K b i t s / s e c and 5 K b i t s / ' s e c f o r 

t h e 3 and 4^dominant c o e f f i c i e n t sys tems r e s p e c t i v e l y , 

3 , 2 , 1 , M o t i v a t i o n , 

I n t h e d e c o d i n g p r o c e s s a s s o c i a t e d w i t h t h e dominant c o e f f i c i e n t 

Hadamard t e c h n i q u e , an N - d i m e n s i o n a l sequence c o n s i s t i n g o f n ( < N) 
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t r a n s m i t t e d c o e f f i c i e n t s i n t h e i r c o r r e c t p o s i t i o n , and N - n z e r o 

e l e m e n t s i n t h e r e m a i n i n g p o s i t i o n s , i s i n v e r s e Hadamard t r a n s f o r m e d . 

The r e s u l t i s a sequence o f N samples a t a r a t e e q u a l t o t h e s a m p l i n g 

r a t e , w h i c h i s u s u a l l y 8 K ' s a m p l e s / s e c , T h i s sequence forms a 

s t a i r c a s e - s h a p e d w a v e f o r m s i n c e t h e decoded wave fo rm i s t h e r e s u l t 

o f a l i n e a r c o m b i n a t i o n o f a s m a l l number ( a s compared t o N) o f 

s q u a r e - w a v e f u n c t i o n s . 

I n o r d e r t o i l l u s t r a t e t h e t y p e o f r e g e n e r a t e d s i g n a l w h i c h 

i s o b t a i n e d f r o m a Hadamard t r a n s f o r m coder a t l o w - b i t - r a t e s , F i g u r e s 

3 , 6 t o 3 . 9 show 16 msec segments o f o r i g i n a l and p r o c e s s e d speech 

w a v e f o r m s . F i g u r e s 3 , 6 a n d 3 , 7 i l l u s t r a t e t h e r e c o n s t r u c t i o n b y t h e 

3 dominant Hadamard c o e f f i c i e n t s o u t o f a t o t a l o f 6 4 , f : \ F i g u r e s 3 . 8 

and 3 , 9 p r e s e n t , f o r t h e same s p e e c h segments r e s p e c t i v e l y , t h e 

r e g e n e r a t e d s i g n a l o b t a i n e d when t h e 4 dominant c o e f f i c i e n t s y s t e m 

was u s e d , As can be seen f r o m t h e s e f i g u r e s , t h e r e c o n s t r u c t e d 

w a v e f o r m i s o f t h e s t a i r c a s e t y p e . 

S p e c t r a l c h a r a c t e r i s t i c s o f b o t h t h e o r i g i n a l and Hadamard 

p r o c e s s e d speech a r e p r e s e n t e d i n F i g u r e s 3 , 1 0 t o 3 , 1 5 , The s h o r t -

t i m e s p e c t r u m m a g n i t u d e s o f two d i f f e r e n t 32 msec segments o f v o i c e d 

speech, a r e shown i n F i g u r e s 3 , 1 Q and 3 , 1 3 , The c o r r e s p o n d i n g s p e c t r u m 

m a g n i t u d e s f o r Hadamard p r o c e s s e d speech u s i n g 3 dominant c o e f f i c i e n t s 

a r e p r e s e n t e d i n F i g u r e s 3 , 1 1 and 3 , 1 4 . F i g u r e s 3 , 1 2 and 3 , 1 5 show 

t h e s p e c t r a r e s u l t i n g f r o m t h e u s e o f a 4 dominant c o e f f i c i e n t sys tem. 

The s p e c t r a l c h a r a c t e r i s t i c s o f t h e Hadamard p r o c e s s e d speech shown i n + 

t h e s e f i g u r e s a r e t y p i c a l e x a m p l e s o f t h e m a g n i t u d e s p e c t r a w h i c h 

w e r e o b t a i n e d f o r a w i d e v a r i e t y o f speech sounds. 
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Some i n t e r e s t i n g o b s e r v a t i o n s can be n o t e d f r o m v a r i o u s 

comparisons-among F i g u r e s 3 . 6 t o 3 . 1 5 . A l t h o u g h t h e p i t c h and 

t h e l o w - f r e q u e n c y s p e c t r u m o f t h e o r i g i n a l s i g n a l a r e p r e s e r v e d 

r e l a t i v e l y w e l l b y t h e e n c o d i n g p r o c e s s , i t i s c l e a r t h a t h i g h - f r e q u e n c y 

d i s t o r t i o n s o c c u r . The s p e c t r u m o f t h e Hadamard coded speech e x h i b i t s 

s t r o n g e r h i g h - f r e q u e n c y components w i t h r e s p e c t t o t h e l o w ones t h a n i s 

t h e case w i t h t h e o r i g i n a l s p e c t r u m . I n a d d i t i o n , t h e s p e c t r a l 

e n v e l o p e a t t h e s e h i g h f r e q u e n c i e s i s c o m p l e t e l y l o s t . T h i s can 

b e e x p l a i n e d , i n p a r t , b y a n a l i a s i n g e f f e c t r e s u l t i n g f r o m t h e 

w i d e - b a n d s p e c t r u m o f t h e r e g e n e r a t e d s i g n a l and t h e l o w o u t p u t s a m p l i n g 

r a t e ( 8 K s a m p l e s / s e c ) . 

A n o t h e r a s p e c t r o f t h e Hadamard r e c o n s t r u c t i o n o f speech s i g n a l s 

i s t h e d i s c o n t i n u i t i e s i n t h e p r o c e s s e d wave fo rm due t o t h e s t a i r c a s e 

shaped c h a r a c t e r i s t i c r e s u l t i n g f r o m t h e Hadamard t r a n s f o r m c o d i n g 

p r o c e s s . T h i s has b e e n c o n s i d e r e d as a f a c t o r a f f e c t i n g speech q u a l i t y 

when o n l y a s m a l l number o f Hadamard c o e f f i c i e n t s ( i n t h e p r e s e n t s t u d y , 

3 o r 4 o u t o f 6 4 ) a r e used t o t r a n s m i t speech i n f o r m a t i o n . 

I n t h e f i n a l p a r t o f t h i s s e c t i o n , a number o f m o d i f i c a t i o n s a r e 

i n t r o d u c e d i n t h e Hadamard coded speech i n o r d e r t o d e t e r m i n e t h e 

e x t e n t t o w h i c h t h e above two f a c t o r s c o n t r i b u t e t o t h e q u a l i t y 

d e g r a d a t i o n o b s e r v e d i n t h e r e g e n e r a t e d s i g n a l . 
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3 . 2 . 2 . P roposed M o d i f i c a t i o n s . 

I n a n a t t e m p t t o r e d u c e t h e i n f l u e n c e o f t h e a l i a s i n g e f f e c t , 

t h e number o f o u t p u t samples p e r second was i n c r e a s e d . The r e s u l t i n g 

w a v e f o r m , w h i c h i s t h e l o w - M t - r a t e Hadamard r e p r e s e n t a t i o n o f t h e 

o r i g i n a l s p e e c h , i s t h u s d e s c r i b e d i n t h e t i m e - d o m a i n by a number 

o f samples p e r second a t a much h i g h e r r a t e t h a n t h e o r i g i n a l 

s a m p l i n g r a t e . The d i r e c t consequence o f t h i s m o d i f i c a t i o n i s t h a t 

when t h e d i s c r e t e samples a r e p a s s e d t h r o u g h t h e o u t p u t l o w - p a s s 

f i l t e r t h e e x t e n t o f t h e a l i a s i n g i s r e d u c e d so t h a t t h e s p e c t r a l 

c h a r a c t e r i s t i c s r e p r e s e n t t h e p r o c e s s e d speech spec t rum more 

a c c u r a t e l y . O u t p u t s a m p l i n g r a t e s o f 2 and 4 t i m e s t h e o r i g i n a l 

s a m p l i n g r a t e ( i . e . , 16 and 3 2 K s a m p l e s / s e c r e s p e c t i v e l y ) , w e r e 

e x a m i n e d . 

A f u r t h e r m o d i f i c a t i o n o f t h e c o d i n g scheme concerned t h e 

smooth ing o f t h e p r o c e s s e d w a v e f o r m i n o r d e r t o a v o i d t h e 

d i s c o n t i n u i t i e s i n t r o d u c e d b y t h e Hadamard t r a n s f o r m p r o c e s s i n g . 

The smoothing o f t h e Hadamard w a v e f o r m r e p r e s e n t a t i o n o f speech c a n 

be t h o u g h t o f as a d a p t i v e l o w - p a s s f i l t e r i n g . T h i s p roduces a smooth 

w a v e f o r m f o l l o w i n g t h e c h a r a c t e r i s t i c s o f t h e Hadamard r e p r e s e n t a t i o n 

o f t h e o r i g i n a l s p e e c h , and a s such d i f f e r s s i g n i f i c a n t l y f r o m t h e 

u s u a l o u t p u t l o w - p a s s f i l t e r . 

V a r i o u s t y p e s o f smoothing w e r e c o n s i d e r e d , w i t h t h e f u n c t i o n s 

F ( X ) = X 2 ( 3 - 2 X ) and F ( X ) = s i n 2 (tt X / 2 ) b e i n g used as i n t e r p o l a t i n g 

f u n c t i o n s . I n some methods o f s m o o t h i n g , t h e z e r o - c r o s s i n g s o f t h e 
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Hadamard p r o c e s s e d speech w e r e p r e s e r v e d and t h e i n t e r p o l a t i n g 

f u n c t i o n s COS(27T X / 4 ) and s i n ( 2 i r X / 4 ) w e r e used f o r t h e p r e s e r v a t i o n 

o f t h e z e r o - c r o s s i n g s . The s m o o t h i n g o p e r a t i o n can be d e s c r i b e d a s 

follows! if A and B are the sample amplitudes at the time instants 

t ^ and t g , t h e n t h e a m p l i t u d e o f t h e sample i n t e r p o l a t e d a t t h e 

i n s t a n t t b e t w e e n t . and t „ i s g i v e n by 
A B 

s ( t ) = A + (B - A ) . F ( - ) . ( 3 . 4 ) 

The a m p l i t u d e s A a n d / o r .B w e r e t a k e n e i t h e r 

as t h e e x t r e m e s o f t h e 

Hadamard p r o c e s s e d s p e e c h , o r a s w a v e f o r m l e v e l s o f c o n s t a n t a m p l i t u d e 

i n t h e Hadamard r e c o n s t r u c t e d s p e e c h . I n t h e s e c a s e s , t h e i n s t a n t 
( t A o r t „ ) a s s o c i a t e d w i t h e a c h o f t h e s e a m p l i t u d e s (A o r B) was 

A J5 

t a k e n a s t h e m i d p o i n t , i n t i m e , o f t h e c o n s t a n t a m p l i t u d e i n t e r v a l . 

O b v i o u s l y , i n s i t u a t i o n s w h e r e t h e z e r o - c r o s s i n g s w e r e p r e s e r v e d , A 

( o r B) was e q u a l t o z e r o , and tA . ( o r t _ ) was a z e r o - c r o s s i n g p o s i t i o n . 
A D 

F i g u r e 3 . 1 6 i l l u s t r a t e s t h e smoothed waveform o f t h e Hadamard processed 

speech segment shown i n F i g u r e 3 . 7 . 

F i g u r e 3 , 1 7 shows t h e e f f e c t s on t h e s h o r t - t i m e spec t rum magn i tude 

o f t h e Hadamard p r o c e s s e d s p e e c h , when o u t p u t o v e r s a m p l i n g o f 

16 K s a m p l e s / s e c and w a v e f o r m s m o o t h i n g w e r e employed . The same 

speech segment used t o o b t a i n t h e s p e c t r u m m a g n i t u d e shown i n 

F i g u r e 3 , 1 3 was a l s o used i n F i g u r e 3 , 1 7 . The s p e c t r u m shown i n 

F i g u r e 3 . 1 7 i s a t y p i c a l e x a m p l e i l l u s t r a t i n g t h e e l i m i n a t i o n : o f t h e 
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e x t r a n e o u s h i g h - f r e q u e n c y components a p p e a r i n g i n t h e Hadamard processed 

speech (compare w i t h F i g u r e s 3 . 1 3 and 3 . 1 5 ) and a b e t t e r s h a p i n g o f the 

s p e c t r a l e n v e l o p e . These f i g u r e s d o , h o w e v e r , i l l u s t r a t e t h e 

i n a b i l i t y o f t h e l o w - b i t - r a t e Hadamard t r a n s f o r m c o d i n g t o p r e s e r v e 

t h e h i g h - f r e q u e n c y c h a r a c t e r i s t i c s o f t h e o r i g i n a l speech i n f o r m a t i o n . 

3 . 2 . 3 . Speech Q u a l i t y O b t a i n e d w i t h M o d i f i e d Hadamard C o d i n g . 

O r i g i n a l and m o d i f i e d Hadamard c o d i n g systems w e r e s i m u l a t e d 

on a PDP-15 c o m p u t e r , u s i n g s e n t e n c e s (spoken by b o t h m a l e and f e m a l e 

s p e a k e r s ) t a k e n f r o m t h e H a r v a r d l i s t number 1 . Two Hadamard t r a n s f o r m 

c o d i n g systems w e r e s i m u l a t e d - one used 3 dominant c o e f f i c i e n t s and 

7 b i t s p e r c o e f f i c i e n t a m p l i t u d e , and t h e o t h e r used 4 dominant 

c o e f f i c i e n t s and 4 b i t s t o q u a n t i s e e a c h c o e f f i c i e n t a m p l i t u d e . I n 

b o t h cases t h e o r d e r o f t h e t r a n s f o r m a t i o n was 6 4 , 

S e c t i o n 4 and 5 o f t h e e n c l o s e d t a p e r e c o r d i n g i l l u s t r a t e t h e 

e f f e c t o f o u t p u t o v e r s a m p l i n g a t 16 K s a m p l e s / s e c f o r t h e 3 and 4 

d o m i n a n t c o e f f i c i e n t s y s t e m s r e s p e c t i v e l y . S e c t i o n s 6 and 7 i l l u s t r a t e 

t h e e f f e c t o f t h e combined u s e o f o v e r s a m p l i n g and smooth ing i n d e c o d i n g . 

The q u a l i t y o f t h e o r i g i n a l Hadamard s y s t e m s , a t t h e l o w - b i t - r a t e s 

c o n s i d e r e d i n : t h i s s t u d y , i s v e r y p o o r as compared w i t h e x i s t i n g complex 

schemes o p e r a t i n g a t s i m i l a r b i t - r a t e s . A l t h o u g h s p e c t r a l improvements 

w e r e o b t a i n e d w i t h , t h e m o d i f i e d Hadamard c o d i n g , s i m u l a t i o n o f t h e 

systems r e v e a l e d t h a i , t h e r e s u l t i n g speech q u a l i t y i s s t i l l n o t good 

enough , I n c r e a s i n g t h e o u t p u t s a m p l i n g r a t e was found t o p roduce o n l y 

a m a r g i n a l r e d u c t i o n i n t h e n o i s e c h a r a c t e r i s t i c s a s s o c i a t e d w i t h t h e 
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p r o c e s s e d s p e e c h . T h i s c a n be e x p l a i n e d by t h e f a c t t h a t a l t h o u g h 

t h e a l i a s i n g e f f e c t i s i m p o r t a n t , t h e o t h e r d e g r a d i n g f a c t o r s 

a s s o c i a t e d w i t h t h e Hadamard t r a n s f o r m method o f c o d i n g a r e i n 

c o m p a r i s o n v e r y much more s e r i o u s . The i n t r o d u c t i o n o f wave form 

s m o o t h i n g , h o w e v e r , t e n d s t o r e d u c e t h e ' h a r s h n e s s * o f t h e r e c o n s t r u c t e d 

s i g n a l , p a r t i c u l a r l y when combined w i t h t h e i n c r e a s e d o u t p u t s a m p l i n g 

r a t e . A l t h o u g h s i g n i f i c a n t l y b e t t e r t h a n t h a t o b t a i n e d w i t h s t r a i g h t 

Hadamard c o d i n g , t h e r e s u l t i n g s p e e c h i s s t i l l n o t o f c o m m e r c i a l q u a l i t y . 

A l t h o u g h n o t i n c l u d e d i n t h e a t t a c h e d r e c o r d e d m a t e r i a l , t h e 

e f f e c t o f u s i n g o n l y w a v e f o r m smooth ing i s t o p r o d u c e a ' m u f f l e d ' 

speech w h i c h i s more d e g r a d e d t h a n t h a t o b t a i n e d f r o m t h e combined u s e 

o f o v e r s a m p l i n g and s m o o t h i n g i n d e c o d i n g . T h i s i n d i c a t e s t h a t i f 

t h e a l i a s i n g e f f e c t i s n o t r e d u c e d , t h e l o w - p a s s c h a r a c t e r i s t i c 

r e s u l t i n g f r o m t h e s m o o t h i n g p r o c e s s i s n o t s u f f i c i e n t t o p r o d u c e 

r e s u l t s w h i c h a r e n o t i c e a b l y s u p e r i o r t o t h o s e o b t a i n e d w i t h t h e 

o r i g i n a l Hadamard t e c h n i q u e . 

The speech q u a l i t y o b t a i n e d when u s i n g t h e i n c r e a s e d o u t p u t 

s a m p l i n g r a t e o f 16 K s a m p l e s / s e c d i f f e r e d v e r y l i t t l e f r o m t h a t 

o b t a i n e d w i t h 3 2 K s a m p l e s / s e c . I n a d d i t i o n , t h e d i f f e r e n c e b e t w e e n 

t h e speech q u a l i t y o b t a i n e d w i t h t h e v a r i o u s methods o f smooth ing was 

n o t s i g n i f i c a n t . 

The m a i n c o n c l u s i o n s c a n be summarised as f o l l o w s : t h e o i n v e s t i g a t i o n 

has r e v e a l e d t h a t a l i a s i n g r e s u l t s i n a s m a l l " , c o n t r i b u t i o n t o t h e 

d i s t o r t i o n s , and t h a t t h e i n h e r e n t d e g r a d a t i o n due t o Hadamard c o d i n g 
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i s much g r e a t e r . When t h e e l i m i n a t i o n o f t h e a l i a s i n g e f f e c t i s 

c o u p l e d w i t h t h e smooth ing o f t h e w a v e f o r m , a n o t i c e a b l e improvement 

i n t h e q u a l i t y o f : t h e r e g e n e r a t e d speech r e s u l t s . A l t h o u g h t h i s 

improvement does n o t r e s u l t i n s p e e c h o f c o m m e r c i a l q u a l i t y , i t 

i n d i c a t e s t h a t t h e method may be u s e f u l when a p p l i e d t o o t h e r c o d i n g 

t e c h n i q u e s w h i c h i n v o l v e s i m i l a r s i g n a l r e g e n e r a t i o n schemes. 
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Figure 3 .5 . Double Hadamard transform coding. 
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Figure 3.14. Short-time spectrum magnitude of the same speech segment as used 

in Figure 3.13. , reconstructed by the 3 dominant coefficient system. 







Short-time spectrum magnitude of the same original speech used 

in Figure 3.15. , after Hadamard processing, over-sampling (16 KHz) 

and smoothing. 
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CHAPTER 4 

TIME CODING OF SPEECH SIGNALS 

4.1. Introduction. 

It was seen in Chapter 2 that, of the available methods of 

speech coding, schemes of intermediate complexity do not produce 

good quality speech at bit-rates below 8 Kbits/sec, even though 

intelligibility is usually preserved. From the point of view of 

implementation, waveform coding schemes are simple, but the speech 

quality obtained at bit-rates of about 8 Kbits/sec is poor. Also, 

by their very nature, these methods cannot operate at rates below 

1 bit per sample. Delta-modulation, for instance, operates at 

1 bit/sample, but requires a sampling rate considerably above 

the Nyquist rate. On the other hand, vocoder-type schemes can 

operate at bit-rates below 4.8 Kbits/sec, give reasonable though 

not commercial quality speech, but are complex systems to implement. 

In addition, performance is dependent on both the speaker and the 

enyironment. In the case of transform coding methods, relatively 

simple techniques of the Hadamard type do not appear to be capable 

of giving fairly good speech quality at low-bit-rates. As was seen 

in Chapter 3, significant improvements are not obtained even if 

certain special strategies are employed in the Hadamard domain. 

Hence, some schemes of intermediate complexity which may be able to 

produce good quality speech at bit-rates less than 8 Kbits/sec must 

be considered. 



179 

Of the schemes of intermediate complexity which have the 

potential for operating at bit-rates below 8 Kbits/sec, time 

coding appears to be promising. On account of this, a major part 

of the research reported on in this thesis was devoted to the study 

of systems of this kind, and the question of developing a time 

coding scheme capable of giving the required quality at rates of 

8 Kbits/sec or lower. The time coding approach is promising since 

it can be arranged to take account of the quasi-periodic nature of 

voiced speech waveforms, and to exploit the characteristics of the 

speech waveform to a larger extent than waveform coders. Time 

coding techniques are potentially capable of producing more significant 

results at low-bit-rates. 

In the development of a new time coding technique it was necessary 

to formulate (1) a method of classifying voiced and unvoiced sections 

of speech; (2) a pitch detection algorithm which gives pitch period 

markers directly on the pitch peaks of voiced speech waveforms; 

(3) a simple technique for encoding the voiced segments of the speech 

waveform; and (4) a simple technique for encoding the unvoiced segments 

of the speech, waveform. 

In the following section a new time-domain pitch period detector 

is described. Then, in section 4,3 a series of five experiments 

on pitch-synchronous time coding of voiced speech are presented. 

The new pitch period detection method forms the basis of the approach. 

In section 4.4 a method of clipped unvoiced speech regeneration is 

suggested. Then, the ideas and methods set out in sections 4.2, 4 .3, 
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and 4.4 are employed in the development of a new scheme for the 

time coding of speech signals, which is described in section 4.5. 

The new scheme operates at an average bit-rate of 7.6 Kbits/sec. 

The results obtained from a computer simulation of the system are 

included on the attached tape recording, and a discussion of these 

results is given in section 4.6 . 

4.2. A Time-Domain Pitch Period Detector. 

4 .2 .1 . General Comments. 

The determination of the quasi-periodicity existing in voiced 

sound waveforms is known as pitch detection. Pitch detection is 

an important problem in most areas of speech research. In particular, 

a reliable pitch period detection is an essential element of low-bit-

rate speech coding systems (e .g . , vocoder-type systems). Such 

detectors strongly influence the quality of the regenerated speech 

since the human ear is sensitive to small variations in this parameter. 

The major improvements of speech quality obtained with the voice-

excited vocoder are in fact indicative of the important role played 

by pitch in the subjective quality of speech. In addition, the quality 

of vocoder-synthesized speech is considerably improved if the voiced 

source of the model consists of a series of pulses with separation 

obtained by eye detection from the original waveform. 

