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ABSTRACT 

Frequency domain coding t echn iques  have r e c e n t l y  r e c e i v e d  

c o n s i d e r a b l e  a t t e n t i o n .  Prominent among t h e s e  t echn iques ,  a d a p t i v e  

t r a n s f o r m  coding o f f e r s  e x c e l l e n t  speech q u a l i t y  f o r  low t o  medium 

d a t a  r a t e s  ( 8-16 kb/sec  ). Adaptive t r ans form coders  d i v i d e  speech 

i n t o  f requency  components by us ing  a s u i t a b l e  t r ans form and t r a n s m i t  

t h e s e  components us ing  p u l s e  code modulation (PCM). Three b a s i c  

i s s u e s  i n  t h e  d e s i g n  of a d a p t i v e  t r ans form coders  a r e :  

( 1 )  S e l e c t i o n  of t h e  b e s t  tran'sform 

( 2 )  S e l e c t i o n  o f  t h e  b e s t  q u a n t i z a t i o n  s t r a t e g y  

( 3 )  S e l e c t i o n  of a s p e c t r a l  p a r a m e t e r i z a t i o n  t echn ique  

T h i s  t h e s i s  d i s c u s s e s  d e s i g n  c o n s i d e r a t i o n s  wi th  emphasis on 

f i n d i n g  v a r i a n t s  o f  a d a p t i v e  t r ans form a l g o r i t h m s  amenable t o  hardware 

implementat ion.  I n  t h i s  c0ntex.t  coder  performance us ing  reduced frame 

l e n g t h s  is presen ted .  O b j e c t i v e  and s u b j e c t i v e  performance r e d u c t i o n ,  

caused by frame boundary d i s c o n t i n u i t i e s  and low-pass f i l t e r i n g  

e f f e c t s  a r e  i n v e s t i g a t e d  as t h e  pr imary sources  o f  p e r c e p t u a l  

d i s t o r t i o n .  R e s u l t s  from two computer s i m u l a t i o n s  of a d a p t i v e  

t r ans form coders  us ing  a l l - p o l e  and homomorphic s p e c t r a l  f i t s  a r e  

p resen ted .  



SOMMAIRE 

Lee techniques de codage dans le domaine frequentiel ont recemment 

fait l'objet d'une attention considerable. Le codage de transformees 

par adaptation y occupe une place de choix parce qu'il permet one 

excellente qualitd de transmission de la parole pour des debits 

faiblea ou moyens (8-16 kHz). Les syst'emes de codage de transformees 

par adaptation effectuent une segmentation de la parole en diverses 

composantes frequentielles grtce 1 l'utilisation d'une transformee 

appropriee et transmettent ces composantes1 l'aide de la modulation 

par impulsion et codage (MIC). Les codeurs de transform6es par 

adaptation sont associes 1 trois questions fondamentales: 

(1) Selection de la meilleure transformie 

(2) Selection de la meilleure strategic de quantification 

(3) Selection d'une technique de definition des param'etres 

spectraux 

La presente thSse traite de consideration theoriques et met l'accent 

sur la determination de variantes d'algorithmes relatifs aux 

transform6es par adaptation, pouvant stre tradhits en syst'emes 

mecaniques. Dans ce contexte, on presente les performances de 

codage, faisant appel 1 des longueurs de trames reduites. On 

analyse les reductions des performances objectives et subjectives 

resultant des discontinuit6s des limites de trames et des effets 

de filtrage passe-bas, envisagees comme les sources principales 

de la distorsoin liEe i la perception. On examine enfin les 

resultats de deux simulations par ordinateur de codeurs de 

transforrn6e.s par adaptation, faisant appel 2 des courbes 

homomorphiques spectrales et entisrement polaires. 