In most cases the identification by eye (on a period-by-period 

basis) of the quasi-periodicity of the voiced speech waveforms constitutes 

an accurate and often easy method of pitch detection. However, the 

development of a machine to perform this task presents serious 
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difficulties. Firstly, the classification of speech signals into 

purely voiced or unvoiced regions is an oversimplification. There 

are, for instance, sounds, such as the voiced fricatives, whose 

generation involves both types of excitation. Consequently the 

excitation source is not well defined by a periodic sequence of 

pulses. Secondly, the excitation for voiced sounds is not exactly 

periodic but exhibits, in general, small (but sometimes quite 

significant) variations from period to period. This is true not 

only with regard to the time intervals but also refers to amplitudes 

and shapes. In fact, the large peaks of the speech waveform (the 

pitch peaks) , which often appear at the beginning of each pitch 

period, usually have a wide dynamic range. This makes it difficult 

to automatically detect the peaks unless special techniques are 

employed. Another factor which contributes to the complexity of the 

problem of pitch detection is related to the effects of the formant 

structure on the periodicity of the waveforms. Furthermore, the lack 

of precise information with respect to what points should be chosen 

as the beginning and end of each pitch period leads in some instances 

to different measurements being taken from the same speech material. 

In the time coding approach considered in this chapter, the 

pitch detection algorithm is expected to satisfy the following 

requirements; (1) involves only simple operations^ (2) is compatible 

with the operations employed in time coding, which involve direct 

time-domain measurements of the speech waveform; (3) provides pitch 

period markers directly on the pitch peaks of the speech waveform; 

and (4) yields pitch period markers which are in good agreement with 

those obtained by visual inspection of the original waveform. 
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Despite the difficulties involved in the estimation of the 

periodicity of voiced speech waveforms, the need for a reliable 

and simple algorithm has stimulated the development of a large 

number of pitch detection schemes.141 1 5 5 However, most of these 

schemes involve complex signal processing operations (e.g. , cepstral 

analysis and autocorrelation analysis) and do not satisfy requirements 

(2) and (3) above. Pitch detection algorithms which satisfy condition 

(2) use time-domain techniques, and attempt to determine the signal 

periodicity from the waveform information only.1 4 1 1 4 5 However, 

these time-domain algorithms either require a large number of tests 

to obtain an estimate of the pitch period, or do not give reasonably 

accurate estimates. For these reasons it was found more appropriate to 

4evelop a new algorithm which would involve both a reduced number of 

tests for obtaining an estimate of the pitch period, and also 

satisfy the four requirements mentioned above. The main application 

intended for pitch detection was in the new time coding technique 

described in section 4.5 . 

It should be mentioned at this point that the performance of a 

pitch detector can be considerably improved if a non-linear smoothing 

156—158 

algorithm is used. The effect of non-linear smoothing on a 

pitch period contour is illustrated in Figure 4.1. This is a typical 

result obtained by Rabiner et a l . 1 5 8 when applying the algorithm 

to smooth the pitch data. However, the application of non-linear 

smoothing to the new pitch detection algorithm will not be considered 

in the present work. 
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4.2.2. Description of the New Pitch Detection Algorithm. 

The pitch detecion algorithm to be described uses only the 

time-domain information relating to the voiced speech signal. The 

algorithm is partially based on the 'peakedness* of the waveform, 

but does not require threshold detection of peaks thus avoiding the 

difficulties arising from the wide dynamic! range of speech. 

The original speech was initially low-pass filtered at 3.04 KHz 

and then sampled at a rate equal to 8 Ksamples/sec, thus providing 

a time scale : resolution of 125 usee on the measurements. The 

algorithm was designed to span a range of pitch periods varying from 

2.5 msec to 16 msec. 

For a given segment of voiced speech waveform the method aims 

to provide two pitch markers at sample positions NP1 .and NP2, which 

correspond to two successive pitch peaks of the waveform. 

The time-domain pitch period detection algorithm (TDPD) comprises 

the following steps: 

Step 1. 

Because of the upper limit of 16 msec (128 samples) considered 

in this algorithm, a speech segment of 32 msec duration was used in 

the search for the pitch markers. The first marker NP1 was selected 

in this first step as the location of the maximum absolute value sample 

amplitude in the initial 16 msec portion of the segment. The reason 

for taking into consideration both positive and negative amplitudes 

concerns the fact that the pitch peaks are, in some instances, in 

greater evidence in either one or the other polarity. This, in fact, 
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is one of the main causes of errors in the algorithm developed by 

142 

Gold which considers only the positive polarity. This property 

of the speech signal is illustrated in Figure 4.2 for two segments 

of 32 msec-long speech waveforms. 

The sign of the sample in NP1 gives the polarity for pitch period 

search in the segment being analysed. In this initial step the aim 

was to select a few samples of the segment which are most likely to 

contain the second pitch marker (NP2). The purpose of this selection 

was to reduce the problems created by the formant structure on the 

measurements related to the waveform periodicity. One way of 
148 

reducing the effects of the formant structure, considered by Sondhi, 

consists of applying a centre clipping process. In the case of 

the TDPD algorithm, however, a number (N) of samples were chosen from 

the range R = [NP1 + 20, NP1 + 128] such that: a) the interval 

between two successive zero-crossings was allowed to contain, at most, 

one of these samples; and b) the samples selected were of the largest 

absolute amplitudes in the range R. It should be noted that only a single 

polarity (as given by the sample at NP1) is considered. 

Since the minimum and maximum values of the pitch period spanned 

by this algorithm (TDPD) are 2,5 msec and 16 msec, respectively, it 

is expected that the range R contains between one and six pitch periods. 

Thus, for the case of high-pitch speakers, N should not be set to 

a value less than 6, since in this situation the second pitch peak 

could be missed. For this reason N was set to 6. However, it should 

be noted that this is the maximum value of N because it it possible 
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that, for low-pitch speakers and sounds with low first formant, for 

instance, the number of samples N found in the interval R (with the 

properties a) and b) previously mentioned) is less than 6. 

The notation used in the TDPD algorithm was (s(l) , s ( 2 ) , . . . , 

s(256) } for the segment (s) of 32 msec length, (L(l), L(2), . . . , L(N) } 

for the positions of the samples selected in this initial phase of the 

algorithm, and NP1 and NP2 for the location of the two pitch period 

markers. Figure 4.3 illustrates the selection of NP1 and the N 

(in this case 6) peaks. Figure 4.4 shows the output of step 1 for 

the speech segment shown in Figure 4.3. The set of positions 

{L(j); j = 1, . . . , N) was ordered such that L(m) > L(n) if m > n. 

Step 2. 

This step involves a simple first estimate of NP2 (the second pitch 

period marker) , and is based on the regularity of voiced speech 

waveformst The following test was applied to the sample locations 

obtained from step 1. 

Consider the set {L(j) ; j - 1, , . , , N} starting with j = 1, and 

do NP2 = L(j) , If 

\(W2 - NP1) - [L(j + 1) - NP2 ] | < a, |'(NP2 - NP1) |, (4.1) 

then perform step 3. In this expression, the most desirable value 

of a was found, experimentally, to be a ~ 0,17. If condition (4.1) 

was not satisfied, then the largest absolute value amplitude between 

S(NP2) and s[L(j + 1 ) ] should be chosen, i . e . , 

max { j s(n) |; n = NP2, L(j + 1)} . 
m 
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Then, NP2 is set equal to the location of this maximum, j is set 

to j + 1, and the regularity test (4.1) is repeated. It should 

be noted that the selection of the maximum was included in order 

to eliminate the peaks which are unlikely to be good candidates for 

the second pitch peak. This selection was based on the fact that the 

pitch period is generally characterised by larger absolute value 

amplitudes in its initial than in its final portion. 

In cases when the last peak [position: L(N) ] was used without 

(4.1 ) being satisfied, perform step 5. 

Step 3. 

The following test aims to avoid the situation which arises when 

a strong"peak occurs approximately half way between two adjacent pitch 

peaks, as illustrated in Figure 4 .5 , The test is required in order to 

avoid erroneously halving the estimate of the pitch period. 

The test consisted of determining the minimum absolute value 

amplitude (§) between s(NPl) and s[L(j + 1)] (as given by step 2), i .e . , 

s ~ min (|s(n)|; n = NP1, L(j + 1)} (4.2) 

n 
and,if 

|s(NP2)| < 8 . s (4.3) 

then set NP2 to L(j + 1) and j to j + 1. If j = N, perform step 5; 

otherwise perform step 2 [repeat test (4.1)], In (4.3) , 8 = 7/8 was 

found to be a good choice for a wide range of pitch periods and speech 

material. If condition (4.3) was not satisfied, then perform step 4. 
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Step 4. 

The purpose of the test applied in this step was to prevent 

errors likely to occur when the formant structure was not sufficiently 

removed. This is usually the case for low-pitch speakers and high 

first formant sounds, which exhibit a high number of zero-crossings. 

Figure 4.6 shows a typical segment of speech which illustrates this 

situation. 

The test first takes the minimum absolute value between s(NPl) 

and s(NP2) (as given by step 3) , i . e . , 

s = min {|s(n)|; n = NP1, NP2} (4.4) 
n 

and, if 

|s[L(j + 1 ) ] | < 8. s (4.5) 

where again, 0 = 7 / 8 was found, experimentally, to be a good choice 

for this parameter, then there are two possibilities. When j + 1 = N, 

perform step 5. When j + 1 ^ N, j is set to j + 2 and NP2 is set to 

L(j) - if j = N, perform step 5, otherwise perform step 2. If (4.5) 

does not hold, then NP2 is the detected second marker of the pitch 

period (NP2 - NP1). 

Step 5. 

This step is used only when the last peak [location! L(N) ] has 

been used and the second pitch marker requires further testing. This 

may occur for one of the two following reasons! (1) two pitch periods, 

starting from position NP1, cannot be fitted into the analysis segment; 
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or (2) the polarity of the pitch peaks was wrongly detected. As 

shown in Figure 4.7, the polarity may be wrongly detected in spite 

of the high amplitude of the sample located at the first pitch 

marker (NP1). However, this situation was found to occur in only a 

few cases. 

In this step the algorithm was repeated from step 1 with samples 

of opposite polarity. The values of NP1 and NP2 resulting from the 

first search were stored in KP1 and KP2, respectively, and the markers 

obtained from the second search involved new values, NP1 and NP2. 

The greatest sample amplitude in absolute value located in the 

first half of the analysis segment (32 msec) was at the position KPl 

(NP1 of the first search). Thus, the pitch markers obtained in the 

first search are more likely to constitute a better estimate of the 

pitch period. However, cases such as that illustrated in Figure 4.7 may 

occur. In these cases, on account of the high amplitude characteristics 

of the pitch peaks, the amplitudes obtained in the second search 

[s(NPl) and s(NP2) ] are not expected to be significantly smaller than 

those resulting from the first search [s(KPl) and s(KP2)]. The following 

test was found to be efficient in dealing with such situations. If 

| s (NP1) + s(NP2) | | s (KPl) +s(KP2)| (4.6) 

then the values of NP1 and NP2 of the second search are the detected 

pitch markers. Otherwise, the values of the first search are the 

estimated ones. In (4.6), the most desirable value of y was found, 

experimentally, to be y = 0,8, 

Results of performance of the TDPD algorithm will be given in 

sub-section 4.2.4. 



89 

4.2.3 . Voiced-Unvoiced Classification. 

The voiced-unvoiced classification method to be used in connection 

with the TDPD algorithm is based on a simplified version of a pattern 

159 
recognition technique proposed by Atal and Rabiner for classifying 

speech segments into 'voiced1, 'unvoiced' or 'silence', 

159 

The method suggested by Atal and Rabiner is based on a 

classical minimum probability of error decision rule applied to five 

measurements taken from the speech segment to be classified. The 

measurements relate to the signal energy, zero—crossings, the auto-

correlation coefficient, the first predictor coefficient, and the energy 

of the prediction error. The probability density function associated 

with the measurements is assumed, for each class i ( i = 1, 2 ,3) , 

to be a multi-variable Gaussian distribution with mean m^ and 

covariance matrix R^, where i = 1 for the class 'voiced', i = 2 for 

the class 'unvoiced', and i = 3 for the class 'silence'. If x denotes 

a column vector representing the measurements, then the decision rule 

consists of choosing class i if 

d± - (x - m^)* R . ' ^ x - m±} (4.7) 

A A 

is minimum, i . e . , if d. < d. for all i 4 i. 
i J J 

159 

The algorithm of Atal and Rabiner was tested using only one 

of the five measurements at a time. It was found that no isolated 

measurement was capable of classifying the speech sound accurately. 

However, it was observed that certain measurements worked well for 
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classifying the speech segments into two classes only. In particular, 

the zero-crossings measurement is capable of accurately distinguishing 

between voiced and unvoiced segments, but is inefficient in discriminating 

between voiced sounds and silence. 

In the classification method to be used in connection with the 

TDPD algorithm it was decided to use the zero-crossings measurement 

(N ) associated with a simple silence detector. The silence detector 

Li 

used in the present case differs slightly from that used in connection 

149 157 

with the modified autocorrelation (MAUT) algorithm. » i n both 

cases the silence detector is based on the peak signal level. In the 

present case, the test for silence detection was initially applied to 

a set of three frames, each of 10 msec.duration. If this set is 

detected as a silence segment, then the test is applied to the 

successive frames one at a time, rather than to a set of three. This 

helps to prevent long segments of either background noise or unvoiced 

speech being classified as voiced speech. The application of the test 

'to three frames initially is a convenient method of avoiding detection 

of low-amplitude sections of voiced speech as non-voiced. A threshold 

value of 1/30 of the peak absolute signal amplitude, which is approximately 

the same for most tested utterances, was found to be adequate. Clearly, 

this level may vary in accordance with the background noise, and the 

threshold value should be chosen so as to cover the range of situations in 

which the system will be used in practice. An alternative could involve 

the use of some form of automatic adaptation based on the signal level. 
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The low-pass filtered speech at the system input was first 

high —pass filtered at 200 Hz so as to remove d.c. or low—frequency 

noise which could affect the measurements. The training data for 

distinguishing between the classes Voiced* (i = 1) and 'unvoiced* 

(i = 2) consist of the mean hk, i = 1, 2, and the standard deviation 

a^, 1 = 1, 2, of zero-crossings per frame. As observed by Atal and 

159 

Rabiner, the training data obtained from one speaker can be used 

for different speakers. This was also verified experimentally in the 

present study. 

Frames of 10 msec duration were considered. Using T as the silence 

threshold, mi = 11.224, ox = 4.838, m2 = 48.6i4, and o2 = 14.911, 

the method of classifying voiced and non-voiced (silence, unvoiced) 

frames can be summarised as follows: 

Step 1. 

A segment consisting of three successive frames (j, j + 1, j + 2) 

is initially considered. Then, the sample of maximum absolute amplitude 

M3, is selected from this segment. If M3 < T then the three frames 

are classified as non-voiced (silence), j is set to j + 3 , and perform 

step 3. Otherwise, perform step 2. 

Step 2, 

The number of zero-crossings, N , in frame j is computed. If 

( N z - m i ) 2 M 2 < ( N z - m 2 ) 2 / h 2 2 ( 4 . 8 ) 
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then the frame j is classified as voiced; otherwise as unvoiced. 

Then j is set to j + 1, i . e . , the next frame is taken, and perform 

step 1. 

Step 3. 

The sample of maximum absolute amplitude, ML, is selected from 

frame j . If ML < T, then frame j is classified as non-voiced (silence) 

j is set to j + 1 , and this test is repeated. Otherwise, perform 

step 2. 

4 .2 .4 . Experimental Results. 

An initial evaluation of the performance of the TDPD algorithm 

(with respect to pitch estimation) was obtained from the analysis of 

160 segments of voiced speech. The duration of each of these segments 

was 32 msec, and both male and female speech was used. The TDPD 

algorithm was applied to these segments, and the voiced-unvoiced 

classification was not used in this preliminary test. It was found 

that,'.apart from 7 errors due mainly to transitional segments, the 

results obtained were as good as those obtained by human visual detection. 

Typical results obtained are shown in Figures 4,8 to 4.15 for different 

voiced speech segments of 32 msec duration. In these figures, two 

vertical lines superimposed on the waveform indicate the pitch markers 

(positions NP1 and NP2) as given by the TDPD algorithm. 
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A more detailed evaluation of the TDPD algorithm, when used 

in connection with the voiced-unvoiced classification method described 

in sub-section 4 . 2 . 3 . , was carried out. The speech signal used in 

this investigation was segmented into frames of 10 msec duration. 

Different utterances, spoken by male and female speakers, were analysed 

by the TDPD algorithm and the results compared with those obtained 

149 

by the modified autocorrelation (MAUT) technique. 

The MAUT algorithm uses 900 Hz low-pass filtered speech. For 

each 30 msec segment a clipping level is fixed at 64% of the minimum peak 

absolute value sample between the initial and final 10 msec sections 

of the segment. This segment is then centre-clipped and infinitely-

clipped, taking the values -1, 0, and + 1. The autocorrelation function 

is computed and normalised to its value at 0-delay. Its maximum is 

then determined, and if this exceeds 0.3 the section is considered to 

be voiced and the position of the maximum is regarded as the estimated 

pitch period. Otherwise, the section is considered to be unvoiced. 

A silence detector similar to the one previously described is also 

used. 

The error parameters used in the comparison were: 

1) Percentage of gross pitch errors, i~.e., errors larger than, 

or equal to , 10 samples (the error being relative to detection 

By visual inspection of the waveform), 

2) Mean (e) and standard deviation (a ) of the difference of pitch 

estimates given by the MAUT ( P ^ ^ ) a n d TPPD ^PTDPD^ a l S o r i t b m s 

when neither involves gross errors. This gives a measurement 

of the degree of agreement between the two algorithms when no 

gross errors occur. 
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3) Percentage of voiced frames classified incorrectly as non-

voiced (unvoiced, silence). 

4) Percentage of non-voiced frames classified incorrectly as 

voiced. 

Sentences of approximately 2,5 sec duration were used in the 

comparison. The speech signal was first low-pass filtered to 3.04 KHz, 

sampled at a rate of 8 Ksamples/sec, and then A/D converted using a 

10 bit-convertor. Pitch period detection was performed every 10 msec, 

and the analysis segment was 30 msec long for the MAUT algorithm and 

32 msec long for the TDPD algorithm. A total of 533 voiced frames and 

330 non-voiced frames were analysed by the two techniques. The error 

parameters obtained are shown in Table 4.1. 

From Table 4.1 it can be seen that, with respect to gross pitch 

errors, the performance of the TDPD algorithm is better than the MAUT 

algorithm for male speech. The performance (with respect to gross 

pitch errors) of the MAUT algorithm is, however, better for female 

speech. When no gross errors occur, the pitch period estimates 

provided by the schemes are in close agreement for all the utterances 

analysed, TDPD, however, gives superior performance in terms of the 

misclassification of voiced frames as non-voiced frames, and vice-versa. 

Figures 4,16 arid 4,17 show, respectively, the pitch period 

contours for utterance number 1 ( " the box was thrown beside the parked 

truck'' ) and utterance number 5 (T! rice is often served in round 

bowls" ) analysed by the TDPD and the MAUT pitch detection algorithms. 



Table 4.1. Error Parameters for MAUT (M) and TDPD (T) Pitch Period 

Detection Algorithms. 

Error 

Utterance Number 

Parameter 
1 

(male) 
2 

(male) 

3 

(female) 
4 

(female) 

% Gross 
Errors 

15.2 (M) 
14,4(T) 

19.8(M) 

14.1(T) 
5.1(M) 

18.1(T) 

5.6 (M) 

17.0(T) 

e -0.12 -0.26 0.04 -0.20 

a 
e 

0.98 1,77 1.33 1.13 

% Voiced 
Errors 

11.5(M) 
2.1(T) 

5.1 (M) 
2.5 (T) 

0.8(M) 
0,0(T) 

0.8(M) 
0.0(T) 

% Non-voiced 
Errors 

11,6(H) 
5,3(T) 

15.6(M) 

9,3 (T) 

20,0(M) 

7,1(T) 
21.1(M) 
11.5(T) 
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These figures illustrate the typical results obtained with each 

method. It should be noted that an improved performance could be 

expected for both methods if a non-linear smoothing technique, such 

156 

as the one suggested by Rabiner et al. (see illustration in Figure 

4 .1) , were applied to the pitch contours. 

An interval of 10.34 seconds of speech was analysed using a 

PDP-15 computer by both the TDPD and the MAUT algorithms. The average 

speed of execution was t^ = 139 seconds per second of processed speech 

for the TDPD algorithm and t^ = 181 seconds per second of processed 

speech for the MAUT algorithm. Thus, for the relatively long segment 

of speech analysed in this investigation the TDPD algorithm runs 

faster than the MAUT algorithm (t^ ^ 1.3 xT) . This result suggests 

that the TDPD algorithm requires in general a shorter execution time 

than the MAUT algorithm. This can be seen more clearly by observing 

that both algorithms require, basically, the same kind of operations 

(comparisons and additions), 

From the experimental results obtained in this study it can be 

concluded that the TDPD algorithm meets most requirements in that: 

1) the algorithm involves, in most cases, only three simple 

tests to obtainthe pitch estimate; 

2) the operations involved are simple in nature (additions and 

comparisons); 

3) the algorithm is compatible with the operations employed 

in time coding (e .g. , zero-crossing measurements, peak 

selections); 
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4) the algorithm provides pitch period markers directly on 

the speech waveform; and 

5) the pitch estimates are generally in good agreement with 

those obtained by visual inspection of the waveform, and the 

accuracy compares favourably with the MAUT algorithm. 

As mentioned earlier, the available pitch detection algorithms 

which use time-domain techniques, such as those reported in references 

141 to 145, do not satisfy all the conditions listed above. The 

time-domain algorithms involve, in general, simple operations. However, 

a large number of tests is usally required to obtain an accurate 

143-145 

estimate of the pitch period. Thus, the indications are that 

the complexity of the TDPD algorithm, which basically involves only 

comparisons, additions, and three simple tests to identify the pitch 

markers, is significantly lower than for the other methods. 

For all these reasons, the TDPD algorithm was considered an 

attractive pitch detection algorithm for use in the time coding 

technique to be described in section 4.5. 

4.3, Experiments on Pitch-Synchronous Time Coding of Voiced Speech. 

This chapter is concerned with the development of a new time 

coding scheme which treats voiced and unvoiced portions of"the speech 

waveform independently, and which exploits the quasi-periodic nature 

of voiced speech. It is, therefore, necessary to develop simple 

techniques to encode the voiced and unvoiced portions of the speech 
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waveform. In this section the encoding of voiced segments of speech 

is considered and a method for encoding the unvoiced segments of 

speech is presented in section 4.4. 

With respect to the encoding of voiced speech, a number of 

characteristics of the waveform (such as the periodicity, the zero-

crossings, the amplitude of extremes, etc) are manipulated with the 

aim of reducing the amount of information to be transmitted. Several 

experiments were performed on voiced speech waveforms in order to 

determine which features are most important in terms of Subjectively 

acceptable speech. 

In all the experiments described in this section one speech 

segment of 32 msec duration was initially used for pitch period 

determination. The resulting period is given by the TDPD algorithm 

described in the pervious section, with two markers being positioned 

at NP1 and NP2, corresponding to two adjacent pitch peaks in the 32 msec-

long segment. Unvoiced sounds were not processed, and voiced-unvoiced 

classification was obtained by visual inspection of the original speech 

waveforms. 

The original speech signal used in the experiments was low—pass 

filtered at 3,04 KHz, sampled at a rate of 8 Ksamples/sec, and 

10-bit A/D converted. Sentences spoken by both male and female 

speakers were used, and typical results of the experiments are included 

on the tape recording attached to this thesis. 
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4.3.1 . Experiment I. 

The main aim of this initial experiment was to determine the 

extent to which the quasi-periodicity of the voiced speech waveform 

can be exploited, in a simple way, if normal pitch variable speech 

is used. The method consisted of retaining only one pitch period 

of a given segment of speech waveform, and then repeating the 

retained period for the entire duration of each segment. 

In Experiment I, the duration of each segment was set equal 

to the time interval used in the determination of the pitch period. 

This time interval was 32 msec. A simple fixed segmentation of the 

waveform was considered in order to avoid the use of a complex pitch 

dependent algorithm to obtain a variable segmentation. In the experiment, 

the waveform intrapitch ( i , e . , the waveform of the retained pitch 

period) was normalised with respect to the pitch peak amplitude before 

the pitch period was recirculated within the segment. The largest 

positive amplitude and the largest negative amplitude were selected from 

each-half interval (16 msec) of every segment. After the pitch period 

was recirculated within the segment, these four amplitudes were then 

used to restore some amplitude variation to the regenerated speech segment. 

It should be noted that this experiment is fundamentally different from 

13 

that reported by David and McDonald in that natural speech, rather 

than vocoder-generated monotone speech, is used, 

Figures 4,18 arid 4,19 show 128 msec segments of original speech 

and the reconstructed waveform obtained by Experiment I, Figure 4,20 

shows the original and reconstructed waveforms for a shorter segment 
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(32 msec) . As can be seen, the waveforms of reconstructed speech 

closely approximate the original waveforms. However, since speech 

is not monotone, it should be noted that there are pitch and waveform 

discontinuities at the junctions between segments. Also, on account 

of the simple fixed segmentation used, it can be seen that some 

voiced portions were regenerated as unvoiced, and vice-versa. 

Original and processed utterances are included in section 8 of 

the attached recorded material and illustrate the effects obtained 

in this experiment. It is clear that distortions do occur due to 

waveform discontinuities at the junctions between segments and also 

due to the use of fixed segmentation. However, the effects of these 

distortions are not .critical and the regenerated speech is highly 

intelligible and suffers only a limited degradation in quality. The 

amount of information in the voiced portions of the waveform was 

reduced by a factor of approximately P/T, where P is the pitch period 

and T = 32 msec is the the duration of each segment. The factor P/T 

can vary over an approximate range of 1/12 to 1/2. 

4 ,3 .2 , Experiment II . 

In Experiment I the quasi-periodic nature of the voiced portions 

of the speech waveform was exploited, while no attempt was made to 

reduce the amount of information of the waveform intrapitch. If, for 

instance, this waveform is to be coded by means of a PCM technique 

in which every sample of the waveform intrapitch is transmitted, little 

is gained in terms of information rate reduction. In Experiments II , 
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III , and IV, the basic approach of Experiment I was employed and 

the information contained in the waveform intrapitch was manipulated in 

various ways. The aim was to examine whether it is possible, by 

means of simple techniques, to obtain a reduced representation of 

the waveform intrapitch and a subjectively good regeneration of voiced 

speech. 

Experiment II is concerned with the effect on the quality of the 

regenerated speech if only the following features are extracted and 

used in regenerating the waveform intrapitch: (1) the average distance 

between successive zero-crossings as measured over the 32 msec segment; 

and (2) the position of the largest amplitude sample of the waveform 

intrapitch, selected from the samples with opposite polarity to that 

of the pitch peaks. The use of feature (1) was based on the fact 

that the zero-crossings of the waveforms of vowel sounds are observed 

160 

to occur regularly over time. Feature (1) was used in order to 

restore the zero-crossings pattern of the waveform intrapitch. The 

purpose of using feature (2) was to preserve, for the polarity opposite 

to that of the pitch peaks, the periodicity of the waveform of the 32 msec 

segment. 

The regeneration of the waveform intrapitch is illustrated in 

Figure 4,21. The pitch peaks are positioned at NP1 and NP2, and the 

peak of opposite polarity to that of the pitch peaks is positioned 

at NP3, where NP3 is given by feature (2) above. Zero-crossings are 

separated by an interval A, where A is the average distance between 

successive zero-crossings as measured over the 32 msec segment. As 
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shown in Figure 4.21, exponential damping and smooth interpolation by 

a function of the type 

F(X) = sin2(7r X /2) (4.9) 

were used in the intrapitch reconstruction. After the waveform 

intrapitch was reconstructed, the approach used in Experiment I was 

then employed. 

Section 9 of the attached recorded material illustrates the 

resulting processed speech. The speech quality was noticeably degraded 

as was its intelligibility. The inaccuracy of the zero-crossing 

positions and the artificial regularity introduced on the reconstructed 

waveform seem to be important factors contributing to this degradation. 

The degradation is reflected in artificial and 'metallic' sounding 

speech. It can be concluded, therefore, that the use of features 

(1) and (2) is not sufficient to produce reasonable quality speech. 

4 ,3 .3 . Experiment III . 

The above results indicate that additional information is 

required from the waveform infrapitch in order to obtain a good 

regeneration of voiced speech. Experiment III was conducted with 

this purpose in mind, 

In Experiment III , the zero-crossing locations in a short time 

interval (I) around the pitch peaks (1/2 for each one) were extracted. 

Additionally, the positions of the zero derivative of the waveform 

intrapitch ( i , e . , peaks and valleys) were also extracted in the interval I. 
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This information - location of zero-crossings, peaks arid valleys -

was used to obtain a more accurate description of the waveform 

intrapitch in the short time interval I in the region of the pitch peaks. 

The short time interval I around the pitch peaks was chosen since 

this interval has been found to be most important with respect to 

16 

the correct perception of sounds. For the entire duration of the 

waveform intrapitch, excluding the interval I, the separation between 

zero-crossings was approximated by a fixed distance D. This 

procedure was similar to that used in Experiment II . In the present 

case the distance D was taken either as the maximum interval between 

zero-crossings (D = max) found in the waveform intrapitch, or as 

the average distance between zero-crossings (D = ave) measured over 

the duration of the pitch period excluding the interval I. The wave-

form intrapitch was reconstructed in a manner similar to that described 

for Experiment II . 

Two values of I were considered: I = 2.5 msec and 1 = 3 msec. 

Figure 4.22 shows, for the speech segment used in Figure 4.20, the 

original and reconstructed waveform for the case of D = ave and 

I = 2.5 msec. Simulations were fun for various combinations of D 

and I , The quality of the regenerated speech was found to be poor 

for all cases, with the same artificial sounds observed in Experiment II. 

Section 10 of the attached tape recording illustrates the quality 

of the regenerated speech obtained for three different combinations 

of D and I, 
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The results obtained indicate that the information extracted 

from the reduced interval around the pitch peaks is still not 

sufficient to give a clearly intelligible reproduction of voiced 

speech. 

4 .3 .4 . Experiment IV. 

Experiment IV was conducted on the basis of the following two 

observations: (1) the previous experiment indicated that the 

information extracted from the waveform intrapitch, for a periodic 

recirculation in segments of 32 msec duration, was still not sufficient 

to provide good regeneration of voiced speech; and (2) a considerable 

amount of information is carried by points of zero derivative of 

137 
the waveform, 

14 

In the first part of Experiment IV extremal coding was applied 

to the waveform intrapitch. This means that the location and amplitude 

of every extreme of the waveform intrapitch was extracted and used to 

reconstruct this waveform. The regeneration of the waveform intrapitch 

was obtained by means of a smooth interpolation between the extremes, 

using an interpolating function of the type given by (4.9). 

In the second part of the experiment the position and amplitude 

of every local maximum (in absolute value) was used to regenerate the 

waveform intrapitch. The local minima, or valleys, were not extracted 

from the waveform but were artificially created in the reconstruction 

of the waveform intrapitch, with amplitude equal to a fixed proportion 

(80%) of the smallest absolute amplitude between the two adjacent 

maxima, A smooth interpolation with a function of the type given 

by (4.9) was again used. 
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Finally, in the third part of the experiment, a further possibility 

was considered in which only the position and amplitude of the 

absolute extreme between each pair of adjacent zero-crossings was 

used in the reconstruction process. Again, as in the first and 

second parts of the experiment, a smooth interpolation was utilised 

to reconstruct the waveform intrapitch. 

The features extracted from the waveform intrapitch in these three 

methods are indicated by crosses on Figure 4.23. Original and 

reconstructed waveforms of the speech segment used in Figure 4.22 

are shown in Figures 4.24 and 4.25, for the situations when only the 

absolute extreme between zero-crossings is used and when all peaks 

and valleys are considered, respectively. 

The resulting speech quality obtained in this experiment was 

improved as compared with the results of Experiments II and III . This 

is particularly true of the first two methods of feature extraction since 

the quality of the speech obtained when only the absolute extreme 

between each pair of zero-<-cros sings was used was more degraded than 

that obtained with, the first two methods. For all cases, however, 

degradation in speech quality can still be perceived. In section 

II of the attached recorded material, processed utterances are included 

to illustrate the effects produced by the three methods considered, 

4 .3 .5 . Experiment V, 

It should be noted that in all experiments, whether those described 

in the literature of carried out in this study, one pitch period is 

detected and recirculated periodically in the extension of a segment. 
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This means that small variations in the pitch period have not been 

taken into account. In Experiment V this feature was exploited 

with the aim of further improving on the reasonably good quality 

speech obtained in Experiment IV. 

In the first step of the experiment a 32 msec segment was taken and 

the positions NP1 and NP2, corresponding to two adjacent pitch peaks, 

were determined. The position of the first sample of the 32 msec 

segment is denoted by NS1. In the next step the amplitudes and 

positions of local maxima (in absolute value) in the interval 

[NP1, NP2] were extracted. Thus, the following parameters, illustrated 

in Figure 4.26, were obtained: 

Positions: NP1, Kl, K2, KN, NP2 

Amplitudes: A(NP1), A(K1), A(K2), . . . , A(KN), A(NP2). 

The other parameters used in the experiment were the positions 

and amplitudes of other pitch peaks on a period by period basis. To 

find the other pitch peaks (and consequently the pitch periods) in ;the 

backward direction, the following procedure was followed. If the 

present pitch period is JP and the position of the present pitch peak 

is NP, then the maximum amplitude sample, of same sign as that located 

at NP1, is sought in the interval [II, 12], where 

and a = 0.17 is the same parameter appearing in equation (4.1). It 

should be observed that initially JP = NP2 - NP1 and NP = NP1. Figure 

4,27 illustrates the relative positions of NP1, NP2, NP, II and 12, 

11 = (NP- - JP) - a. JP 

12 = (NP - JP) + a. JP 

(4.10a) 

(4.10b) 
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The parameters resulting from the search constitute, period-by-period, 

a series of amplitudes [AP(L1), AP(L2), . . . ] and positions (LI, L2, 

. . . ) of the pitch peaks. 

In the reconstruction process, the amplitudes and positions 

of the local maxima for the other pitch periods were obtained by 

scaling those in [NP1, NP2]. For instance, if A(K) is the amplitude 

and K the position (measured from NP1) of a local maximum in 

[NP1, NP2], then the corresponding local maximum in a pitch period JP 

with pitch peak amplitude AP(L) is given by the location K' (measured 

from L) and the amplitude A f (K f ) , where 

K ' " NP2 - NP1 * ( 4 - U ) 

and 

A ? ( K , ) = ATNPIT ( 4 ' 1 2 ) 

As in Experiment TV, in the reconstruction process a valley 

was created at the mid-point between each pair of adjacent maxima 

of same sign. The amplitude of the valley was taken as a fixed 

proportion (80%) of the smallest amplitude value between the two 

maxima. A smooth interpolation of the type given by (4.9) was used 

between two peaks or a peak and a valley. 

When analysis (determination of other pitch peaks based on the 

[NP1, NP2] period) has been completed in the backward direction, the 

duration of the interval analysed is equal to (NP2 - NS1). If the 

duration of this interval is greater than, or equal to, NUP, where 

NUP is a pre-fixed time updating parameter, then NS1 is set equal to 
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NP2 and the analysis is restarted from position NS1. If that interval 

is less than NUP the analysis is continued, but in the forward 

direction. In this case, if at any time a new pitch peak is fouiid, 

the above mentioned interval is increased by the new pitch period. 

Consequently, the updating test is applied in order to determine 

whether the analysis should be restarted (interval > NUP) or 

continued (interval < NUP). In terms of the quality of the regenerated 

speech, a good choice of the parameter NUP was found to be NUP = 128 

samples. 

To illustrate the type of speech reconstruction obtained in 

Experiment V, a segment of 128 msec (1024 sampling intervals) of 

original and reconstructed voiced speech, using NUP = 128 samples, 

is shown in Figure 4.28. From the figure it can be seen that the 

processed speech follows the original waveform very closely. This is 

a criterion that is not .necessary, but is sufficent to indicate that 

fairly good subjective quality may be expected. In fact, the resulting 

signal did sound natural and was clearly intelligible, despite the 

occurrence of some degradation of quality. Section 12 of the attached 

tape recording includes some original utterances and the same utterances 

processed according to Experiment "V, Overall, the experiment revealed 

that the small pitch period variations do, in fact, play an important 

role in relation :to the perceived quality of speech, and that the use 

of the local maxima for reconstruction of the waveform intrapitch 

is sufficient for fairly good speech regeneration to be achieved. 
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4.3.6. Discussion. 

Experiments have been described relating to the time coding 

of voiced speech. The experiments were conducted in order to examine 

the extent to which simple features of the speech time waveform can 

be used to obtain good quality regeneration of voiced speech. 

In the first four experiments a fixed segmentation of the speech 

waveform into intervals of 32 msec was considered. The results of 

the first experiment indicate that if the waveform contained in one 

pitch period is recirculated in the extension of each segment, the 

regenerated speech which results is highly intelligible with only 

a small degradation in quality. However, if the information concerning 

the waveform intrapitch description is substantially reduced, as in 

Experiments II and III , then a significant degradation of speech quality 

can be perceived. In Experiment IV, improvement was obtained by using 

more information, such as extremal points, or local maxima, from the 

waveform intrapitch. In Experiment V good quality regenerated speech 

was obtained by using the local maxima of the waveform intrapitch, 

and by taking the small variations of pitch period (extraction of 

amplitudes and locations of pitch peaks, period by period) into account. 

4.4. A Method of Clipped Unvoiced Speech Regeneration. 

As mentioned previously, in order to develop a complete time coding 

scheme it is necessary to encode unvoiced as well as voiced speech. 

This section is concerned with the development of a simple technique 

for encoding the' unvoiced portions of the speech waveform. 
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It has been fairly well established that unvoiced speech can 

be represented in terms of parameters much more crudely than can 

voiced speech. For instance, to encode the voiced segments of speech 

by means of the LPC vocoder technique, 10 or more linear prediction 

79—82 
coefficients are usually required. However, the quality of the 

synthesised speech is not affected if only 4, rather than 10, linear 

prediction coefficients are used to encode the unvoiced segments of 

86 

speech. This suggests that a cruder representation of unvoiced 

speech (as compared with voiced speech) can be used without affecting 

speech quality. 

Although intelligibility is not completely lost by peak clipping 

the speech waveform, the quality of the resulting speech is poor. 

Clipped speech soundsunnatural and speaker recognition is not preserved. 

However, on account of the comments made in the previous paragraph, 

the crude representation of the speech waveform by means of its zero-

crossing positions is almost certainly more critical for voiced than 

for unvoiced speech. The present section examines the feasibility of 

obtaining good quality regenerated unvoiced speech using the zero-

crossing positions of the waveform and a simple method of unvoiced clipped 

speech regeneration. 

Consider a segment - of unvoiced speech waveform and let {ti, t 2 , 

, . . } , be the time1 instants associated with the points of zero derivative 

(extremes) of the waveform. Consider the instants associated with 

alternate extremes ( i . e . , either {ti, t 3 , t 3 , . . . } or {t2> tg,. . .)•) . 
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In the case of short segments of unvoiced speech waveforms observation 

shows that the distance between two successive instants (t, , „ - t,) 
j + 2 j 

associated with alternate extremes is nearly constant for the entire 

duration of the segment. Figure 4.29 shows a 16 msec segment of unvoiced 

speech waveform and the time instants at which alternate extremes 

occur. 

In order to obtain a quantitative indication of the extent to 

which this observation applies more generally, the distances 

{D^ \ i = 1, . . . , N} between each pair of successive instants 

associated with the alternate extremes of the waveform were measured. 

The measurements were taken for 32 msec sections of unvoiced speech. 

The average distance 

- 1 N 

D = ^ Z D, (4.13) 
N 1 - 1 1 

was computed for each segment. The results obtained revealed that, 

in general, the distances D^ differ from their short-term average D 

by less than one sampling interval (0.125 msec). Histograms relating 

the difference D^ - D are presented in Figures 4.30 and 4.31 for male 

and female speech, respectively. These results indicate that D is a 

useful parameter for estimating the number of peaks of the waveform 

between two adjacent zero-crossings for each segment. For a zero-crossings 

interval T, the number: of peaks, P, can be estimated from the ratio 

of T to D. 

A method of unvoiced clipped speech regeneration, involving the 

use of a smooth shape between adjacent zero-crossings of fixed segments 

of the waveform, was developed. For each zero-crossings interval of 

duration T, the smooth shape was defined by a number of peaks P given 
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by the integer part of the ratio T/D. D was computed for each segment 

of 30 msec duration. It should be noted that although the histograms 

shown in Figures 4.30 and 4.31 were obtained for segments of 32 msec 

duration, the use of 30 msec segments was found to be more convenient 

in view of the time coding technique to be described in section 4.5. 

The smooth shapes were obtained by means of sinusoidal functions, 

and the amplitudes of the valleys were taken as 0.6 times the amplitudes 

of the peaks. Thus the regenerated signal consists of piecewise 

approximation of the speech waveform intervals between successive 

zero-crossings. This is accomplished by the use of smooth shapes 

which are defined by a number of peaks estimated from the speech wave-

form for each interval. The rms value of the speech amplitudes was also 

obtained for each 10 msec interval. This rms value was used in the 

reconstruction of the waveform in order to restore the loudness 

envelope of the original speech. 

Different types of unvoiced sounds were processed according to 

this method. In section 13 of the attached tape recording, original 

and processed unvoiced sounds for five different words containing 

the fricatives / / / f / , and / s / , and the plosives /p/ and /t/ are 

presented. From the recordings it is clear that the method provides 

very good regeneration of unvoiced speech, with the processed 

samples being almost indistinguishable from the originals. These 

results indicate that it is possible to obtain good quality of unvoiced 

speech using the zero-crossing positions of the waveform and a simple method 



213 

of unvoiced clipped speech regeneration. The method suggested in this section 

involved! (1) the short-term (30 msec) average distance D between 

two successive instants associated with the alternate extremes of the 

waveform; and (2) the rms value of the speech amplitudes for every 

10 msec section of the waveform. 

4.5. Low-Bit-Rate Time Coding of Speech Signals; A New Scheme. 

The procedure adopted in the development of a new time coding 

scheme comprised the. experimental investigation of a number of simple 

features of the speech waveform. Voiced and unvoiced speech waveforms 
« 

were treated independently and the results of the experimental 

investigation were presented in sections 4.3 and 4.4, respectively. 

The basic features exploited in the experiments were! (1) the 

zero-crossings of the waveform; (2) the amplitudes and positions of 

extremes; and (3) the quasi-periodicity of voiced speech waveforms. 

Using the ideas and results presented in sections 4.3 and 4.4, and 

the time-domain pitch period detector (TDPD) developed in section 

4,2, a complete time coding technique has been devised. A detailed 

description of this technique and the main results obtained follow. 

4,5.1. System Description. 

The basic elements of the system are! (1) an algorithm which 

classifies the speech signal into TvoicedT or fnon-voiced? segments; 

(2) a pitch period detection technique; (3) a method which analyses 

and reconstructs the voiced portions of the waveform; and (4) a method 

which analyses and reconstructs the non-voiced portions of the waveform. 
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The input speech signal was initially low-pass filtered at 

3.04 KHz, sampled at a rate of 8 Ksamples/sec, and then digitised 

using a 10-bit A/D convertor. The resulting signal was then segmented 

into frames of 10 msec (80 samples) duration, which were classified as 

'voiced' or 'non-voiced' by the algorithm described in section 4.2. 

Each 30 msec interval consisting of three successive frames (j, j + 1 , 

j + 2) was classified as voiced if at least two frames were voiced. 

Otherwise, the interval was classified as non-voiced. 

The procedure adopted for the coding of voiced speech is identical 

to that used in Experiment V of section 4.3. This procedure was chosen 

due to the fact that good quality speech can be obtained and the 

operations involved in the analysis and reconstruction of the voiced 

speech waveform are relatively simple. 

If the whole interval consisting of three successive frames is 

classified*las voiced, then the first sample position of the first 

frame is denoted by NS1, and a 32 msec analysis segment (30 msec plus 

an additional 2 msec interval) is taken. The application of the TDPD 

pitch detection algorithm to the 32 msec segment gives the pitch period 

markers at locations NP1 and NP2. These locations and the corresponding 

amplitudes A(NP1) and A(NP2) are extracted and transmitted. In addition, 

the locations {Kl, K2, KN} and amplitudes {A(Kl), A(K2), . . . , A(KN) } 

of local maxima (in absolute value) in the interval [NP1, NP2] are also 

extracted and transmitted. The amplitudes and positions of the other 

pitch peaks are obtained, on a period by period basis, according to 

the following search procedure: if NP and JP are, respectively, the 

present pitch period and the position of the present pitch peak, then 
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the location of the maximum amplitude sample is sought in the interval 

[XI, 12] given by (4.10a) and (4.10b). This location and amplitude 

correspond to the location and amplitude of the pitch peak adjacent 

to JP. This procedure is then repeated in order to determine the 

next pitch peak. After completion of the analysis (determination of 

other pitch peaks) in the backward direction, an updating test is 

applied. This test involves determining whether of not the interval 

analysed, i . e . , (NP2 - NSl), exceeds a pre-fixed time updating parameter 

NUP. In this case, NSl is set equal to NP2 and the analysis is 

restarted from this instant (NSl). If (NP2 - NSl) * NUP, the analysis 

of pitch peaks is continued in the forward direction and, as in 

Experiment V, if at any time a new pitch peak is found, the updating 

test is again applied. In this case the interval analysed is given 

by the difference between the location of the new pitch peak and NSl. 

For voiced speech intervals, the following parameters are 

transmitted! 