CHAPTER 1 

INTRODUCTION 

The o b j e c t i v e  o f  speech coding i s  t o  t r a n s m i t  t h e  h i g h e s t  q u a l i t y  

speech over  t h e  l e a s t  p o s s i b l e  channel c a p a c i t y  whi le  employing t h e  

l e a s t  complex coder .  Coder e f f i c i e n c y  i n  channel  u t i l i s a t i o n  i s ,  

however d i r e c t l y  l i n k e d  t o  coder  complexi ty  and c o s t .  F o r t u n a t e l y ,  

advances i n  LSI ( l a r g e  s c a l e  i n t e g r a t i o n )  technology a r e  now making 

a v a i l a b l e  more s o p h i s t i c a t e d  d i g i t a l  s i g n a l  p rocess ing  dev ices  a t  

reduced c o s t s .  Thus, t e l ephone  networks a r e  moving toward d i g i t a l  

s w i t c h i n g  and p rocess ing  of vo ice  s i g n a l s .  I n v e s t i g a t i o n s  o f  more 

complex coding schemes a r e  con t inu ing  i n  t h e  l i g h t  o f  t h e s e  r e c e n t  LSI 

technology advances.  T h i s  new technology o f f e r s  g r e a t e r  system 

f l e x i b i l i t y  and c o n s i d e r a b l e  c o s t  advantage.  

Speech c o d e r s  can be d iv ided  i n t o  two d i s t i n c t  c l a s s e s ;  waveform 

c o d e r s  and source  coders  (vocoders)  . Waveform c o d e r s  s t r i v e  f o r  

f a c s i m i l e  reproduc t ion  o f  t h e  s i g n a l  waveform. By observ ing  t h e  

s t a t i s t i c s  o f  a  s i g n a l ,  t h e  waveform coder  can be t a i l o r e d  t o  t h e  

s i g n a l  r e s u l t i n g  i n  reduced coding e r r o r ,  and a more s i g n a l  s p e c i f i c  

coder .  Source coders  employ a  minimal pa ramet r i c  d e s c r i p t i o n  der ived  

from a hypothes i s  o f  speech product ion.  Consequently,  t h e s e  u n i t s  can 



be opera ted  a t  lower t r a n s m i s s i o n  r a t e s .  Source coders  a r e  a l s o  more 

s e n s i t i v e  t o  speaker  v a r i a t i o n  and background n o i s e  than a r e  those  o f  

t h e  waveform  classification.^ 

I n  speech  coding,  t r a n s m i s s i o n  r a t e s  de te rmine  which c l a s s  of 

c o d e r s  is t h e  more e f f e c t i v e .  Above 5 kb / sec  waveform coders  o f f e r  

communication and t o l l  q u a l i t y  speech.  Speech q u a l i t y  f o r  waveform 

coders  d e c l i n e s  ve ry  r a p i d l y  below t h i s  f i g u r e .  A t  lower r a t e s  (below 

5 kb/sec . )  s o u r c e  coders  can be used,  t o  produce s y n t h e t i c  q u a l i t y  

speech [ I  1. 

Waveform coding can be performed i n  e i t h e r  t ime o r  f requency  

domains. Two examples o f  t h e  l a t t e r  a r e  subband and a d a p t i v e  

t r ans form coders .  Frequency domain coding is accomplished by d i v i d i n g  

speech i n t o  a number of f requency bands by us ing  a f i l t e r  bank, o r  

i n t o  f requency  components by u s i n g  a b lock  t rans format ion .  These 

f requency  components a r e  then quan t ized  and encoded. A r e p l i c a  o f  t h e  

i n p u t  waveform can be re - syn thes ized  by decoding t h e  f requency 

components and subsequent  f i l t e r  bank summation o r ,  i n v e r s e  

t r a n s f o r m a t i o n  i f  a t r ans form was o r i g i n a l l y  used. Both methods 

assume t h e  i n p u t  s i g n a l  is q u a s i - s t a t i o n a r y  and can be l o c a l l y  

modelled by a s h o r t  t ime spectrum. P e r c e p t u a l l y  impor tan t  components 

o f  t h e  s h o r t  t ime spectrum must be i s o l a t e d  and t r a n s m i t t e d  wi thou t  

i n c u r r i n g  e x c e s s i v e  d e l a y  o r  d i s t o r t i o n .  

A d d i t i o n a l  demands a r e  placed on speech coding schemes by t h e  

c o n t e x t  i n  which t h e y  a r e  used. A l i k e l y  a r e a  o f  a p p l i c a t i o n  f o r  

speech coders  is i n  te lephony.  S ince  a telecommunications c a r r i e r  has  

l i t t l e  c o n t r o l  over  t h e  type of s i g n a l s  t h e  network w i l l  s u p p o r t ,  i t  

is h i g h l y  d e s i r a b l e  t h a t  speech coders  suppor t  a v a r i e t y  o f  i n p u t  
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s i g n a l s  i n c l u d i n g  modem s i g n a l s .  I n  a  m i l i t a r y  c o n t e x t  e n c r y p t i o n  is  

made p o s s i b l e  by t h e  d i g i t a l  n a t u r e  o f  speech coders .  S i n c e  good 

speech  q u a l i t y  is n o t  e s s e n t i a l ,  maximum speech compression is one of 

t h e  p r imary  o b j e c t i v e s .  

The mathematical  p r i n c i p l e s  behind t rans form coding were first 

formula ted  by Huang i n  a paper  e n t i t l e d  "Block Q u a n t i z a t i o n  of 

C o r r e l a t e d  Gaussian Random V a r i a b l e s "  [2].  Huang develops  a procedure  

f o r  q u a n t i z i n g  blocks  o f  c o r r e l a t e d  Gaussian random v a r i a b l e s .  A 

l i n e a r  t r a n s f o r m a t i o n  f i r s t  c o n v e r t s  t h e  dependent random v a r i a b l e s  

i n t o  independent  random v a r i a b l e s .  Then t h e  t ransformed random 

v a r i a b l e s  a r e  e f f i c i e n t l y  q u a n t i z e d  one-by-one u n t i l  t h e  b i t s  

a l l o c a t e d  f o r  t h e  block a r e  exausted.  A second l i n e a r  t r a n s f o r m a t i o n  

c o n s t r u c t s  (from t h e  quan t ized  v a l u e s )  t h e  b e s t  e s t i m a t e  o f  t h e  

o r i g i n a l  v a r i a b l e s  i n  a  mean s q u a r e  e r r o r  sense .  Huang develops  t h e  

b e s t  c h o i c e  f o r  each t rans form and an  approximate 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  number of b i t s  a ss igned  t o  each o f  t h e  quan t ized  

v a r i a b l e s .  S e g a l l  [3]  i n  a paper  e n t i t l e d  "Bi t  A l l o c a t i o n  and 

Encoding f o r  Vector sources"  o b t a i n e d  a  more p r e c i s e  e x p r e s s i o n  f o r  

t h e  a l l o c a t i o n  of a v a i l a b l e  b i t s  t o  q u a n t i z a t i o n  o f  t h e  t ransformed 

v a r i a b l e s .  

Z e l i n s k i  and No11 [4 ]  developed a  speech coder  based on t h e  

p r i n c i p l e s  d i scussed  by Huang and S e g a l l .  T h e i r  impor tan t  

c o n t r i b u t i o n  was an a d a p t i v e  q u a n t i z a t i o n  s t r a t e g y  employing t h e  

d i s c r e t e  c o s i n e  t ransform.  The a d a p t a t i o n  is c o n t r o l l e d  by a s h o r t  

term spectrum obta ined from t h e  t r ans form c o e f f i c i e n t s  p r i o r  t o  

q u a n t i z a t i o n .  The s h o r t  term spectrum is then parameter ized and s e n t  

t o  t h e  r e c e i v e r  a s  s i d e  in format ion .  A second paper by Z e l i n s k i  and 



No11 [5] p r e s e n t s  re f inements  t o  t h e  s i d e  in format ion  p a r a m e t e r i z a t i o n  

t echn ique .  The paper  d i s c u s s e s  improvements t o  t h e  q u a n t i z a t i o n  

s t r a t e g y  aimed a t  improving t h e  s u b j e c t i v e  performance o f  t h e  coder.  

Two papers  by T r i b o l e t  and Croch ie re  [ 6 , 7 ]  d i s c u s s  a d a p t i v e  t r ans form 

c o d e r s  which employ a l l - p o l e  modell ing o f  t h e  s h o r t  term spectrum. 