1) A(NP1), A(NP2)I amplitudes of pitch peaks as determined by 

the TDPD algorithm! 

2) NP1, NP2: locations of pitch peaks as determined by the 

TDPD algorithm; 

3) A(K1), A(K2), . . . , A(KN): amplitudes of local maxima of 

the waveform intrapitch; 

4) Kl, K2, . . . , KN! locations of local maxima of the waveform 

intrapitch; 

5) AP(L1), AP(L2), . . . : amplitudes of the other pitch peaks 

on a period by period basis; and 

6) LI, L2, . . . ! locations of the other pitch peaks on a period 

by period basis. 
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The reconstruction of the voiced speech waveform is obtained 

by: (1) scaling the positions and amplitudes of local maxima in 

the period [NP1, NP2] to the other pitch periods [see expressions 

(4.11) and (4.12)]; (2) creating one valley between each pair of 

maxima of same sign (the amplitude of the valley is set equal to 

80% of the smallest amplitude between the two maxima) ; and (3) using 

a smooth interpolation [of the type given by (4.9)] between two 

peaks or one peak and one valley. 

The analysis and reconstruction of unvoiced (and silence) segments 

of the waveform use the method described in section 4.4. The encoding 

of silence as unvoiced intervals was chosen for two reasons. Firstly, 

since the amplitude variation is followed by the rms value taken 

from short segments of 10 msec, the reconstructed waveform will not 

introduce any degradation in the quality of the regenerated speech. 

Secondly, the silence detector may assign as silence segments some 

low-level portions of unvoiced speech. 

If the 30 msec interval consisting of three successive frames 

was classified as unvoiced, then the following parameters were 

extracted and transmitted to the receiver for use in the reconstruction 

process: 

1) Z(I) : zero-crossing locations in the 30 msec segment of 

unvoiced speech; 

2) RMS(J), J = 1, 2, 3 I rms value of the speech amplitudes in 

each sub-interval of 10 msec duration; and 

3) D : short-term (30 msec) average distance between two 

successive instants associated with the alternate extremes 

of the waveform. 
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The method for reconstructing the unvoiced segments of the 

speech waveform was based on the use of a smooth shape (with P 

peaks) between each pair of adjacent zero-crossings. The number 

of peaks, P, was estimated from the ratio of T to D, where T is 

the time interval between adjacent zero-crossings and D is the 

parameter mentioned above. After reconstruction, the loudness 

envelope of the original speech was restored by means of the rms 

value of the speech amplitudes in each 10 msec interval. 

The transmission parameters extracted by the analysis of voiced 

and unvoiced speech were quantised according to the nature of each 

parameter. The difference between adjacent pitch periods, rather than 

the position of each pitch peak, was used to transmit information 

relating to the positions of the pitch peaks (LI, L2, . . . ) . This 

information was quantised using a 6-bit quantiser, the accuracy of 

which was within 1 sampling interval. Since the zero-crossing 

intervals for unvoiced sounds are generally very small, it was found 

that the most suitable strategy for quantising the zero-crossing 

locations Z(I) involved a level of accuracy equal to 1 sampling 

interval. Thus, 1 bit per sample is used for this purpose. The 

rest of the parameters are quantised as shown in Table 4.2. As 

can be seen from this table, 6-bit log-quantisation is used to 

quantise amplitude parameters including both polarities. The 

polarity of A(NP2), and AP(L1), AP(L2), need not be transmitted 

since it is implied by the polarity of A(NP1). 



4.5.2. Experimental Results. 

The waveforms of the original and the reconstructed speech 

are compared in Figures 4.32 to 4.37. The 128 msec reconstructed 

waveform segments shown in these figures are typical examples of 

the results obtained for a wide variety of speech sounds spoken by 

both male and female speakers. As can be seen from these figures, 

the waveform information is in general well preserved, and the 

transition from one type of sound to another closely follows that 

of the original speech (see, for instance, Figure 4.36). 

Table 4.2. Quantisation of some Parameters used in the Time Coding 

Technique. 

Parameter Polarity Type of 
Quantiser 

No. of 
Bits 

D + log (y = 100) 3 

RMS(J) + log (y = 100) 5 

A(NP1) log (y = 100) 6 

A(NP2) + log (y = 100) 5 

NP1, NP2 + linear 7 each 

A(K1), A(K2), , log (y = 100) 6 each 

Kl, K2, . . . 
(differences) 

+ linear 4 each 

AP(L1), AP(L2), . . . + log (y = 100) 5 each 
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Comparisons of original and reconstructed speech are presented 

in the form of spectrograms in Figures 4.38 to 4.43. The spectrogams 

of original speech for the utterances " The box was thrown beside the 

parked tru(ck) " and " Glue the sheet to the dark blue backgroun(d) " 

are presented in Figures 4.38 and 4.40, respectively, and the spectrogTams 

of unquantised and quantised versions of processed speech for each of 

these utterances are shown in Figures 4.39 and 4.41, respectively. 

The spectrograms of the original and the reconstructed (quantised) 

signal for the utterance " It*s easy to tell the depth of the well" 

spoken by a male and a female speaker respectively, are shown in 

Figures 4.42 and 4.43. As can be seen from these figures, for the 

low-frequency range, which includes the first and second formants, the 

reconstructed speech closely resembles the original. In particular, the 

first formant region is well preserved in the processed speech, but 

the third formant is either missing or attenuated in most portions of 

the regenerated speech. This effect can be explained by the smooth 

interpolation employed in the reconstruction process of the voiced 

sounds, which introduces a low-pass type characteristic to the 

processed speech. Comparison of the spectrograms of original and 

reconstructed speech also reveals that the important features of voiced-

unvoiced discrimination and pitch period are well preserved. With regard 

to the quantisation effects, no significant differences can be 

observed when comparing the spectrograms of the unquantised and 

quantised versions of the processed speech. The subjective quality 

of the reconstructed speech will be discussed in section 4.6. 
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Table 4.3 shows the average bit-rate obtained for each of 

twelve sentences, when the parameters transmitted by the time 

coding scheme were encoded according to the bit allocation given 

previously. An average bit-rate of 7.6 Kbits/sec resulted when the 

entire interval of 29.696 seconds of speech (the twelve sentences) 

was considered. As can be seen from Table 4.3, the variation in bit-

rate between the various sentences is small. This indicates that one 

can expect only reasonably short delays to be required for the conversion 

of the variable-rate-source data into constant-transmission-rate 

data having the average bit-rate referred to above. Estimates of 

these delays and buffer storage for the time coding technique at a 

constant-transmission-rate of 7.6 Kbits/sec will be presented in 

Chapter 5. Table 4.3 also shows that the bit-rates obtained for 

female speech are lower than those obtained for male speech. This 

is primarily linked to the pitch period length. The number of 

information bits required to encode the shorter pitch periods of 

the female speech is correspondingly smaller than the number required 

for the male speech. 

4,6. Considerations Relating to Speech Quality and System Complexity. 

In informal listening tests male and female speech coded with 

the Hadamard technique were compared with the same speech material 

processed by the time coding scheme. The Hadamard coding technique 

used a 64-point Hadamard transformation, 8 dominant coefficients, 

and a special technique for labelling 7 of these coefficients (see 

reference 117). The Hadamard coder operated at a bit-rate of 9.6 Kbits/sec 



Table 4.3. Time Coding Technique.: Average Bit-Rate 

Per Sentence. 

Sentence 
Number 

Sentence 
Duration 
(msec) 

Bit-Rate 
(Kbits/sec) 

1 (male speaker) 2560 7.7 

2 (male speaker) 2752 8.0 

3 (male speaker) 2368 8.9 

4 (male speaker) 2112 8.3 

5 (male speaker) 2560 7.2 

6 (male speaker) 2560 7.8 

7 (female speaker) 2560 7.6 

8 (female speaker) 2496 7.7 

9 (female speaker) 2496 6.8 

10 (female speaker) 2048 6.9 

11 (female speaker) 2624 7.6 

12 (female speaker) 2560 6.8 
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and the time coder at 7.6 Kbits/sec. With regard to speech 

intelligibility it was observed that both schemes produced good 

results since the processed speech is effortlessly intelligible 

in both cases. However, the speech processed with the time coding 

technique was found to be better in that the small degradation 

observed in the speech quality was less annoying than that obtained 

with Hadamard coding. In addition, more natural speech regeneration 

was obtained with the time coding approach. It was also clear that the 

increased degradation for female speech, characteristic of the 

Hadamard coding technique, did not occur with the time coder. 

At bit-rates below 12 Kbits/sec the Hadamard transform coder 

12 

has been found to give better results, in terms of performance, 

than simple waveform coding techniques such as digitally controlled 

delta-modulation (DCDM). It is, therefore, reasonable to argue that 

the 7.6 Kbits/sec time coding scheme also provides better quality 

speech than the simple methods of waveform coding such as DCDM. 

This argument is well founded since the time coder exploits the 

characteristics of the speech waveform to a larger extent than 

waveform coders and, thust, is expected to give better results at 

low-bit-rates. 

Section 14 of the attached tape recording includes processed 

utterances obtained with the new time coding method at 7.6 Kbits/sec. 

In section 15 of the recordings each processed utterance is followed 

by the same utterance resulting from the Hadamard transfom coding 

scheme operating at 9.6 Kbits/sec. 
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The new time coding technique described in this chapter is of 

moderate complexity, the most complex part being that concerned with 

the analysis of the voiced portions of the waveform. The analysis 

of unvoiced segments of speech is much less complex. The operations 

involved (zero-crossings detection, counting of number of extremes, and 

averaging) are very simple in that little arithmetic is required for 

their implementation. Furthermore, the reconstruction of voiced 

and unvoiced speech segments can be implemented relatively easily. 

The smooth shapes used to reconstruct the speech waveform can be 

obtained from a read-only memory by means of look-up table techniques. 

Table 4.4 shows the lower arid upper limits of the number of 

operations required for the classification of speech into 'voiced* or 

Table 4.4. Lower and Upper Limits of the Number of Operations Required 

for Voiced-Unvoiced Classification and Pitch Detection. 

t 

Voiced--Unvoiced Classification Pitch Detection 

Operation Unvoiced Voiced 

Lower Upper Lower Upper Lower Upper 

Addition 0 24 16 24 3 32 

Comparison 240 640 - 480 640 348 1581 

Multiplication 
.by arconstant 

0 6 4 6 3. 21 
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'unvoiced1 segments and for pitch period determination. These limits 

were obtained by counting the number of operations necessary to 

perform V/UV classification and pitch detection, according to the 

minimum and maximum possible routes of the algorithms. As can be 

seen from Table 4.4, no multiplications are required since the 

small number of multiplications by a constant can be performed 

employing a few additions and arithmetic shift instructions. In 

addition to the number of operations needed to perform voiced-

unvoiced classification and pitch detection, the coding of voiced speech 

segments also requires the following operations: 

1) In order to obtain the local maxima of the waveform intrapitch 

( i . e . , between pitch peak locations NP1 and NP2), it is 

necessary to perform 

comparisons, where M is the number of local maxima found in 

the interval (NP1, NP2). Typical values of M are between 

3 and 14. 

2) If % is the number of pitch peaks (excluding NP1 and NP2) 

occurring in the analysis segment, then the number of 

operations needed to determine these pitch peaks can be 

estimated as approximately 3Np additions, Np[ (1/3) (NP2 - NP1) - 1] 

comparisons, and Np multiplications by a constant. 

M 
I [(NP2 - NP1) - i] = M(NP2 - NP1) -

i=l 

M(M + 1) 

2 
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3) If Np pitch peaks are found from the analysis in the forward 

direction, then (N^ + 1) additions and (N_ + 1) comparisons 
r r 

are also needed in order to perform the updating test. 

The above estimates were applied to the particular situation in 

which the number of operations involved is maximal for a wide range 

of speech signals. This situation corresponds to NP2 - NP1 = 56 samples, 

M = 14, Np = 2, Np = 1, and L^ = 21.7 msec, where L^ is the duration 

of the analysis segment. In this case it was found that a total of 

64 additions, 2938 comparisons and 29 multiplications by a constant 

were required. The upper limit of the number of operations needed 

for voiced-unvoiced classification and pitch detection was included 

in this counting. If the number of operations is then divided by 

2950 additions, 135390 comparisons and 1336 multiplications by a 

constant are required per second. It is also clear"that most of 

the operations are used to perform pitch detection and to obtain the 

local maxima of the waveform intrapitch. 

The above estimates indicate that V/UV classification and analysis 

of voiced speech, including pitch detection, can be implemented in 

real-time using currently available microprocessors (such as the 

Intel 8086, the Zilog Z8000, and the Motorola MC 68000), 1 6 1 For 

instance, the execution time for 16-bit additions and comparisons 

162 

taken by the Motorola MC 68000 microprocessor is 1.5 y sec for 

16-bit addressing. If multiplication by a constant is taken as three 

of the analysis segment, it results that approximately 
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additions then the overall execution time for V/UV classification and 

analysis of voiced speech (including pitch detection) can be estimated 

at approximately 213 msec per second of speech. This corresponds 

to the least favourable situation considered above. The accuracy of 

the 16-bit microprocessors is believed to be sufficient, since the 

scheme employs numerical processing which does not cause any kind of 

accumulative round-off error. 

In order to analyse 1 second of speech with the 9.6 Kbits/sec 

Hadamard coding scheme mentioned at the beginning of this section, 

12 

48000 additions and 14122 comparisons are required. Thus, in 

the least favourable situation for the time coder, the most complex 

part of the system (analysis of voiced speech) requires about 2.3 

times as many operations as the Hadamard coder. However, it should 

be noted that this factor is usually lower. Furthermore, the time 

coding scheme shows promise at low-bit-rates whilst the speech quality 

obtained with the Hadamard coding falls substantially for bit-rates 

below 6 Kbits/sec, Furthermore, the complexity involved in the time 

coding scheme is less than that required in other speech coding 

techniques, such as adaptive predictive coding and adaptive transform 

coding, which also show promise at low-bit-rates. 
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Figure 4.1. Non-linear smoothing of pitch period contours (after 
TCfi 

Rabiner, Sambur, and Schmidt ) . 
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Figure 4.12. Speech waveform segment (32 msec) and pitch markers as given by the TDPD algorithm. 
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F i g u r e 4 . 2 1 . E x p e r i m e n t I I I i l l u s t r a t i o n o f i n t r a p i t c h wave fo rm 
r e c o n s t r u c t i o n . 
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Figure 4.22. Experiment III: (a) original waveform; (b) reconstructed waveform. Time interval = 32 msec. 00 
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F i g u r e 4 . 2 3 . E x p e r i m e n t I V : i l l u s t r a t i o n o f f e a t u r e s e x t r a c t e d 
f r o m t h e w a v e f o r m i n t r a p i t c h . 
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F i g u r e 4 . 2 4 . E x p e r i m e n t I V : ( a ) o r i g i n a l , and (b ) p r o c e s s e d waveform u s i n g o n l y t h e a b s o l u t e e x t r e m e g 

be tween z e r o - c r o s s i n g s . 
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F i g u r e 4 . 2 6 . E x p e r i m e n t V ! e x t r a c t i o n of i n t r a p i t c h p a r a m e t e r s . 
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F i g u r e 4 . 2 7 . E x p e r i m e n t V ! e x t r a c t i o n o f o t h e r p i t c h p e a k s . 
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F i g u r e 4 . 2 9 . Time o c c u r r e n c e o f a l t e r n a t e e x t r e m e s o f a 16 msec segment o f u n v o i c e d speech waveform. 
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Figure 4.32, Time coding technique: (a) original, and (b) proce~sed waveform. Time interval = 128 msec. 
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Figure 4.33. Time coding technique! (a) original, and (b) processed waveform. Time interval 128 msec, f̂  
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CHAPTER 5 

DELAYS IN VARIABLE-INFORMATION-RATE 

TO CONSTANT-TRANSMISSION-RATE SYSTEMS 

5 . 1 . I n t r o d u c t i o n . 

I n r e c e n t y e a r s a number o f schemes o f d a t a c o m p r e s s i o n have 

b e e n s u g g e s t e d i n w h i c h a d v a n t a g e i s t a k e n o f t h e f a c t t h a t t h e 

a v e r a g e r a t e a t w h i c h d a t a i s p r o d u c e d i s o f t e n l e s s t h a n t h e h i g h e r 

r a t e s a t w h i c h t h e s o u r c e somet imes p r o d u c e s i t s i n f o r m a t i o n . ^ ' ^ ^ 

In- o r d e r t o smooth t h e v a r i a b l e d a t a r a t e so t h a t i t can be 

t r a n s m i t t e d u s i n g a c o n s t a n t - r a t e t r a n s m i s s i o n f a c i l i t y , i t i s 

n e c e s s a r y t o p r o v i d e b u f f e r s t o r a g e a t t h e t r a n s m i t t e r a n d / o r 

t h e r e c e i v e r . An u n a v o i d a b l e and o b v i o u s consequence o f t h i s 

b u f f e r i n g i s t h a t s t o r a g e h a s t o be p r o v i d e d and d e l a y s a r e i n t r o d u c e d 

i n t o t h e c o m m u n i c a t i o n p r o c e s s , A d e t a i l e d d i s c u s s i o n o f t h i s 

p r o b l e m is- t h e s u b j e c t o f t h e p r e s e n t c h a p t e r , w h i c h has been s t i m u l a t e d 
18 

m a i n l y b y t h e r e c e n t l y d e v e l o p e d s u g g e s t i o n on t i m e c o d i n g o f speech 

and t h e l o w ^ - b i t - r a t e speech c o d i n g t e c h n i q u e p roposed i n C h a p t e r 4 

o f t h i s t h e s i s . 

The o r g a n i s a t i o n o f t h i s c h a p t e r i s as f o l l o w s . I n s e c t i o n 5 . 2 

some t h e o r e t i c a l a s p e c t s r e l a t i n g t o t h e b u f f e r i n g o f v a r i a b l e - r a t e 

s o u r c e s a r e c o n s i d e r e d , and e x p r e s s i o n s a r e d e r i v e d f o r t h e minimum 

d e l a y r e q u i r e d a t t h e t r a n s m i t t e r and t h e r e c e i v e r i n o r d e r t o a v o i d 

d i s t o r t i o n . The d e l a y i n v o l v e d when a s y m b o l - i n j e c t i o n p r o c e d u r e i s 



271 

used i s a l s o d e r i v e d , and t h e r e l a t i o n s h i p b e t w e e n t h i s p r o c e d u r e 

and t h e d e l a y - o p e r a t e d a p p r o a c h i s d i s c u s s e d . A l s o , t h e t i m e 

i n t e r v a l s d u r i n g w h i c h t h e o u t p u t w i l l c o n t a i n d i s t o r t i o n i f t h e 

o v e r a l l d e l a y used i n a s y s t e m i s l e s s t h a n t h e n e c e s s a r y minimum 

v a l u e t o a v o i d d i s t o r t i o n i s a n o t h e r a s p e c t c o n s i d e r e d . I n s e c t i o n 

5 . 3 , t h e t h e o r e t i c a l r e s u l t s a r e used i n o r d e r t o o b t a i n e s t i m a t e s o f 

c o m m u n i c a t i o n d e l a y and b u f f e r s t o r a g e n e c e s s a r y when u s i n g z e r o -

c r o s s i n g s - b a s e d speech c o d e r s . I n s e c t i o n 5 . 4 , s i m i l a r e s t i m a t e s a r e 

o b t a i n e d f o r t h e case i n w h i c h t h e proposed t i m e c o d i n g t e c h n i q u e o f 

C h a p t e r 4 i s u s e d . 

5 . 2 . T h e o r e t i c a l R e s u l t s . 

5 . 2 . 1 . D e l a y — O p e r a t e d S y s t e m s . 

L e t i t be assumed t h a t t h e i n s t a n t a n e o u s r a t e a t w h i c h a v a r i a b l e -

r a t e s o u r c e p r o d u c e s i n f o r m a t i o n i s R ( t ) symbols p e r u n i t t i m e , and 

t h a t t h i s i n f o r m a t i o n i s f e d i n t o a b u f f e r . Suppose t h a t t h e t r a n s m i s s i o n 

r a t e , t h e r a t e a t w h i c h i n f o r m a t i o n i s t a k e n f r o m t h e b u f f e r i s r , 

where r i s a c o n s t a n t . 

I f t h e s i t u a t i o n o f t r a n s m i t b u f f e r u n d e r f l o w , t h a t i s , t h e 

s i t u a t i o n i n w h i c h a r e q u e s t i s made t o t h e b u f f e r f o r i n f o r m a t i o n 

when i n f a c t t h e b u f f e r i s e m p t y , i s t o be a v o i d e d , t h e n i t i s 

n e c e s s a r y t h a t 

ft 

HCt) d t £ - r t , f o r a l l t > 0 . ( 5 . 1 ) 
oJ 

Now, i f maximum use i s t o be made o f t h e t r a n s m i s s i o n d a t a r a t e , 

i t f o l l o w s t h a t r s h o u l d be e q u a l t o t h e l o n g - t e r m a v e r a g e o f R ( t ) , i . e . , 
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T 
L t 1. 

r x 00 . T R ( t ) d t ( 5 . 2 ) 

and i t t h e r e f o r e a l s o f o l l o w s , s i n c e R ( t ) i s v a r i a b l e , t h a t , i n g e n e r a l , 
t 

t h e r e w i l l be p e r i o d s o f t i m e d u r i n g w h i c h * R ( t ) d t w i l l be l e s s than 
o 

r t . I t i s d u r i n g t h e s e p e r i o d s , u n l e s s c e r t a i n s t e p s a r e t a k e n t o a v o i d 

i t , t h a t b u f f e r u n d e r f l o w w i l l o c c u r . U n d e r f l o w can be a v o i d e d by t h e 

i n t r o d u c t i o n o f a d e l a y b e f o r e i n f o r m a t i o n i s t a k e n f r o m t h e b u f f e r , 

I f t h i s d e l a y i s d e n o t e d by 6 , t h e n t h e n e c e s s a r y and s u f f i c i e n t c o n d i t i o n 

f o r a v o i d i n g u n d e r f l o w i s t h a t 

t 
R ( t ) d t 5 > r ( t — 6 ) , f o r a l l t > 6 , ( 5 . 3 ) 

J 

i . e . , 

R ( t ) > - r ( t - 6 ) ( 5 . 4 ) cum 

where R ( t ) i s t h e c u m u l a t i v e t o t a l number o f i n f o r m a t i o n samples cum r 

e n t e r i n g t h e b u f f e r up t o t i m e t . From c o n d i t i o n : ( 5 , 4 ) , i t i s c l e a r t h a t 

<5 > [ r t - R ( t ) ] / r , w h e r e t h e t e r m [ r t - R ( t ) ] i s t h e maximum cum max cum ' max 

d i f f e r e n c e b e t w e e n r t and R ( t ) . E q u a t i o n ( 5 , 4 ) i s d e p i c t e d i n 

F i g u r e 5 , 1 , f r o m w h i c h i t c a n be seen t h a t t h e minimum n e c e s s a r y v a l u e of 

$ i s d e t e r m i n e d by t h e maximum e x t e n t by w h i c h t h e c u m u l a t i v e t o t a l 

R ( t ) f a l l s b e l o w t h e c u m u l a t i v e t o t a l r t . T h i s f a c t o r i s o f f u n d a m e n t a l cum f 

i m p o r t a n c e s i n c e i t shows a t once t h a t i t i s t h e r e l a t i v e l y l o n g - t e r m 

p e r s i s t e n c e o f l o w e r t h a n a v e r a g e r a t e d a t a w h i c h d e t e r m i n e s t h e n e c e s s a r y 

d e l a y a t t h e t r a n s m i t t e r . 
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I t i s a l s o n e c e s s a r y t h a t b u f f e r i n g be p r o v i d e d a t t h e r e c e i v e r 

t o c o n v e r t t h e r e c e i v e d c o n s t a n t - r a t e d a t a i n t o t h e r e q u i r e d v a r i a b l e -

r a t e o u t p u t f r o m t h e s y s t e m . J u s t a s a t t h e t r a n s m i t b u f f e r , a d e l a y has 

t o be i n t r o d u c e d b e f o r e i n f o r m a t i o n can be t a k e n f r o m t h e r e c e i v e r b u f f e r , 

T h i s d e l a y i s n e c e s s a r y t o p r e v e n t t h e s i t u a t i o n a r i s i n g i n w h i c h a 

r e q u e s t i s made t o t h e b u f f e r f o r i n f o r m a t i o n b e f o r e i t a c t u a l l y a r r i v e s 

a t t h e b u f f e r . The e f f e c t o f h a v i n g t o o s m a l l a d e l a y i s i l l u s t r a t e d 

s c h e m a t i c a l l y i n F i g u r e 5 . 2 . 

The n e c e s s a r y minimum d e l a y A a t t h e r e c e i v e r b u f f e r can be 

d e t e r m i n e d f r o m t h e f o l l o w i n g a r g u m e n t . 

When t h e k - t h d a t a sample i s r e q u i r e d f o r d e c o d i n g , i t i s 

n e c e s s a r y • t h a t i t be p r e s e n t i n t h e r e c e i v e r b u f f e r . The k - t h d a t a 

sample a r r i v e s i n t h e r e c e i v e r b u f f e r ( k - 1 ) t sec a f t e r t h e a r r i v a l o f 

t h e f i r s t d a t a s a m p l e , w h e r e T i s t h e t r a n s m i s s i o n p e r i o d (X = 1 / r ) . 

I f t h e f i r s t sample i s t a k e n f r o m t h e r e c e i v e r b u f f e r A sec a f t e r i t 

a r r i v e s , t h e n t h e k - t h sample i s r e q u i r e d f r o m t h e b u f f e r a t t i m e 

k - 1 
A + I T . 

i = 1 1 

where T^ i s t h e t i m e i n t e r v a l a s s o c i a t e d w i t h t h e i - t h d a t a s y m b o l , 

I f d i s t o r t i o n o f t h e t y p e i l l u s t r a t e d i n F i g u r e 5 , 2 i s t o be 

a v o i d e d , t h e n i t i s n e c e s s a r y and s u f f i c i e n t f o r A t o have a v a l u e such 

t h a t 

k - 1 
A" + Z T . ^ ( k - 1 ) x + x , f o r a l l k > 1 , ( 5 , 5 ) 

1 = 1 1 
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where t h e t e r m ' x ' may be assumed ( f o r l a r g e k ) n e g l i g i b l e i n compar ison 
k - 1 

w i t h ( k - 1 ) T . NOW, i n c o n d i t i o n ( 5 . 5 ) , t h e t e r m T^ c o r r e s p o n d s 

t o t h e t i m e t t a k e n a t t h e o u t p u t o f t h e r e c e i v e r b u f f e r t o decode 

t h e k - 1 s o u r c e s ymbo ls , w i t h t i m e b e i n g measured f r o m t h e i n s t a n t A 

a t w h i c h d e c o d i n g commences. A l s o , k - 1 i s t h e c u m u l a t i v e sum, R ( t ) , ° cum 
o f symbols t a k e n f r o m t h e r e c e i v e r b u f f e r i n t h e t sec i n t e r v a l . 

C l e a r l y , R ( t ) i s t h e same c u m u l a t i v e f u n c t i o n ( t i m e d e l a y e d ) as was cum 

d i s c u s s e d i n r e l a t i o n t o t h e t r a n s m i t b u f f e r . I t t h u s f o l l o w s t h a t 

e q u a t i o n (5 .5 ) * can be r e w r i t t e n , n e g l e c t i n g t h e t e r m f , as 

R ( t ) 
A + t - S = L _ 

1. • 6 • y 

R ( t ) S (A + t ) r ( 5 . 6 ) cum 

a n d , on s u b s t i t u t i n g t T - A + t , t h i s becomes 

R. ( t ! - A) ^ r t \ ( 5 . 7 ) cum 

From c o n d i t i o n ( 5 . 6 ) , A can b e seen t o be e q u a l t o , o r g r e a t e r t h a n , 

[ R ( t ) - r t ] / r , w h e r e [ R ( t ) - r t ] i s t h e maximum v a l u e o f the cum max cum max 
d i f f e r e n c e b e t w e e n R ( t ) and r t . 

cum 
C o n d i t i o n ( 5 . 7 ) i s i l l u s t r a t e d i n F i g u r e 5 . 3 , f r o m w h i c h i t i s c l e a r 

t h a t t h e d e l a y A i s d e t e r m i n e d b y t h e maximum e x t e n t t o w h i c h R ( t f ) 
cum 

exceeds r t ' , t h e c u m u l a t i v e t o t a l o f i n f o r m a t i o n symbols r e c e i v e d up t o 

t h a t i n s t a n t . 
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S i n c e t r i s d e l a y e d r e l a t i v e t o t by 6 ( s i n c e no i n f o r m a t i o n 

a r r i v e s a t t h e r e c e i v e r u n t i l 6 sec have e l a p s e d ) i t f o l l o w s t h a t t h e 

o v e r a l l d e l a y y i n t r o d u c e d b y t h e system i s 

y = 6 + A ( 5 . 8 ) 

5 . 2 . 2 . The S y m b o l — I n j e c t i o n P r o c e d u r e . 

I n t h e a rgument p r e v i o u s l y p r e s e n t e d r e l a t i n g t o t h e p e r f o r m a n c e 

o f t h e t r a n s m i t t e r b u f f e r i t was assumed t h a t t h e system would o p e r a t e 

i n such a way as t o a v o i d b u f f e r u n d e r f l o w , and c o n d i t i o n ( 5 . 4 ) was 

d e r i v e d , w h i c h d e t e r m i n e s t h e minimum d e l a y n e c e s s a r y t o a c h i e v e t h i s . 

An a l t e r n a t i v e t o a v o i d i n g t r a n s m i t b u f f e r u n d e r f l o w b y ' t h e p r o v i s i o n 

o f d e l a y i s t o a d o p t a s y m b o l - i n j e c t i o n p r o c e d u r e a t t h o s e i n s t a n t s a t 

w h i c h u n d e r f l o w o c c u r s . T h i s s y m b o l s - i n j e c t i o n mode o f o p e r a t i o n c a n be 

p e r f o r m e d w i t h o u t i n t r o d u c i n g any s e r i o u s m i s u s e o f t h e s y s t e m ? s 

t r a n s m i s s i o n r a t e . F o r e x a m p l e , i f t h e s o u r c e symbols a r e each r e p r e s e n t e d , 

f o r t h e p u r p o s e o f t r a n s m i s s i o n o v e r a b i n a r y s y s t e m , by n b i n a r y d i g i t s , 

t h e n t h e u s e o f one o f t h e 2 n n ^ d i g i t p a t t e r n s t o d e n o t e s y m b o l - i n j e c t i o n 

s i m p l y r e d u c e s t h e e f f e c t i v e t r a n s m i s s i o n r a t e t o (2 - 1 ) / 2 o f i t s 

o r i g i n a l v a l u e . 

I t i s i m p o r t a n t t h a t s y m b o l - i n j e c t i o n systems be c o n s i d e r e d i n some 

d e t a i l s i n c e , as w i l l now be shown, t h e i r p e r f o r m a n c e i s n o t t h e same 

as n o n - i n j e c t i o n ( d e l a y - o p e r a t e d ) s y s t e m s . I n a d d i t i o n , any sys tem o p e r a t i n g 

on t h e d e l a y p r i n c i p l e , b u t i n w h i c h t h e d e l a y i s l e s s t h a n t h e minimum 

n e c e s s a r y t o a v o i d b u f f e r u n d e r f l o w , w i l l have t o i n v o k e symbol i n j e c t i o n 

a t some t i m e d u r i n g t h e c o u r s e o f i t s o p e r a t i o n . 
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The e f f e c t o f symbol i n j e c t i o n a t t h e t r a n s m i t t e r i s i l l u s t r a t e d 

i n F i g u r e 5 . 4 . From t h e f i g u r e , i t i s c l e a r t h a t symbol i n j e c t i o n 

removes t h e need t o p r o v i d e d e l a y t o p r e v e n t b u f f e r u n d e r f l o w . 

As r e g a r d s symbol i n j e c t i o n , i t i s i m p o r t a n t t o n o t e e x a c t l y 

u n d e r w h a t c o n d i t i o n s t h i s o c c u r s . I n j e c t i o n b e g i n s when b o t h t h e 

t r a n s m i t t e r b u f f e r i s empty and t h e r a t e a t w h i c h i n f o r m a t i o n i s r e q u i r e d 

f r o m t h e b u f f e r i s g r e a t e r t h a n t h e r a t e a t w h i c h i t e n t e r s t h e b u f f e r 

f r o m t h e s o u r c e . O n c e , s t a r t e d , i n j e c t i o n c o n t i n u e s u n t i l t h e r a t e 

a t w h i c h i n f o r m a t i o n e n t e r s t h e b u f f e r i s e q u a l t o t h e r a t e a t w h i c h i t 

i s r e q u i r e d f r o m t h e b u f f e r . I f t h e number o f symbols i n j e c t e d up t o 

t i m e t i s S ^ ( t ) , t h e t o t a l number o f symbols g e n e r a t e d by t h e s o u r c e up 

t o t i m e t i s R e t ) a n c * t h e t r a n s m i s s i o n r a t e i s r , t h e n i t f o l l o w s cumv 

t h a t i n j e c t i o n b e g i n s when b o t h 

and 

R ( t ) + S _ ( t ) = r t ( 5 . 9 ) cum i 

c u m - < r ( 5 . 1 0 ) d t 

I n j e c t i o n c e a s e s when dR ( t ) / d t = r . I t s h o u l d be n o t e d t h a t 
cum 

d u r i n g p e r i o d s o f i n j e c t i o n t h e r a t e o f symbols g e n e r a t e d by t h e s o u r c e 

p l u s t h e i n j e c t e d symbols i s e q u a l t o t h e t r a n s m i s s i o n r a t e r , i . e . , 

It  l Rc»< t>  +  Si w  1 •  r  ( 5 . 1 1 ) 
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I n d e c o d i n g a t t h e r e c e i v e r o f an i n j e c t i o n system i t i s n e c e s s a r y t o 

d i s c a r d t h e . i n j e c t e d symbols and a l s o t o i n t r o d u c e a d e l a y t o a v o i d t h e 

t y p e o f o u t p u t d i s t o r t i o n i l l u s t r a t e d i n F g i u r e 5 . 2 . The minimum n e c e s s a r y 

delay w h i c h i s t h e t o t a l s y s t e m d e l a y , can be d e t e r m i n e d f r o m t h e f o l l o w i n g 

a r g u m e n t , w h i c h i s s i m i l a r t o t h a t p r e s e n t e d i n c o n n e c t i o n w i t h t h e 

d e r i v a t i o n o f c o n d i t i o n ( 5 . 7 ) , 

To a v o i d d i s t o r t i o n i n t h e o u t p u t i t i s n e c e s s a r y t h a t , a t a n y 

t i m e t , t h e i n f o r m a t i o n r e q u i r e d f o r p r e s e n t a t i o n a t t h e o u t p u t o f t h e 

sys tem be a v a i l a b l e i n t h e r e c e i v e r b u f f e r . To a c h i e v e t h i s , i t i s 

n e c e s s a r y t o i n t r o d u c e a d e l a y 3 such t h a t 

k - 1 
0 + I T ^ ( k - 1 ) T + S ( t + T ) T + T , ( 5 . 1 2 ) 

i = 1 1 1 * 

w h e r e , a s b e f o r e , 

k - 1 
Z T = t 

i = 1 

k - 1 = R ( t ) ( t measured f r o m i n s t a n t 0 ) cum ' 
and 

x = 1 / r . 

S ^ ( t + T^) c o r r e s p o n d s t o t h e number, o f symbols i n j e c t e d a t t h e t r a n s m i t t e r 

i n t h e p e r i o d up t o t h e i n s t a n t t + T ^ , where T^ i s t h e t i m e d u r a t i o n 

b e t w e e n t h e i n s t a n t s a t w h i c h t h e k ^ t h and ( k + l ) - t h d a t a symbols a r e 

r e q u i r e d by t h e decoder ' , 
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I t t h u s f o l l o w s t h a t c o n d i t i o n ( 5 . 1 2 ) can be w r i t t e n as 

3 + t ^ ^ {R (t) + S_ (t ) + A. + 1 } (5 .13) r cum I k 

w h i c h means t h a t t h e minimum n e c e s s a r y d e l a y i s 

3 ^ ~r (R (t) + S_ (t ) + X. + 1 - rt} (5.14) r cum 1 k max 

where X^ i s t h e number o f symbols i n j e c t e d d u r i n g t h e t i m e i n t e r v a l T^ . 

E x p r e s s i o n ( 5 . 1 4 ) i s a f u l l y a c c u r a t e s t a t e m e n t o f t h e minimum d e c o d i n g 

d e l a y , 3» n e c e s s a r y i n an i n j e c t i o n sys tem. 

I f i t i s assumed t h a t t h e number o f symbols , X^, i n j e c t e d i n 

t h e t i m e i n t e r v a l T^ i s n e g l i g i b l e i n compar ison w i t h S ^ t ) , t h e 

t o t a l number o f symbols i n j e c t e d up t o t i m e t , and i f t h e u n i t y f a c t o r 

i n e q u a t i o n ( 5 . 1 3 ) i s n e g l e c t e d t h e n t h e f o l l o w i n g , s i m p l i f i e d e x p r e s s i o n 

r e s u l t s i 

+ ^ ( t + 3 ) r - : ( 5 . 1 5 ) cum 1 

a n d , on s u b s t i t u t i n g t ' = t + 3 t h i s becomes 

R Ct* - 3 ) + S _ ( t ' - 3 ) S r t ' ( 5 . 1 6 ) 
cum i 

w h i c h must h o l d f o r a l l t f > 3» 

The a s p e c t o f p e r f o r m a n c e r e l a t i n g t o c o n d i t i o n ( 5 . 1 6 ) i s i l l u s t r a t e d 

i n F i g u r e 5 . 5 , T h i s c o n d i t i o n d i f f e r s i m p o r t a n t l y f r o m c o n d i t i o n ( 5 . 7 ) 

i n t h a t t h e e x t r a t e r m S ^ t * - 3 ) a p p e a r s i n c o n d i t i o n ( 5 . 1 6 ) . T h i s term 
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i s due t o t h e f a c t t h a t i n c e r t a i n c a s e s t h e a r r i v a l a t t h e r e c e i v e r 

o f t h e k - t h i n f o r m a t i o n symbol may be d e l a y e d by a n amount S ^ C t ) . ! 

caused by t h e i n j e c t i o n o f dummy symbo ls . From c o n d i t i o n s ( 5 . 7 ) and 

( 5 . 1 6 ) i t i s c l e a r t h a t f o r S^Ct* - 0 ) g r e a t e r t h a n z e r o , 0 i s g r e a t e r 

t h a n A. 

To d e t e r m i n e t h e minimum d e l a y 0 i n an i n j e c t i o n scheme i t i s 

n e c e s s a r y t h a t t h e f u n c t i o n S ^ ( t ) b e d e t e r m i n e d . T h i s can be done 

q u i t e s i m p l y u s i n g t h e p r e v i o u s l y m e n t i o n e d f a c t t h a t d i g i t i n j e c t i o n 

b e g i n s when b o t h R c u m ( t ) + S ( t ) = r t and R ( t ) < r . F i g u r e 5 . 6 a 

shows t h e R ( t ) , t h e R ( t ) + S _ ( t ) , and t h e r t c u r v e s , and F i g u r e 5 . 6 b cum cum 1 

shows t h e S^ . ( t ) c u r v e w h e r e t h e i n s t a n t s when symbol i n j e c t i o n o c c u r s 

a r e a l s o i n d i c a t e d . I t s h o u l d b e n o t e d t h a t , as a r e s u l t o f i n j e c t i o n , 

t h e c u m u l a t i v e t o t a l number o f symbols c u r v e i s e f f e c t i v e l y c o i n c i d e n t w i t h 

t h e r t c u r v e d u r i n g p e r i o d s o f i n j e c t i o n and t h e n c l i m b s above i t , 

f o l l o w i n g t h e shape o f R ( t ) s h i f t e d i n a m p l i t u d e by a c o n s t a n t v a l u e . 
cum 

From F i g u r e 5 . 6 b , i t i s c l e a r t h a t t h e t o t a l number o f i n j e c t e d symbols 

up t o an i n s t a n t i n t i m e i s e q u a l t o t h e sum o f i n j e c t i o n s d u r i n g a l l 

p r e v i o u s l y c o m p l e t e d i n j e c t i o n p e r i o d s p l u s t h e number i n j e c t e d up t o 

t h e i n s t a n t b e i n g c o n s i d e r e d i n t h e c u r r e n t i n j e c t i o n p e r i o d . 

A c o m p a r i s o n o f o v e r a l l s y s t e m : d e l a y s i n v o l v e d i n t h e d e l a y and 

s y m b o l - i n j e c t i o n systems c a n be o b t a i n e d by c o n s i d e r i n g c o n d i t i o n s ( 5 . 6 ) 

and ( 5 , 1 5 ) , and F i g u r e 5 , 6 , From c o n d i t i o n ( 5 , 1 5 ) , i t i s c l e a r t h a t i f 

d i s t o r t i o n i s t o be a v o i d e d i n a s y m b o l - i n j e c t i o n sys tem, 0 must s a t i s f y -

t h e c o n d i t i o n 
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[R ( t ) - r t + S _ ( t ) ] f . 
Q . cum I max . ( 5 , 17 ' ) 
p > 

T h a t i s t o s a y , t h e n e c e s s a r y minimum v a l u e o f 0 i s d e t e r m i n e d by t h e 

maximum v a l u e o f R ( t ) v r t + S _ C t ) . 
cumN I w 

Now, f r o m c o n d i t i o n ( 5 , 6 ) i t i s c l e a r t h a t [ R ( t ) - r t ] / r i s 
cum max 

e q u a l t o A, t h e n e c e s s a r y minimum r e c e i v e r d e l a y i n a d e l a y s - o p e r a t e d 

sys tem a n d , f r o m F i g u r e 5 , 6 , t h a t t h e maximum v a l u e ( ^ ( t ) ] / r o f 

S ^ . ( t ) / r i s e q u a l t o 5 , t h e n e c e s s a r y minimum t r a n s m i t t e r d e l a y i n a 

d e l a y - o p e r a t e d s y s t e m . I n t h e d e l a y - o p e r a t e d s y s t e m , t h e minimum 

o v e r a l l sys tem d e l a y i s g i v e n by 

[ R ( t ) - r t ] • [ S T ( t > ] 
Y = <s = s m + I max ( 5 < 1 8 ) 

From c o n d i t i o n s ( 5 , 1 7 ) and ( 5 . 1 8 ) , i t i s c l e a r t h a t t h e minimum v a l u e 

o f 0 i s o n l y e q u a l t o t h e min imum v a l u e o f y i n s p e c i a l case i n 

w h i c h t h e maximum v a l u e s o f ( R ( t ) - r t ] and S T ( t ) occur a t t h e same 
cum I 

i n s t a n t . I t s h o u l d be n o t e d t h a t t h i s c o n d i t i o n i s s a t i s f i e d i f , and 

o n l y i f , t h e maximum v a l u e o f [ r t ^ R ( t ) ] o c c u r s b e f o r e t h e maximum 
cum 

v a l u e o f [ R ( t ) - r t ] , O b s e r v e t h a t t h e maximum v a l u e o f S _ ( t ) occurs cum • I 
when [ r t ^ R ( t ) ] a c h i e v e s i t s maximum and t h i s v a l u e i s t h e n m a i n t a i n e d , cum 

Thus , a t t h i s i n s t a n t , and o n w a r d s , t h e c u m u l a t i v e t o t a l number o f symbols 

[ R c u n j ( t ) + S ; [ ( t ) ] c u r v e i s e q u a l t o t h e R c u m ( t ) c u r v e s h i f t e d i n a m p l i t u d e 

'max by [ r t - R ( t ) ] , and f o r t h i s r e a s o n [R ( t ) + S _ ( t ) - r t ] ' cum max cum ' I w 

w i l l be e q u a l t o [R ( t ) - r t ] + [ S T ( t ) ] i f and o n l y i f 
cum max I max J 

[R ( t ) - r t ] o c c u r s a f t e r [ r t - R ( t ) ] , T h i s i s i l l u s t r a t e d cum max cum max 
i n F i g u r e 5 , 7 , 
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A t t h i s p o i n t i t i s i m p o r t a n t t o n o t e t h a t when o p e r a t i n g a t 

a t r a n s m i s s i o n r a t e e q u a l t o t h e a v e r a g e r a t e a t w h i c h d a t a i s p r o d u c e d 

by t h e s o u r c e , t h e e f f e c t o f t h e s i m p l i f y i n g a p p r o x i m a t i o n s p r e v i o u s l y 

made i s n e g l i g i b l e , s i n c e t h e e r r o r s i n d e l a y e s t i m a t e s a r e s m a l l i n 

c o m p a r i s o n w i t h t h e a c t u a l d e l a y s i n v o l v e d . When d e a l i n g w i t h h i g h e r 

t r a n s m i s s i o n r a t e s , h o w e v e r , t h e n e c e s s a r y minimum d e c o d i n g d e l a y s a r e 

s i g n i f i c a n t l y r e d u c e d and i t i s t h e n n e c e s s a r y t o remove t h e a p p r o x i m a t i o n s 

i n o r d e r t o o b t a i n s u f f i c i e n t l y a c c u r a t e e s t i m a t e s o f t h e d e l a y s . 

A l t h o u g h i n t h e c a s e o f g e n e r a l t r a n s m i s s i o n r a t e s , i t does n o t 

a p p e a r p o s s i b l e t o o b t a i n a s i m p l e r r e s u l t t h a t ( 5 . 1 4 ) , i t i s p o s s i b l e 

i n t h e c a s e i n w h i c h t h e t r a n s m i s s i o n r a t e r i s such t h a t 

r > U [ ^ i n B ( t ) ] / d t } 
cum max 

t o s i m p l i f y t h e r e s u l t - i n a n i m p o r t a n t way . Xn t h i s case 

S X < t + V = r ( t + V - R c u m ( t + T k ) ( 5 . 1 9 ) 

and s i n c e 

R ( t + T. ) = R ( t ) + 1 cumN k ' cum ' 

i t f o l l o w s f r o m ( 5 . 1 9 ) t h a t 

S <t + T k ) = r ( t + y - R < t ) - 1 

and hence on s u b s t i t u t i n g f o r S j ( t + T^) i n ( 5 . 1 4 ) , t h e minimum 

n e c e s s a r y d e l a y , 8 , i s f o u n d t o be 

0 ^ i { r . T . } 
r k max 
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i . e . , 

0 ^ {T, } k max* ( 5 . 2 0 ) . 

5 . 2 . 3 . D i s t o r t i o n I n t e r v a l s i n Systems w i t h I n s u f f i c i e n t D e l a y s . 

One i m p o r t a n t a s p e c t ? o f s y s t e m p e r f o r m a n c e r e m a i n s t o be c o n s i d e r e d , 

and t h a t r e l a t e s t o t h e t i m e i n t e r v a l s d u r i n g w h i c h t h e o u t p u t w i l l 

c o n t a i n d i s t o r t i o n i f t h e o v e r a l l d e l a y used i n a system i s l e s s t h a n 

t h e n e c e s s a r y minimum v a l u e t o a v o i d d i s t o r t i o n . 

Suppose a sys tem works on a d e l a y - o p e r a t e d b a s i s , w i t h b u f f e r i n g 

b e i n g p r o v i d e d a t b o t h t r a n s m i t t e r and r e c e i v e r . Suppose a l s o t h a t t h e 

R ( t ) c u r v e i s as shown i n F i g u r e 5 . 8 a , i n w h i c h case t h e minimum 

d e l a y 5 n e c e s s a r y t o a v o i d t r a n s m i t b u f f e r u n d e r f l o w i s a s i n d i c a t e d on 

t h e d i a g r a m . L e t i t be assumed t h a t t h e a c t u a l d e l a y used a t t h e 

t r a n s m i t t e r b u f f e r i s a , w h e r e a i s l e s s t h a n 6 . Under t h e s e c i r c u m s t a n c e s , 

symbol i n j e c t i o n w i l l o c c u r i n t h e manner shown i n F i g u r e 5 . 8 b . 

Symbol i n j e c t i o n e f f e c t i v e l y f o r c e s t h e R ^ m ( t ) c u r v e t o be s h i f t e d t o 

t h e d o t t e d c u r v e shown i n F i g u r e 5 . 8 a , 

A t t h e r e c e i v e r l e t i t be assumed t h a t i n s t e a d o f u s i n g t h e d e l a y 

v a l u e o f 0 shown i n F i g u r e 5 . 8 c , w h i c h wou ld be s u f f i c i e n t t o a v o i d 

d i s t o r t i o n i n t h e o u t p u t , a v a l u e o f e i s u s e d , where e i s l e s s t h a n 0 . 

I f t h i s i s d o n e , t h e n i t i s c l e a r f r o m F i g u r e 5 . 8 c t h a t d i s t o r t i o n w i l l 

o c c u r i n t h e i n t e r v a l s A and B i n d i c a t e d , I n g e n e r a l t e r m s , d i s t o r t i o n 

w i l l o c c u r d u r i n g t h o s e p e r i o d s f o r w h i c h 

cum 

R ( t ^ e) + S T ( t - e ) > r t , t > e . cum ( 5 . 2 1 ) 
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5 . 3 . A p p l i c a t i o n s t o Z e r o - C r o s s i n g s - B a s e d Speech Coders . 

5 . 3 . 1 . S t a t i s t i c a l P r o p e r t i e s o f t h e Z e r o - C r o s s i n g s o f Low-Pass 

F i l t e r e d Speech S i g n a l s . 

To o b t a i n e s t i m a t e s o f t h e n e c e s s a r y b u f f e r s t o r a g e , and t h e 

e x t e n t o f t h e d e l a y s i n v o l v e d when i n f o r m a t i o n a b o u t t h e speech 

segments l i n k i n g s u c c e s s i v e z e r o - c r o s s i n g s i s used i n speech c o d i n g , 

measurements w e r e made r e l a t i n g t o t h e o c c u r r e n c e o f z e r o - c r o s s i n g s 

i n t h e l o w - p a s s f i l t e r e d s p e e c h . The measurements w e r e made on a 

v a r i e t y o f speech samples r a n g i n g f r o m i s o l a t e d s e n t e n c e s t o measurements 

on a l o n g ( a p p r o x i m a t e l y 15 m i n ) p a s s a g e o f c o n t i n u o u s speech r e c o r d e d 

f r o m t h e r a d i o . The r e c o r d i n g was made u s i n g a h i g h - q u a l i t y t u n e r and 

a s s o c i a t e d h i g h - q u a l i t y t a p e e q u i p m e n t . The r e c o r d e d speech was 

s u b s e q u e n t l y l o w —pass f i l t e r e d t o 3 , 0 4 KHz b e f o r e mak ing t h e z e r o -

c r o s s i n g s mea surements . T h r o u g h o u t t h e t e s t , t h e peak s i g n a l l e v e l 

was s e t a t I V . 

I n t h e f i r s t t e s t , f i v e i s o l a t e d s e n t e n c e s t a k e n f r o m t h e H a r v a r d 

l i s t number 1 w e r e examined w i t h e a c h s e n t e n c e b e i n g spoken b y b o t h 

a m a l e and a f e m a l e s p e a k e r . The number o f z e r o - c r o s s i n g s i n 0 . 5 s e c , 

1 , 0 s e c , and 2 , 0 sec s e c t i o n s o f s p e e c h w e r e m e a s u r e d . The speech 

s e c t i o n s examined w e r e e a c h c o n t a i n e d e n t i r e l y w i t h i n t h e d u r a t i o n 

o f t h e a s s o c i a t e d s e n t e n c e , t h e r e b y e l i m i n a t i n g f r o m C o n s i d e r a t i o n 

any l o n g p e r i o d s o f s i l e n c e b e t w e e n s e n t e n c e s . 

The measurements w e r e made u s i n g z e r o - l e v e l o f f s e t s r a n g i n g f r o m 

z e r o t o 3 0 mV, T h i s was done so t h a t r e s u l t s c o u l d be o b t a i n e d t h a t 

w e r e n o t s e r i o u s l y a f f e c t e d b y t h e p r e s e n c e o f any l o w - l e v e l s y s t e m 
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n o i s e , w h i c h i s known t o h a v e a c o n s i d e r a b l e i n f l u e n c e on t h e 

number o f z e r o - c r o s s i n g s . The r e s u l t s o f t h e t e s t a r e g i v e n i n 

T a b l e s 5 . 1 and 5 . 2 . 

I n t h e second t e s t , 2 sec s e c t i o n s o f t h e l o n g (15 roin) passage 

o f speech w e r e e x a m i n e d . The 2 sec samples w e r e s e l e c t e d one a f t e r 

a n o t h e r i n t i m e a s t h e s p e e c h p a s s a g e was p l a y e d i n t o t h e z e r o - c r o s s i n g s 

d e t e c t o r . The s e c t i o n s d i d n o t o v e r l a p , and e a c h s e c t i o n was s e l e c t e d 

so t h a t l o n g i n t e r - s e n t e n c e s i l e n c e s w e r e a v o i d e d . Z e r o , 10 mV and 

20 mV o f f s e t s w e r e a g a i n u s e d , and t h e r e s u l t s o f t h e t e s t s a r e 

shown i n F i g u r e s 5 . 9 t o 5 . 1 4 i n t h e f o r m o f h i s t o g r a m s . W i t h a n 

o f f s e t v o l t a g e o f 10 mV i t c a n b e seen t h a t t h e a v e r a g e number o f 

z e r o - c r o s s i n g s p e r s e c o n d , m e a s u r e d o v e r t h e 2 sec i n t e r v a l s , i s 

v e r y c l o s e t o 900 sec . The f i g u r e s a l s o show t h a t , f o r m a l e s p e a k e r s , 

and a 10 mV o f f s e t , a p p r o x i m a t e l y 13% o f t h e 2 sec samples c o n t a i n 

a number o f c r o s s i n g s l e s s t h a n 1 4 0 0 ( i . e . , 700 sec ^ a v e r a g e d o v e r 

2 sec ) and t h a t a p p r o x i m a t e l y 18% h a v e more t h a n 2200 c r o s s i n g s i n t h e 

2 sec p e r i o d ) , I n t h e c a s e o f f e m a l e s p e a k e r s t h e c o r r e s p o n d i n g f i g u r e s 

a r e seen t o be 8 , 5 ^ and 12%, r e s p e c t i v e l y . 

I n t h e f i n a l t e s t , t h e c u m u l a t i v e f u n c t i o n R ( t ) was measured ? cum ' 

f o r a number o f a r b i t r a r i l y s e l e c t e d 7 sec i n t e r v a l s o f t h e m a t e r i a l 

r e c o r d e d f r o m t h e r a d i o . T y p i c a l examples o f t h e r e s u l t s o b t a i n e d 

a r e shown i n F i g u r e s 5 , 1 5 t o 5 . 1 7 , I n t h e t e s t , t h e f u n c t i o n s w e r e 

measured a t 20 msec i n t e r v a l s f o r t h e f i r s t 1 . 4 s e c , a t 40 msec 

i n t e r v a l s f o r t h e n e x t 0 , 6 s e c , and t h e n a t 250 msec i n t e r v a l s f o r 

t h e p e r i o d f r o m 2 sec t o 7 s e c . 



T a b l e 5 . 1 , Z e r o - C r o s s i n g s Measurements o f Low-Pass F i l t e r e d Speech 

S i g n a l s ( Z e r o O f f s e t V o l t a g e ) . 

Sen tence Number 

0 . 5 sec 
s e c t i o n o f 
speech 

1 . 0 sec 
s e c t i o n o f 
speech 

2 . 0 sec 
s e c t i o n o f 
speech 

Sentence Number 
Number o f 
Z e r o - c r o s s i n g s 

Number o f 
Z e r o - c r o s s i n g s 

Number o f 
Z e r o - c r o s s i n g s 

1 (ma le s p e a k e r ) 955 1 6 8 0 2653 
2 ( m a l e s p e a k e r ) 785 1634 3163 

3 ( m a l e s p e a k e r ) 1316 2043 3804 
4 (ma le s p e a k e r ) 555 1147 2089 
5 (ma le s p e a k e r ) 1023 1988 2848 
6 ( f e m a l e s p e a k e r ) 666 1392 2452 
7 ( f e m a l e s p e a k e r ) 3 6 1 864 2027 
8 ( f e m a l e s p e a k e r ) 683 1125 2438 
9 ( f e m a l e s p e a k e r ) 322 667 1647 

1 0 ( f e m a l e s p e a k e r ) 503 876 2847 

tSJ 
00 Ul 



T a b l e 5 . 2 . Z e r o - c r o s s i n g s Measurements o f Low-Pass F i l t e r e d Speech S i g n a l s 

( O f f s e t V o l t a g e s o f 10 mV, 20 mV, arid 30 mV^ 2 sec s e c t i o n s o f s p e e c h ) . 

S e n t e n c e Number 
O f f s e t 10 mV O f f s e t 20 mV 

,— 
O f f s e t 30 mV 

S e n t e n c e Number 
Number o f 
Z e r o ^ c r o s s i n g s 

Number o f 
Z e r o ' - c r o s s i n g s 

Number o f 
Z e r o - c r o s s i n g s 

1 ( m a l e s p e a k e r ) 2457 1818 1696 
2 ( m a l e s p e a k e r ) 2 9 4 1 2992 2873 
3 ( m a l e s p e a k e r ) 3593 2595 1506 

4 ( m a l e s p e a k e r ) 2184 1458 1297 
5 ( m a l e s p e a k e r ) 2944 2142 1917 
6 ( f e m a l e s p e a k e r ) 2099 1326 1522 
7 ( f e m a l e s p e a k e r ) 2294 1142 1015 
8 ( f e m a l e s p e a k e r ) 2537 1238 1149 
9 ( f e m a l e s p e a k e r ) 1585 938 8 2 1 

1 0 ( f e m & l e s p e a k e r ) 2069 1109 1 1 4 0 

N> 
00 
ON 
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5 . 3 . 2 . E s t i m a t e s o f C o m m u n i c a t i o n D e l a y and B u f f e r S t o r a g e . 

I n t h e case o f d e l a y - o p e r a t e d s y s t e m s , a s i m p l e f i r s t e s t i m a t e 

o f t h e n e c e s s a r y o v e r a l l s y s t e m d e l a y can be o b t a i n e d f r o m t h e r e s u l t s 

o f t h e second t e s t . These r e s u l t s i n d i c a t e t h a t i t i s n o t a t a l l 

uncommon f o r t h e number o f z e r o - c r o s s i n g s i n 2 sec o f speech t o d i f f e r 

f r o m t h e a v e r a g e v a l u e o f 1 8 0 0 by + 4 0 0 , and t h a t even l a r g e r d i f f e r e n c e s 

c a n and do o c c u r . On t h e b a s i s o f t h e + 400 d i f f e r e n c e , t h e n e c e s s a r y 

minimum d e l a y i s seen t o be 8 / 9 s e c , and an even l a r g e r d e l a y w o u l d 

be n e c e s s a r y i f i t w e r e d e s i r e d t o e l i m i n a t e d i s t o r t i o n t h a t c a n 

a r i s e when g r e a t e r d i f f e r e n c e s o c c u r . From t h e r e s u l t s o f t e s t 3 , 

p r e s e n t e d ' i n F i g u r e s 5 . 1 5 t o 5 . 1 7 , a more r e l i a b l e e s t i m a t e can be 

made o f t h e n e c e s s a r y d e l a y . I f t h e t h e o r y d e v e l o p e d i n s e c t i o n 5 . 2 

i s a p p l i e d t o t h e s e f i g u r e s t h e n i t i s seen t h a t i n one case 

( F i g u r e 5 . 1 5 ) a d e l a y A o f a p p r o x i m a t e l y 2 sec i s r e q u i r e d a t t h e 

r e c e i v e r b u f f e r w i t h v i r t u a l l y no d e l a y b e i n g r e q u i r e d a t t h e t r a n s m i t t e r 

( 6 - 0) , T h i s t h u s means t h a t a minimum o v e r a l l system d e l a y o f 

a p p r o x i m a t e l y y - 2 sec i s r e q u i r e d i f d i s t o r t i o n i s t o be a v o i d e d . 

I n a n o t h e r c a s e ( F i g u r e 5 , 1 6 ) t h e n e c e s s a r y minimum o v e r a l l d e l a y i s 

a g a i n a p p r o x i m a t e l y y - 2 s e c , w i t h v i r t u a l l y a l l o f t h i s b e i n g a t t h e 

t r a n s m i t t e r ( i , e . , A - 0 , 6 = 2 s e c ) . I n t h e case shown i n F i g u r e 5 . 1 7 , 

t h e o v e r a l l r e q u i r e d d e l a y , y , i s a p p r o x i m a t e l y 1 . 3 8 s e c , w i t h 

a p p r o x i m a t e l y 1 , 2 sec o f t h i s b e i n g t a k e n up a t t h e r e c e i v e r . I n t h e 

c a s e o f systems o p e r a t i n g on a s y m b o l - ^ i n j e c t i o n p r i n c i p l e t h e o v e r a l l 

sys tem d e l a y s w o u l d be 8 = 2 s e c , 0 , 3 s e c , and 1 . 3 8 s e c , r e s p e c t i v e l y . 

A s can be o b s e r v e d , Y - 8 o n l y i n t h e cases when t h e maximum v a l u e o f 

[ r t t- R ( t ) ] o c c u r s b e f o r e t h e maximum v a l u e o f [R ( t ) ^ r t ] , cum ' f cumN ' 
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E s t i m a t e s c a n a l s o be made o f t h e n e c e s s a r y b u f f e r s i z e , 

a t b o t h t r a n s m i t t e r and r e c e i v e r . I n t h e case o f d e l a y - o p e r a t e d 

s y s t e m s , t h e t r a n s m i t t e r and r e c e i v e r b u f f e r s have t o be l a r g e enough 

t o h d l d a number o f symbols e q u a l t o t h e maximum v a l u e o f t h e d i f f e r e n c e 

b e t w e e n R ( t ) and r ( t - 5 ) , and r ( t + A) and R ( t ) , r e s p e c t i v e l y , cum cum 
T h a t i s , t h e t r a n s m i t t e r b u f f e r s i z e i s g i v e n by [ R ( t ) - r ( t - 5 ) ] 

' cum max 
and t h e r e c e i v e r b u f f e r s i z e by [ r ( t + A) - R ( t ) ] . I t i s 

cum max 

e a s y t o see t h a t t h e s e two v a l u e s a r e t h e same. U s i n g t h e r e s u l t s 

o f F i g u r e s 5 . 1 5 t o 5 . 1 7 i t i s e s t i m a t e d t h a t t h e t r a n s m i t t e r and 

r e c e i v e r b u f f e r s w i l l e a c h h a v e t o be c a p a b l e o f h o l d i n g a p p r o x i m a t e l y 

2000 symbols , o r 2 0 0 0 n b i n a r y d i g i t s , where n i s t h e a v e r a g e number 

o f b i n a r y d i g i t s used t o r e p r e s e n t e a c h s y m b o l . 

U s i n g t h e a r g u m e n t s p r e s e n t e d a t t h e end o f s e c t i o n 5 . 2 , i t 

i s p o s s i b l e t o d e t e r m i n e t h e t i m e p e r i o d s d u r i n g w h i c h d i s t o r t i o n w i l l 

o c c u r i f t h e a l l o w e d system d e l a y i s l e s s t h a n t h e minimum n e c e s s a r y to 

a v o i d d i s t o r t i o n . I f a 0 . 2 5 sec d e l a y i s a l l o w e d a t b o t h t r a n s m i t t e r 

and r e c e i v e r , t h e n i t i s e s t i m a t e d u s i n g t h e m a t e r i a l o f F i g u r e s 5 . 1 5 

t o 5 , 1 7 t h a t d i s t o r t i o n w i l l o c c u r f o r p e r i o d s o f 6 . 4 8 s e c , 0 . 0 s e c , 

and 5 . 5 0 sec f o r t h e 7 sec samples o f speech shown. I t shou ld be n o t e d 

t h a t i n t h e c a s e o f F i g u r e 5 , 1 6 t h e z e r o i n t e r v a l o f d i s t o r t i o n r e s u l t e d 

because t h e sys tem had t o i n v o k e symbol i n j e c t i o n a t some t i m e d u r i n g 

t h e c o u r s e o f i t s o p e r a t i o n a s d i s c u s s e d i n s e c t i o n 5 , 2 . W i t h t h e 

s y m b o l - i n j e c t i o n system h a v i n g a t o t a l o v e r a l l d e l a y o f 0 . 5 sec,' 

d i s t o r t i o n w i l l o c c u r f o r p e r i o d s o f 6 . 1 6 s e c , 0 , 0 s e c , and 5 . 4 3 s e c , 

r e s p e c t i v e l y . 
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5 . 4 . A p p l i c a t i o n s t o t h e P r o p o s e d Time Coding T e c h n i q u e f o r Speech 

S i g n a l s . 

I n t h e p r e v i o u s s e c t i o n e s t i m a t e s were o b t a i n e d o f t h e n e c e s s a r y 

b u f f e r s t o r a g e , and t h e e x t e n t o f t h e d e l a y s i n v o l v e d when c o d i n g 

speech i n t e r m s o f i n f o r m a t i o n r e l a t i n g t o speech segments l i n k i n g 

s u c c e s s i v e z e r o - c r o s s i n g s . By a p p l y i n g t h e b a s i c t h e o r e t i c a l r e s u l t s 

w h i c h were p r e s e n t e d i n s e c t i o n 5 . 2 , t h e t i m e c o d i n g method f o r speech 

s i g n a l s d e v e l o p e d i n c h a p t e r 4 c a n a l s o be e v a l u a t e d i n t e r m s o f t h e 

n e c e s s a r y b u f f e r s i z e and o v e r a l l sys tem d e l a y . B o t h t h e d e l a y - o p e r a t e d 

a p p r o a c h and t h e s y m b o l - i n j e c t i o n p r o c e d u r e w i l l be c o n s i d e r e d . 

I n t h e c a s e o f t h e p r o p o s e d t i m e c o d i n g t e c h n i q u e d e s c r i b e d i n 

c h a p t e r 4 t h e a v e r a g e b i t - r a t e i s 7 . 6 K b i t s / s e c . T h i s v a l u e w i l l be 

used t o o b t a i n t h e e s t i m a t e s r e l a t i n g t o d e l a y and b u f f e r s i z e . F o r 

p u r p o s e o f o b t a i n i n g t h e s e e s t i m a t e s , t h e c u m u l a t i v e t o t a l number o f 

i n f o r m a t i o n b i n a r y d i g i t s R ^ ( t ) p roduced by t h e c o d i n g p r o c e s s up 

t o t i m e t was measured f o r 7 sec o f speech spoken by b o t h m a l e and 

f e m a l e s p e a k e r s . The r e s u l t s o b t a i n e d a r e g i v e n i n F i g u r e s 5 . 1 8 a n d 

5 . 1 9 . 

I f t h e t h e o r y d e v e l o p e d i n s e c t i o n 5 . 2 i s a p p l i e d t o t h e s e f i g u r e s 

t h e n i t i s seen t h a t , when a d e l a y - o p e r a t e d p r i n c i p l e i s u s e d , t h e o v e r a l l 

r e q u i r e d d e l a y , y , i s a p p r o x i m a t e l y 0 . 5 8 sec i n one case ( F i g u r e 5 , 1 8 ) , 

w i t h a p p r o x i m a t e l y 0 . 4 9 sec o f t h i s b e i n g t a k e n up' a t t h e r e c e i v e r 

( i . e . , A = 0 . 4 9 s e c ) , and t h e r e s t a t t h e t r a n s m i t t e r ( 5 ?= 0 . 0 9 s e c ) . 

I n t h e case shown i n F i g u r e 5 , 1 9 , t h e minimum n e c e s s a r y v a l u e o f t h e d e l a y 

d a t t h e t r a n s m i t t e r i n o r d e r t o a v o i d b u f f e r u n d e r f l o w i s 6 = 0 , 2 5 sec, 
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and a d e l a y o f a p p r o x i m a t e l y A = 0 . 0 5 sec i s r e q u i r e d a t t h e r e c e i v e r 

b u f f e r . T h i s t h u s means t h a t a minimum o v e r a l l system d e l a y o f a p p r o x i m a t e l y 

y = 0 . 3 sec i s r e q u i r e d i f d i s t o r t i o n i s t o be a v o i d e d . 

Now, i f a s y m b o l - i n j e c t i o n p r o c e d u r e i s a d o p t e d , t h e n t h e o v e r a l l 

sys tem d e l a y f o r t h e case shown i n F i g u r e 5 . 1 9 w i l l be a p p r o x i m a t e l y 

0 = 0 . 1 7 s e c , t h a t i s , a 0 . 1 3 sec r e d u c t i o n as compared t o t h e d e l a y 

mode o f o p e r a t i o n . The a p p l i c a t i o n o f t h e s y m b o l - i n j e c t i o n p r i n c i p l e 

t o t h e case p r e s e n t e d i n F i g u r e 5 . 1 8 , h o w e v e r , w i l l n o t p r o v i d e any 

change i n t h e o v e r a l l s y s t e m d e l a y s i n c e , i n t h i s c a s e , t h e maximum 

v a l u e o f [ r t - R ( t ) ] o c c u r s b e f o r e t h e maximum v a l u e o f [ R ( t ) - x t ] . cum cum 

I n t h i s c a s e , 0 = y = 0 . 5 8 s e c . 

As r e g a r d s t r a n s m i t t e r a n d r e c e i v e r b u f f e r s i z e s , f r o m t h e r e s u l t s 

o f F i g u r e s 5 . 1 8 and 5 . 1 9 i t i s e s t i m a t e d t h a t e a c h w i l l have t o be 

c a p a b l e o f h o l d i n g a p p r o x i m a t e l y 4 5 0 0 b i n a r y d i g i t s , i f t h e c o d i n g 

method i s t o o p e r a t e a t a c o n s t a n t t r a n s m i s s i o n r a t e o f 7 . 6 K b i t s / s e c . 

5 . 5 , D i s c u s s i o n . 

Some new g e n e r a l t h e o r y h a s b e e n d e v e l o p e d r e l a t i n g t o t h e d e l a y s 

i n v o l v e d i n v a r i a b l e - i n f o r m a t i o n - r a t e - s o u r c e t o c o n s t a n t - t r a n s m i s s i o n -

r a t e schemes o f d a t a c o m p r e s s i o n , The r e s u l t s o f a s t a t i s t i c a l a n a l y s i s 

o f t h e z e r o - c r o s s i n g s o f l o w - p a s s f i l t e r e d speech have been p r e s e n t e d 

and t h e u s e o f t h i s i n f o r m a t i o n s u g g e s t s t h a t f a i r l y l o n g d e l a y s ( o f 

t h e o r d e r o f 1 s e c ) may b * i n v o l v e d i n t h e d i s t o r t i o n l e s s t r a n s m i s s i o n 

o f speech encoded u s i n g i n f o r m a t i o n a b o u t t h e wave fo rm segments l i n k i n g 

s u c c e s s i v e r e a l z e r o s o f t h e s p e e c h s i g n a l . The d e l a y s i n v o l v e d a r e 
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such as t o make t w o - w a y c o n v e r s a t i o n d i f f i c u l t and i t w i l l , i f speech 

i s t o be communicated on t h e b a s i s o f an a v e r a g e r a t e o f z e r o - c r o s s i n g s 

o f a p p r o x i m a t e l y 900 sec \ b e n e c e s s a r y t h a t some f u r t h e r r e d u n d a n c y 

r e m o v a l t e c h n i q u e s be d e v e l o p e d f o r e f f e c t i v e l y remov ing t h e l a r g e 

v a r i a t i o n s t h a t can o c c u r i n b a s i c z e r o - c r o s s i n g s r a t e s . 

E s t i m a t e s o f o v e r a l l s y s t e m d e l a y i n v o l v e d i n t h e proposed t i m e 

c o d i n g . t e c h n i q u e f o r s p e e c h s i g n a l s have a l s o b e e n p r e s e n t e d f o r 

i l l u s t r a t i v e s e c t i o n s o f b o t h m a l e and f e m a l e speech m a t e r i a l . The 

r e s u l t s o b t a i n e d f o r t h e p r o p o s e d sys tem, when o p e r a t i n g a t a t r a n s m i s s i o n 

b i t - r a t e o f 7 . 6 K b i t s / s e c , i n d i c a t e t h a t a s i g n i f i c a n t r e d u c t i o n o f 

t h e n e c e s s a r y minimum o v e r a l l d e l a y may be i n v o l v e d . The maximum 

v a l u e o b t a i n e d i n t h i s c a s e was a d e l a y o f 0 . 5 8 s e c , whereas f o r t h e 

z e r o - c r o s s i n g s - b a s e d s p e e c h c o d i n g methods t h i s f i g u r e was a b o u t 3 . 5 

t i m e s h i g h e r . I t s h o u l d a l s o be n o t e d t h a t i n t h e c a s e o f e x t r e m a l 
14 

c o d i n g o f s p e e c h t h e d e l a y i n v o l v e d i s o f t h e o r d e r o f 1 s e c , i f t h e 

sys tem i s t o be o p e r a t e d a t a t r a n s m i s s i o n b i t - r a t e o f 15 K b i t s / s e c , 

w h i c h r a t e i s a b o u t t w i c e a s h i g h a s t h a t used i n t h e proposed t i m e 

c o d i n g scheme. 

I t i s i m p o r t a n t t o remember t h a t a l l t h e above e s t i m a t e s o f d e l a y 

arid b u f f e r s i z e a r e based o n a l i m i t e d s e t o f measurements and c a n on ly 

be c o n s i d e r e d as i n d i c a t i v e . I n a system r e q u i r e d t o h a n d l e g e n e r a l 

speech i n p u t s i g n a l s t h e d e l a y and b u f f e r s t o r a g e r e q u i r e m e n t s may 

be i n e x c e s s o f t h o s e q u o t e d a b o v e , b u t t h i s can o n l y be d e t e r m i n e d by 

p r a c t i c a l t e s t s and t h e s t a t i s t i c a l a n a l y s i s o f a w i d e r a n g e o f speech 

s i g n a l s . 
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6 » delay necessary to avoid first underflow condition 
(not sufficient to avoid second underflow condition) 

6 » delay necessary to avoid worst case of underflow condition 

F i g u r e 5 . 1 , D e l a y a t t r a n s m i t b u f f e r t o a v o i d u n d e r f l o w . 
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init ial 
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distort ion due to too small 
an initial decoding delay 

F i g u r e 5 . 2 . I l l u s t r a t i o n o f o u t p u t d i s t o r t i o n due t o i n s u f f i c i e n t 
d e c o d i n g d e l a y . 
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F i g u r e 5 . 3 . D e l a y a t r e c e i v e r t o a v o i d o u t p u t d i s t o r t i o n . 



295 

input t o t r ansm i t t e r 

f f 
"1 2 3 -

t f t t t t t 
ou tpu t f r o m t r a n s m i t t e r 

S 5 S 6 S 7 s a S 9 s i o 
A A A A A A A 

* 

denotes i n j ec ted s y m b o l 

F i g u r e 5 . 4 . I l l u s t r a t i o n o f symbol i n j e c t i o n a t t r a n s m i t t e r . 

R c u m t t - p ^ S . C t - p ) 

I X -

R c u m ( t - P ) 

time 

F i g u r e 5 . 5 , I l l u s t r a t i o n o f d e l a y n e c e s s a r y t o a v o i d d i s t o r t i o n 
i n a s y m b o l - i n j e c t i o n sys tem. 
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F i g u r e 5 . 6 . I l l u s t r a t i o n o f symbol i n j e c t i o n . 
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t i m e 
I l l u s t r a t i o n o f o v e r a l l system d e l a y s i n v o l v e d i n 
t h e d e l a y ( y ) and s y m b o l - i n j e c t i o n ( 8 ) s y s t e m s , 
( a ) 8 ¥ y , ( b ) 8 = y. 
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F i g u r e 5 . 9 . H i s t o g r a m r e l a t i n g number o f c r o s s i n g s i n 2 sec i n t e r v a l s 
o f speech ( m a l e s p e a k e r ; z e r o o f f s e t v o l t a g e ) . 
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Figure 5.10. Histogram relating number of crossings in 2 sec intervals 

of speech (male speakerJ 10 mV offset voltage). 
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F i g u r e 5 . 1 1 . H i s t o g r a m r e l a t i n g number o f c r o s s i n g s i n 2 sec i n t e r v a l s 
o f speech ( m a l e speaker? 20 mV o f f s e t v o l t a g e ) . 
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F i g u r e 5 . 1 2 , H i s t o g r a m r e l a t i n g number o f c r o s s i n g s i n 2 sec i n t e r v a l s 
o f speech ( f e m a l e s p e a k e r ; z e r o o f f s e t v o l t a g e ) . 
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F i g u r e 5 . 1 3 . H i s t o g r a m r e l a t i n g number o f c r o s s i n g s i n 2 sec i n t e r v a l s 
o f s p e e c h ( f e m a l e s p e a k e r ; 10 mV o f f s e t v o l t a g e ) . 
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F i g u r e 5 . 1 4 . H i s t o g r a m r e l a t i n g number o f c r o s s i n g s i n 2 sec i n t e r v a l s 
o f speech ( f e m a l e s p e a k e r ; 20 mV o f f s e t v o l t a g e ) . 
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F i g u r e 5 . 1 5 . V a r i a t i o n s i n c u m u l a t i v e f u n c t i o n (number o f z e r o - c r o s s i n g s ) 
o v e r 7 sec i n t e r v a l o f speech ( m a l e ) . 
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F i g u r e 5 . 1 6 . V a r i a t i o n s i n c u m u l a t i v e f u n c t i o n (number o f z e r o - c r o s s i n g s ) 
o v e r 7 sec i n t e r v a l o f speech ( f e m a l e 1 ) . 
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F i g u r e 5 . 1 7 . V a r i a t i o n s i n c u m u l a t i v e f u n c t i o n (number o f z e r o - c r o s s i n g s ) over 
7 sec i n t e r v a l o f speech ( f e m a l e 2 ) . 
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( m a l e ) . 
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F i g u r e 5 . 1 9 . V a r i a t i o n s i n c u m u l a t i v e f u n c t i o n (number o f b i t s ) f o r t h e 

p r o p o s e d t i m e c o d i n g scheme o v e r 7 sec i n t e r v a l o f speech ( f e m a l e ) 
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CHAPTER 6 

CONCLUSIONS AND SUGGESTIONS 

FOR FURTHER RESEARCH 

6 . 1 . C o n c l u s i o n s 

The p o s s i b i l i t i e s o f e x p l o i t i n g two d i f f e r e n t a p p r o a c h e s t o 

t h e l o w - b i t - r a t e c o d i n g o f speech s i g n a l s have been i n v e s t i g a t e d i n 

t h i s t h e s i s . The r e s u l t s o f t h i s i n v e s t i g a t i o n were p r e s e n t e d i n 

C h a p t e r s 3 and 4 . I n C h a p t e r 5 , t h e r e s u l t s o f a s t u d y o f v a r i o u s 

f a c t o r s r e l a t e d t o t h e p e r f o r m a n c e o f v a r i a b l e - s o u r c e - r a t e t o 

c o n s t a n t - t r a n s m i s s i o n - r a t e schemes o f d a t a c o m p r e s s i o n w e r e p r e s e n t e d , 

w i t h p a r t i c u l a r a t t e n t i o n b e i n g g i v e n t o t i m e - d o m a i n speech c o d i n g 

t e c h n i q u e s . 

The methods d e s c r i b e d i n C h a p t e r 3 w e r e examined w i t h a v i e w 

t o i m p r o v i n g t h e speech q u a l i t y o b t a i n e d w i t h Hadamard t r a n s f o r m 

c o d i n g a t l o w - b i t - r a t e s ( b e l o w 6 K b i t s / s e c ) . I t was f o u n d t h a t 

t h e use o f d o u b l e Hadamard speech c o d i n g l e d t o a s m a l l improvement 

o f s p e e c h q u a l i t y f o r b i t - r a t e s o f 3 . 5 , 4 . 6 2 5 , and 5 . 7 5 K b i t s / s e c . 

The improvement r e s u l t s f r o m t h e r e m o v a l o f r e s i d u a l redundancy t h a t 

s t i l l r e m a i n s b e t w e e n t h e d o m i n a n t Hadamard c o e f f i c i e n t s . I t was a l s o 

c l e a r t h a t t h e s p e e c h q u a l i t y o b t a i n e d w i t h t h e d o u b l e Hadamard 

method o f c o d i n g i s b e t t e r t h a n t h a t o b t a i n e d w i t h t h e Hadamard-Haar 

c o d i n g scheme. I n t e r m s o f s y s t e m c o m p l e x i t y , t h e d o u b l e Hadamard 
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t e c h n i q u e i s s i m p l e r t h a n t h e Hadamard -Haar scheme, and i s 

s l i g h t l y more complex t h a n t h e b a s i c Hadamard c o d i n g scheme. 

H o w e v e r , t h e improvement o f s p e e c h q u a l i t y o b t a i n e d w i t h t h e d o u b l e 

Hadamard method o f s p e e c h c o d i n g i s n o t s u f f i c i e n t t o j u s t i f y 

t h e i n c r e a s e d p r o c e s s i n g o p e r a t i o n t h a t i s n e c e s s a r y . 

The use o f o v e r s a m p l i n g i n t h e speech wave form p r o c e s s e d w i t h 

t h e Hadamard c o d i n g t e c h n i q u e a t l o w - b i t - r a t e s ( b e l o w 6 K b i t s / s e c . ) 

was f o u n d t o p r o d u c e a s m a l l improvement i n speech q u a l i t y . The 

improvement was o b t a i n e d by r e m o v i n g t h e e f f e c t o f s p e c t r u m a l i a s i n g 

i n t h e Hadamard coded s p e e c h . H o w e v e r , t h e i n h e r e n t d e g r a d a t i o n 

a s s o c i a t e d w i t h Hadamard c o d i n g was found t o be more s i g n i f i c a n t 

t h a n t h e d i s t o r t i o n s due t o s p e c t r u m a l i a s i n g . For t h i s r e a s o n , 

t h e n e t improvement o f speech q u a l i t y o b t a i n e d w i t h t h e use o f 

o v e r s a m p l i n g i n d e c o d i n g i s l i m i t e d . When o v e r s a m p l i n g i s combined 

w i t h w a v e f o r m smooth ing t h e r e s u l t a n t speech q u a l i t y i s n o t i c e a b l y 

b e t t e r t h a n t h a t o b t a i n e d f r o m t h e o r i g i n a l Hadamard t e c h n i q u e . The 

smooth ing t e c h n i q u e f u n c t i o n s a s a n a d a p t i v e l o w - p a s s f i l t e r , p r o d u c i n g 

a w a v e f o r m w h i c h i s c l o s e r t o t h a t o b s e r v e d i n n a t u r a l speech and 

w h i c h c o n s t i t u t e s a smoothed v e r s i o n o f t h e Hadamard r e p r e s e n t a t i o n o f 

t h e o r i g i n a l s p e e c h . The i m p r o v e m e n t i n p e r f o r m a n c e o b t a i n e d by t h e 

combined use o f o v e r s a m p l i n g and smoothing i n d e c o d i n g does n o t r e s u l t 

i n speech o f c o m m e r c i a l q u a l i t y . However , t h e r e s u l t s o b t a i n e d f o r 

t h e Hadamard coded speech i n d i c a t e t h a t combined o v e r s a m p l i n g and 

smooth ing may be u s e f u l when a p p l i e d t o o t h e r c o d i n g schemes w h i c h 
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p r o d u c e s i m i l a r s i g n a l r e g e n e r a t i o n c h a r a c t e r i s t i c s . Of c o u r s e , 

t h e e x t e n t t o w h i c h i t w i l l be p o s s i b l e t o use t h e o v e r s a m p l i n g - s m o o t h i n g 

method e f f i c i e n t l y w i l l depend on t h e d e g r e e o f d i s t o r t i o n i n i t i a l l y 

i n t r o d u c e d by t h e o r i g i n a l s y s t e m . 

I n C h a p t e r 4 a new m e t h o d f o r l o w - b i t - r a t e t i m e c o d i n g o f speech 

s i g n a l s was p r e s e n t e d . C o n s i d e r a t i o n was g i v e n t o t i m e c o d i n g 

t e c h n i q u e s w h i c h t r e a t v o i c e d and u n v o i c e d p o r t i o n s o f t h e speech 

w a v e f o r m s e p a r a t e l y , and w h i c h e x p l o i t t h e q u a s i - p e r i o d i c n a t u r e o f 

t h e v o i c e d p o r t i o n s o f t h e w a v e f o r m . For v o i c e d speech , t h e f o l l o w i n g 

p a r a m e t e r s a r e t r a n s m i t t e d ! ( 1 ) a m p l i t u d e s [A (NP1) and A ( N P 2 ) ] and. 

l o c a t i o n s (NP1 and NP2) o f two a d j a c e n t p i t c h p e a k s ; ( 2 ) a m p l i t u d e s 

and l o c a t i o n s o f l o c a l maxima o f t h e w a v e f o r m i n t r a p i t c h ( b e t w e e n 

NP1 and NP2) ; and ( 3 ) a m p l i t u d e s and l o c a t i o n s o f t h e o t h e r p i t c h 

p e a k s . F o r u n v o i c e d s p e e c h , t h e f o l l o w i n g p a r a m e t e r s a r e t r a n s m i t t e d ! 

( 1 ) z e r o - c r o s s i n g l o c a t i o n s ; ( 2 ) rms a m p l i t u d e i n f o r m a t i o n ; and ( 3 ) 

a v e r a g e d i s t a n c e b e t w e e n two s u c c e s s i v e i n s t a n t s a s s o c i a t e d w i t h t h e 

a l t e r n a t e e x t r e m e s o f t h e w a v e f o r m . 

The new t i m e - d o m a i n p i t c h p e r i o d d e t e c t i o n (TDPD) a l g o r i t h m 

w h i c h was d e s c r i b e d i n C h a p t e r 4 f o r m s t h e b a s i s o f t h e a p p r o a c h t o 

t h e e n c o d i n g o f v o i c e d s p e e c h . The a t t r a c t i v e n e s s o f t h e TDPD 

a l g o r i t h m i s based on t h e f o l l o w i n g f a c t o r s ! ( 1 ) t h e o p e r a t i o n s 

i n v o l v e d a r e s i m p l e and c o m p a t i b l e w i t h t h o s e employed i n t i m e c o d i n g ; 

( 2 ) p i t c h p e r i o d m a r k e r s a r e p r o v i d e d d i r e c t l y on t h e speech w a v e f o r m ; 

( 3 ) b a s i c a l l y , o n l y t h r e e s i m p l e t e s t s a r e r e q u i r e d t o i d e n t i f y t h e 
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p i t c h m a r k e r s ; ( 4 ) t h e a c c u r a c y o f t h e p i t c h e s t i m a t e s and v o i c e d -

u n v o i c e d c l a s s i f i c a t i o n compares f a v o u r a b l y w i t h t h o s e o b t a i n e d 
149 

w i t h t h e m o d i f i e d a u t o c o r r e l a t i o n (MAUT) method o f p i t c h 

e x t r a c t i o n ; ( 5 ) t h e TDPD a l g o r i t h m i s s u i t a b l e f o r r e a l - t i m e 

i m p l e m e n t a t i o n w i t h c u r r e n t l y a v a i l a b l e m i c r o p r o c e s s o r s because t h e 

n u m e r i c a l c o m p l e x i t y o f t h e a l g o r i t h m i s r e l a t i v e l y l o w ( t h e b a s i c 

o p e r a t i o n s i n v o l v e d a r e a d d i t i o n s and c o m p a r i s o n s ) ; and ( 6 ) t h e 

a l g o r i t h m a p p e a r s t o be s i m p l e f t h a n o t h e r t i m e - d o m a i n p i t c h 
143 144 

d e t e c t i o n schemes ' s i n c e o n l y a s m a l l number o f s i m p l e t e s t s 

a r e needed i n t h e TDPD a l g o r i t h m t o o b t a i n t h e p i t c h e s t i m a t e . 

A s e r i e s o f e x p e r i m e n t s on t h e v o i c e d p o r t i o n s o f t h e speech 

w a v e f o r m w e r e p e r f o r m e d w i t h a v i e w t o e f f e c t i n g b i t - r a t e r e d u c t i o n . 

The r e s u l t s o f t h e e x p e r i m e n t s l e d t o t h e deve lopment o f a s i m p l e 

p r o c e d u r e f o r t h e a n a l y s i s and r e c o n s t r u c t i o n o f v o i c e d sounds. T h i s 

p r o c e d u r e was used i n t h e c o m p l e t e t i m e c o d i n g scheme. I t was found 

t h a t i n o r d e r t o o b t a i n good q u a l i t y r e g e n e r a t i o n o f v o i c e d speech 

i t i s s u f f i c i e n t t o u s e o n l y t h e l o c a l maxima o f t h e w a v e f o r m c o n t a i n e d 

i n one p i t c h p e r i o d and t o r e c i r c u l a t e t h i s i n f o r m a t i o n t o o t h e r 

p i t c h p e r i o d s . The e x p e r i m e n t s a l s o r e v e a l e d t h a t i t i s n e c e s s a r y t o 

t a k e s m a l l v a r i a t i o n s o f p i t c h p e r i o d ( i . e . , e x t r a c t i o n o f t h e a m p l i t u d e s 

and l o c a t i o n s o f p i t c h p e a k s f o r e v e r y p e r i o d ) i n t o a c c o u n t . 

A s i m p l e m e t h o d o f c l i p p e d u n v o i c e d speech r e g e n e r a t i o n was 

d e s c r i b e d i n C h a p t e r 4 , The method was f o u n d t o p r o d u c e good 

q u a l i t y r e g e n e r a t i o n o f u n v o i c e d speech and was used i n t h e c o m p l e t e 

t i m e c o d i n g scheme. 
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The r e s u l t s o f t h e t i m e c o d i n g t e c h n i q u e d e s c r i b e d i n C h a p t e r 4 

w e r e p r e s e n t e d i n t e r m s o f w a v e f o r m s o f o r i g i n a l and p r o c e s s e d 

speech , s p e c t r o g r a m s , and r e c o r d e d u t t e r a n c e s . I t was o b s e r v e d 

t h a t t h e w a v e f o r m i n f o r m a t i o n i s i n g e n e r a l w e l l p r e s e r v e d . 

The s p e c t r o g r a m s r e v e a l e d t h a t f o r t h e f i r s t and second f o r m a n t 

f r e q u e n c y r a n g e , t h e p r o c e s s e d speech c l o s e l y r e s e m b l e s t h e o r i g i n a l 

speech . I n a d d i t i o n , t h e i m p o r t a n t f e a t u r e s o f v o i c e d - u n v o i c e d 

d i s c r i m i n a t i o n and p i t c h p e r i o d a r e w e l l p r e s e r v e d . The s p e c t r o g r a m s 

a l s o r e v e a l e d t h a t t h e t h i r d f o r m a n t r e g i o n i s , i n most c a s e s , e i t h e r 

a t t e n u a t e d o r m i s s i n g . I t i s b e l i e v e d t h a t t h i s i s due t o t h e l o w -

pass e f f e c t i n t r o d u c e d by t h e smooth i n t e r p o l a t i o n p r o c e s s . 

I t has been found t h a t , f o r a b i t - r a t e o f 7 . 6 K b i t s / s e c , a 

good q u a l i t y o f decoded s p e e c h i s p roduced by t h e t i m e c o d i n g method 

d e s c r i b e d i n C h a p t e r 4 . I n i n f o r m a l l i s t e n i n g t e s t s , m a l e and f e m a l e 

speech coded w i t h t h i s m e t h o d ( a t 7 . 6 K b i t s / s e c ) w e r e compared w i t h 

t h e same speech m a t e r i a l p r o c e s s e d w i t h t h e Hadamard t e c h n i q u e 

( a t 9 . 6 K b i t s / s e c ) . I t was o b s e r v e d t h a t more n a t u r a l speech 

r e g e n e r a t i o n i s o b t a i n e d w i t h t h e t i m e c o d i n g scheme. I n a d d i t i o n , 

u n l i k e t h e r e s u l t s o b t a i n e d w i t h t h e Hadamard scheme, no s i g n i f i c a n t 

d i f f e r e n c e s w e r e o b s e r v e d b e t w e e n m a l e and f e m a l e speech p r o c e s s e d 

w i t h t h e t i m e c o d i n g t e c h n i q u e . 

I t s h o u l d be n o t e d t h a t a l t h o u g h t h e t i m e c o d i n g t e c h n i q u e has 

n o t been r e f i n e d t o t h e p o i n t w h e r e i t i s p o s s i b l e t o o b t a i n speech 

o f c o m m e r c i a l q u a l i t y ( e q u i v a l e n t i n q u a l i t y t o 56 K b i t s / s e c PCM s p e e c h ) , 
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i t c l e a r l y shows p r o m i s e a t l o w - b i t - r a t e s ( b e l o w 8 K b i t s / s e c ) . 

The t i m e c o d i n g scheme i s s i m p l e r t h a n o t h e r schemes o f i n t e r m e d i a t e 

c o m p l e x i t y ( s u c h as a d a p t i v e p r e d i c t i v e c o d i n g and a d a p t i v e t r a n s f o r m 

c o d i n g ) w h i c h a l s o show p r o m i s e a t l o w - b i t - r a t e s . A l t h o u g h i t i s 

s l i g h t l y more complex t h a n t h e Hadamard c o d i n g t e c h n i q u e , one must 

b e a r i n mind t h e f a c t t h a t t h e Hadamard c o d i n g t e c h n i q u e i s n o t 
12 

s u c c e s s f u l a t b i t - r a t e s b e l o w 6 K b i t s / s e c . F u r t h e r m o r e , t h e r e s u l t s 

p r e s e n t e d i n C h a p t e r 3 s u g g e s t t h a t good q u a l i t y speech cannot be 

o b t a i n e d w i t h t h e Hadamard t e c h n i q u e a t t h e s e l o w - b i t - r a t e s , e v e n i f 

s p e c i a l s t r a t e g i e s a r e employed i n t h e Hadamard domain . I t i s a l s o 

i m p o r t a n t t o n o t e t h a t p o t e n t i a l l y t h e t i m e c o d i n g t e c h n i q u e can 

o p e r a t e ' . a t b i t - r a t e s b e l o w 1 b i t p e r s a m p l e . T h i s f a c t c o n t r a s t s 

w i t h w a v e f o r m c o d i n g t e c h n i q u e s such as PCM, DPCM, and DM, w h i c h a r e 

i n c a p a b l e o f o p e r a t i n g a t such l o w r a t e s . Even f o r t h e l o w e r l i m i t 

o f 1 b i t p e r s a m p l e , w a v e f o r m c o d i n g t e c h n i q u e s r e q u i r e more t h a n 

2 F b i t s ' / s e c ( F b e i n g t h e h i g h e r c u t - o f f f r e q u e n c y o f t h e speech s i g n a l ) , 

s i n c e i t i s n e c e s s a r y t o sample a t a r a t e above t h e N y q u i s t r a t e . 

I n a d d i t i o n t o p r o v i d i n g good p e r f o r m a n c e a t a b i t - r a t e o f 7 . 6 K b i t s / s e c 

t h e t i m e c o d i n g method i s c o m p u t a t i o n a l l y e f f i c i e n t . The e s t i m a t e s o f 

n u m e r i c a l c o m p l e x i t y g i v e n i n C h a p t e r 4 i n d i c a t e t h a t t h e most 

complex p a r t ' o f t h e scheme ( a n a l y s i s o f v o i c e d speech) can be 

i m p l e m e n t e d i n r e a l - t i m e u s i n g c u r r e n t l y a v a i l a b l e m i c r o p r o c e s s o r s . 
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One s h o r t c o m i n g o f t i m e c o d i n g i n p a r t i c u l a r (and o t h e r 

v a r i a b l e - i n f o r m a t i o n - r a t e - s o u r c e schemes o f d a t a compress ion i n 

g e n e r a l ) i s t h a t b u f f e r s t o r a g e a t t h e t r a n s m i t t e r a n d / o r t h e 

r e c e i v e r i s n e c e s s a r y i n o r d e r t o t r a n s m i t t h e d a t a a t a c o n s t a n t 

r a t e . T h e o r e t i c a l f a c t o r s r e l a t e d t o t h i s p r o b l e m and e s t i m a t e s o f 

o v e r a l l system d e l a y s w e r e d i s c u s s e d i n C h a p t e r 5 . When o p e r a t i n g a t 

a c o n s t a n t t r a n s m i s s i o n b i t - r a t e o f 7 . 6 K b i t s / s e c , t h e maximum 

v a l u e o f t h e e s t i m a t e d d e l a y s i n t h e case o f t h e proposed c o d i n g 

sys tem was 0 . 5 8 s e c . I n t h e c a s e o f z e r o - c r o s s i n g s - based speech 

c o d i n g m e t h o d s , u s i n g a c o n s t a n t r a t e o f 900 z e r o - c r o s s i n g s p e r second 

f o r t r a n s m i s s i o n , t h e maximum v a l u e o f t h e e s t i m a t e d d e l a y s was 
14 

2 s e c . I t has a l s o been f o u n d t h a t , when o p e r a t i n g a t a c o n s t a n t 

t r a n s m i s s i o n b i t - r a t e o f 15 K b i t s / s e c , a d e l a y o f a p p r o x i m a t e l y 

1 sec i s r e q u i r e d i n t h e c a s e o f e x t r e m a l c o d i n g o f speech . T h u s , 

t h e i n d i c a t i o n s a r e t h a t t h e d e l a y s i n v o l v e d i n t h e t i m e c o d i n g 

method d e s c r i b e d i n C h a p t e r 4 a r e s i g n i f i c a n t l y l e s s t h a n t h o s e i n v o l v e d 

i n o t h e r methods o f t h i s k i n d s u c h as " e x t r e m a l . c o d i n g " and 
18 

" t i m e - e n c o d e d s p e e c h " t y p e m e t h o d s . 

The speech c o d i n g scheme p r e s e n t e d i n C h a p t e r 4 b e l o n g s t o a 

c l a s s o f systems w h i c h have b e e n g e n e r a l l y t e rmed ' t i m e c o d e r s ' . The 

t i m e c o d i n g a p p r o a c h r e p r e s e n t s t h e speech s i g n a l as a sequence o f 

f e a t u r e s e x t r a c t e d d i r e c t l y f r o m t h e speech wave fo rm. S i n c e t h e 

f e a t u r e s c o r r e s p o n d t o s i m p l e t i m e - d o m a i n measurements such as 

z e r o - c r o s s i n g s and e x t r e m e s o f t h e w a v e f o r m , t h i s a p p r o a c h i s a t t r a c t i v e , 

because t h e r e q u i r e d d i g i t a l p r o c e s s i n g i s s i m p l e t o i m p l e m e n t . I n 



318 

a d d i t i o n , t h e f e a t u r e s o c c u r a t a r a t e w e l l b e l o w t h e N y q u i s t r a t e . 

F o r t h i s r e a s o n , b i t - r a t e r e d u c t i o n can be a c h i e v e d . The new 

t i m e c o d i n g scheme d i s c u s s e d i n t h i s t h e s i s o p e r a t e s a t 7 . 6 K b i t s / s e c , 

and r e t a i n s most o f t h e i n f o r m a t i o n w h i c h i s i m p o r t a n t i n p r e s e r v i n g 

t h e i n t e l l i g i b i l i t y and n a t u r a l n e s s o f speech . 

6 , 2 . S u g g e s t i o n s f o r F u r t h e r R e s e a r c h . 

The a d a p t i v e t r a n s f o r m c o d e r ( A T C ) , p roposed by Z e l i n s k i and 

N o l l " ^ i n 1 9 7 7 , i s a n i n t e r e s t i n g and i m p o r t a n t deve lopment i n t h e 

f i e l d o f l o w - b i t ^ r a t e s p e e c h c o d i n g . The method u t i l i s e s a d i s c r e t e 

c o s i n e t r a n s f o r m ( D C T ) , c h o s e n on t h e b a s i s o f t h e m i n i m i s e d s igna l< -

t o - n o i s e r a t i o as compared w i t h PCM."^ T h i s c r i t e r i o n , h o w e v e r , i s 

n o t n e c e s s a r i l y i n d i c a t i v e o f s u p e r i o r s u b j e c t i v e p e r f o r m a n c e o f t h e 

DCT as compared t o o t h e r t r a n s f o r m a t i o n s u s e d i n e i t h e r t h e a d a p t i v e 

or n o n - a d a p t i v e modes. I t w o u l d b e i n t e r e s t i n g t o compare t h e DCT 

w i t h t h e Hadamard t r a n s f o r m when u s e d i n a d a p t i v e t r a n s f o r m c o d i n g , 

S i n c e : : t h e Hadamard t r a n s f o r m i s s i m p l e r t o i m p l e m e n t , t h e use o f 

t h e Hadamard t r a n s f o r m i n ATC w o u l d make t h e system s i m p l e r and 

more a t t r a c t i v e . I t may a l s o b e p o s s i b l e t o o b t a i n good p e r f o r m a n c e 

o f ATC (when t h e Hadamard t r a n s f o r m i s u s e d ) , i f t h e o v e r s a m p l i n g -

smooth ing t e c h n i q u e p r e s e n t e d i n C h a p t e r 3 i s a p p l i e d t o t h e decoded 

speech . 

I n o r d e r t o o b t a i n a r e l a t i v e l y s i m p l e speech c o d i n g system 

w h i c h g i v e s good q u a l i t y s p e e c h a t b i t - r a t e s b e l o w 8 K b i t s / s e c t h e 

t i m e c o d i n g a p p r o a c h a p p e a r s t o be a n a t t r a c t i v e c h o i c e . An i n t e r e s t i n g 
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a r e a f o r f u t u r e s t u d y w o u l d be t h e r e f i n e m e n t o f t h e new t i m e c o d i n g 

method d i s c u s s e d i n t h i s t h e s i s . For t h i s p u r p o s e t h e . ' i n v e s t i g a t i o n 

o f v a r i o u s f a c t o s w h i c h may l e a d t o a more e f f i c i e n t c o d i n g scheme 

i s recommended. One such f a c t o r i s t h e d e t e r m i n a t i o n o f t h e 

e x t e n t t o w h i c h t h e e r r o r s i n t r o d u c e d by an a u t o m a t i c p i t c h p e r i o d 

d e t e c t o r a r e r e s p o n s i b l e f o r t h e a u d i b l e n o i s e accompanying t h e 

p r o c e s s e d speech . The a p p l i c a t i o n o f a n o n - l i n e a r smoothing 

technique"*""^ t o t h e p i t c h c o n t o u r p roduced by t h e TDPD a l g o r i t h m 

d e s c r i b e d i n C h a p t e r 4 i s one p o s s i b i l i t y w h i c h may l e a d t o an 

i m p r o v e d p e r f o r m a n c e o f t h e new t i m e c o d e r d i s c u s s e d i n t h i s t h e s i s . 

A n o t h e r p o s s i b i l i t y w o u l d b e t h e c o n s i d e r a t i o n o f a more e f f i c i e n t 

d e s c r i p t i o n o f t h e w a v e f o r m i n t r a p i t c h . The use o f a b e t t e r f i t t i n g 

t e c h n i q u e o f t h e w a v e f o r m b e t w e e n l o c a l maxima w i t h r e s p e c t t o t h e 

o r i g i n a l speech may i m p r o v e t h e p e r f o r m a n c e i n c o m p a r i s o n w i t h t h e 

u s e o f a smooth i n t e r p o l a t i o n , S inceo. the z e r o - c r o s s i n g s r a t e o f 

speech i s , i n g e n e r a l , c o n s i d e r a b l y lower f o r t h e v o i c e d p o r t i o n s o f t h e 
18 

w a v e f o r m , a s t r a t e g y o f t h e " t i m e - e n c o d e d s p e e c h " t y p e c o n s t i t u t e s 

an i n t e r e s t i n g p o s s i b l i t y f o r c o d i n g t h e wave fo rm i n t r a p i t c h . 

A f u r t h e r a s p e c t w o r t h c o n s i d e r i n g i s t h e u s e o f more s o p h i s t i c a t e d 

t e c h n i q u e s ( s u c h a s d i f f e r e n t i a l o r a d a p t i v e t e c h n i q u e s ) o f e n c o d i n g 

t h e p i t c h p e a k a m p l i t u d e s and t h e l o c a l maxima o f t h e wave form i n t r a -

p i t c h , T h i s may l e a d t o s i g n i f i c a n t r e d u c t i o n s i n t r a n s m i s s i o n b i t -

r a t e s , s i n c e t h e number o f b i t s a l l o c a t e d t o these- p a r a m e t e r s i s a 

m a j o r f r a c t i o n o f t h e t o t a l b i t - r a t e . 
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I n t h e case o f t i m e c o d i n g t e c h n i q u e s , t h e d e l a y s i n v o l v e d i n 

t h e c o n v e r s i o n o f t h e v a r i a b l e - r a t e - s o u r c e d a t a i n t o c o n s t a n t -

t r a n s m i s s i o n - r a t e d a t a may somet imes be s u f f i c i e n t l y l o n g t o impede 

t w o - w a y c o n v e r s a t i o n . T h u s , a n o t h e r i n t e r e s t i n g p r o b l e m w o r t h 

e x a m i n a t i o n r e l a t e s t o t h e p e r c e p t u a l e f f e c t s on t h e r e c e i v e d s p e e c h 

o f any d i s t o r t i o n i n t r o d u c e d by t h e use o f d e l a y s s h o r t e r t h a n t h e 

n e c e s s a r y minimum v a l u e t o a v o i d d i s t o r t i o n . The i n v e s t i g a t i o n o f 

t h e s e e f f e c t s f o r d i f f e r e n t s p e e c h c o d i n g schemes would p r o v i d e u s e f u l 

i n f o r m a t i o n c o n c e r n i n g t h e p e r f o r m a n c e and a p p l i c a b i l i t y o f t h e schemes. 
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APPENDIX 

description of attached recorded 

material 

The u t t e r a n c e s i n c l u d e d o n t h e a t t a c h e d r e c o r d e d m a t e r i a l w i l l be 
r e f e r r e d t o i n t h i s d e s c r i p t i o n by numbers , as f o l l o w s : 

1 - " The box was t h r o w n b e s i d e t h e p a r k e d t r u c k " 
2 - " G l u e t h e s h e e t t o t h e d a r k b l u e b a c k g r o u n d " 
3 - " These days a c h i c k e n l e g i s a r a r e d i s h " 
4 - " I t ' s e a s y t o t e l l t h e d e p t h o f t h e w e l l " 
5 - " R i c e i s o f t e n s e r v e d i n r o u n d b o w l s " 
6' - "The j u i c e o f lemons makes f i n e p u n c h " . 

S e c t i o n 1 . Compar ison o f D o u b l e Hadamard coded speech a t 4 . 6 2 5 K b i t s / s e c 
w i t h Hadamard and H a d a m a r d - H a a r t e c h n i q u e s a t 4 . 8 7 5 K b i t s / s e c . 
( a ) Hadamard 
( b ) Hadamard -Haar 
( c ) D o u b l e Hadamard. 
U t t e r a n c e s 1 , and 2 , m a l e s p e a k e r . 

S e c t i o n 2 . Compar ison o f D o u b l e Hadamard coded speech a t 3 . 5 K b i t s / s e c 
w i t h Hadamard and H a d a m a r d - H a a r t e c h n i q u e s a t 3 . 2 5 K b i t s / s e c . 

( a ) Hadamard 
( b ) Hadamard -Haar 
( c ) D o u b l e Hadamard 
U t t e r a n c e s 1 , and 2 , m a l e s p e a k e r 

S e c t i o n 3 . D o u b l e Hadamard coded speech a t 5 . 7 5 K b i t s / s e c . U t t e r a n c e s 
1 , 2 , 3 , 4 , 5 , and 6 , m a l e s p e a k e r and u t t e r a n c e s 1 , 2 , and 3 , f e m a l e s p e a k e r . 
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S e c t i o n 4 . E f f e c t o f o u t p u t o v e r s a m p l i n g t h e b a s i c Hadamard t r a n s f o r m 
coded speech u s i n g 3 d o m i n a n t c o e f f i c i e n t s and 7 b i t s / c o e f f i c i e n t 
a m p l i t u d e . 
( a ) B a s i c Hadamard 
(b ) I n t r o d u c t i o n o f o u t p u t o v e r s a m p l i n g . 
U t t e r a n c e s 1 , 2 , and 3 , m a l e and f e m a l e s p e a k e r s . 

S e c t i o n 5 . E f f e c t o f o u t p u t o v e r s a m p l i n g t h e b a s i c Hadamard t r a n s f o r m 
coded speech u s i n g 4 d o m i n a n t c o e f f i c i e n t s and 4 b i t s / c o e f f i c i e n t 
a m p l i t u d e . 
( a ) B a s i c Hadamard 
( b ) I n t r o d u c t i o n o f o u t p u t o v e r s a m p l i n g . 
U t t e r a n c e s 1 , 2 , and 3 , m a l e a n d f e m a l e s p e a k e r s . 

S e c t i o n 6 . E f f e c t o f o v e r s a m p l i n g and smooth ing t h e b a s i c Hadamard 
t r a n s f o r m coded speech u s i n g 3 d o m i n a n t c o e f f i c i e n t s and 7 b i t s / c o e f f i c i e n t 
a m p l i t u d e . 
( a ) B a s i c Hadamard 
(b ) I n t r o d u c t i o n o f o v e r s a m p l i n g a n d s m o o t h i n g . 
U t t e r a n c e s 1 , 2 , and 3 , m a l e and f e m a l e s p e a k e r s . 

S e c t i o n 7 . E f f e c t o f o v e r s a m p l i n g and smooth ing t h e b a s i c Hadamard 
t r a n s f o r m coded speech u s i n g 4 d o m i n a n t c o e f f i c i e n t s and 4 b i t s / c o e f f i c i e n t 
a m p l i t u d e . 
( a ) B a s i c Hadamard 
( b ) I n t r o d u c t i o n o f o v e r s a m p l i n g a n d s m o o t h i n g . 
U t t e r a n c e s 1 , 2 , and 3 , m a l e and f e m a l e s p e a k e r s . 

S e c t i o n 8 . P i t c h - s y n c h r o n o u s t i m e - d o m a i n p r o c e s s i n g o f v o i c e d speech . 
E x p e r i m e n t I . 

( a ) O r i g i n a l speech 
( b ) P r o c e s s e d speech . 
U t t e r a n c e s 1 , 2 , and 3 , m a l e s p e a k e r , and u t t e r a n c e 1 , f e m a l e s p e a k e r . 
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S e c t i o n 9 . P i t c h - s y n c h r o n o u s t i m e - d o m a i n p r o c e s s i n g o f v o i c e d s p e e c h . 
E x p e r i m e n t I I . U t t e r a n c e 1 , m a l e s p e a k e r , and u t t e r a n c e 3 , f e m a l e 
s p e a k e r . 

S e c t i o n 1 0 . P i t c h - s y n c h r o n o u s t i m e - d o m a i n p r o c e s s i n g o f v o i c e d s p e e c h . 
E x p e r i m e n t I I I . 

( a ) D = max, I = 2 . 5 m s e c , 
( b ) D = a v e , I = 2 . 5 msec , 
( c ) D = a v e , 1 - 3 msec 
U t t e r a n c e 1 , m a l e s p e a k e r . 

S e c t i o n 1 1 . P i t c h - s y n c h r o n o u s t i m e - d o m a i n p r o c e s s i n g o f v o i c e d s p e e c h . 
E x p e r i m e n t I V . 
( a ) U s i n g e x t r e m e s o f t h e w a v e f o r m i n t r a p i t c h . 
(b ) U s i n g l o c a l maxima o f t h e w a v e f o r m i n t r a p i t c h . 
( c ) U s i n g t h e a b s o l u t e e x t r e m e b e t w e e n e a c h p a i r o f a d j a c e n t z e r o -

c r o s s i n g s . 
U t t e r a n c e s 1 , 2 , and 3 , m a l e s p e a k e r . 

S e c t i o n 1 2 . P i t c h - s y n c h r o n o u s t i m e - d o m a i n p r o c e s s i n g o f v o i c e d speech, 
E x p e r i m e n t V . 

( a ) O r i g i n a l speech 
( b ) P r o c e s s e d speech . 
U t t e r a n c e s 1 , 2 , and 3 , m a l e s p e a k e r . 

S e c t i o n 1 3 . C l i p p e d u n v o i c e d s p e e c h r e g e n e r a t i o n . 
( a ) / / / f r o m s h e e t 
( b ) /ft f r o m f i n e 
( c ) / s / f r o m s e r v e d 

(d ) / p / f r o m p a r k e d 
( e ) / t / f r o m t o . 
O r i g i n a l speech f o l l o w e d by p r o c e s s e d speech . 

t 



S e c t i o n 1 4 . Proposed t i m e c o d i n g t e c h n i q u e a t a b i t - r a t e o f 
7 . 6 K b i t s / s e c . 
U t t e r a n c e s 1 , 2 , 3 , 4 , 5 , a n d 6 , m a l e and f e m a l e s p e a k e r s . 

S e c t i o n 1 5 . Compar ison o f t h e p r o p o s e d t i m e c o d i n g t e c h n i q u e a t 
7 . 6 K b i t s / s e c w i t h 6 4 - p o i n t Hadamard c o d i n g a t 9 . 6 2 5 K b i t s / s e c 

( u s i n g 8 . d o m i n a n t c o e f f i c i e n t s and a s p e c i a l t e c h n i q u e f o r l a b e l l i n g 
7 o f t h e s e c o e f f i c i e n t s ) . 

( a ) T ime c o d i n g 
( b ) Hadamard c o d i n g . 
U t t e r a n c e s 1 , and 2 , m a l e a n d f e m a l e s p e a k e r s . 