The papers  compare sub-band coders  and a d a p t i v e  t r ans form coders  i n  

t h e  c o n t e x t  o f  an  analys is /synthe; is  framework. Cox and Croch ie re  [ 8 ]  

i n  a paper  e n t i t l e d  "Real-Time S imula t ion  of Adaptive Transform 

Coding" develop a homomorphic model f o r  p a r a m e t e r i z a t i o n  o f  t h e  s h o r t  

term spectrum. Cox c l a i m s  t h e  technique performs a s  w e l l  as t h e  
L 

a l l - p o l e  model and is e a s i e r  t o  implement i n  a r e a l  t ime coding 

c o n t e x t .  Numerous a u t h o r s  have c o n t r i b u t e d  t o  t h e  development o f  

t r ans form coding d i r e c t l y  and i n d i r e c t l y  b u t  t h e  above papers  a r e  t h e  

most o f t e n  quoted a s  r e f e r e n c e s .  

T h i s  t h e s i s  reviews c u r r e n t  t ransform coding s t r a t e g i e s  and is 

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

amenable t o  hardware implementation.  Chapter 2 p r e s e n t s  t h e  t h e o r y  

and b a s i c  s t r u c t u r e  o f  t r ans form coding. The a p p l i c a b i l i t y  o f  v a r i o u s  

t r ans forms  and b i t  assignment a lgor i thms  is d i s c u s s e d  from a 

t h e o r e t i c a l  s t a n d p o i n t  f o r  t h e i r  u s e f u l n e s s  i n  coding speech.  Chapter 

3 c o n s i d e r s  v a r i o u s  a d a p t i v e  t ransform coding s t r a t e g i e s  employing a 

s h o r t  term spectrum t o  adapt  t h e  t ransform c o e f f i c i e n t  q u a n t i z e r s .  

Three t echn iques  o f  pa ramete r iz ing  t h e  s h o r t  term spectrum f o r  

t r a n s m i s s i o n  t o  t h e  r e c e i v e r  a r e  p resen ted .  I n  Chapter 4 t h e  r e s u l t s  

o f  l i s t e n i n g  t e s t s  a r e  used t o  e v a l u a t e  coded speech genera ted  by 

computer s i m u l a t i o n s .  These coders  use  e i t h e r  a l l - p o l e  o r  homomorphic 

model l ing of t h e  s h o r t  term spectrum. Impairments i n  speech q u a l i t y  

and t h e i r  causes  a r e  i d e n t i f i e d .  Techniques t o  combat t h e s e  
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impairments  a r e  implemented. The e f f e c t  of reduced frame s i z e s  and 

p e r c e p t u a l  o b s e r v a t i o n s  on frame boundary d i s c o n t i n u i t i e s  a r e  

d i s c u s s e d .  Q u a n t i z a t i o n  n o i s e  shap ing  and n o i s e  i n s e r t i o n  i n t o  low 

energy  f requency bands a r e  s t u d i e d .  Chapter 5 summarizes t h e  

impor tan t  r e s u l t s  and p r e s e n t s  c o n c l u s i o n s  based on r e s u l t s  o b t a i n e d  

from t h e  s i m u l a t i o n  of t h e s e  coders .  



CHAPTER 2 

THE THEORY OF TRANSFORM CODING 

I n  t h i s  s e c t i o n  t h e  t h e o r y  o f  bransform coding is developed and 

r e l a t e d  t o p i c s  a r e  d i scussed .  The t rea tment  emphasizes impor tan t  

e lements  i n c l u d i n g  t h e  b a s i c  s t r u c t u r e  of t ransform coding,  s e l e c t i o n  

and j u s t i f i c a t i o n  o f  t h e  mean square  e r r o r  d i s t o r t i o n  c r i t e r i a ,  and 

d i s c u s s i o n  of an op t imal  t r ans form and b i t  assignment r u l e .  

Sub-optimal t r ans forms  a r e  in t roduced  and compared w i t h  t h e  d i s c r e t e  

c o s i n e  t ransform.  The l a t t e r  is known t o  be a good c h o i c e  and 

r e s i s t a n t  t o  frame d i s c o n t i n u i t y  d i s t o r t i o n .  The f o l l o w i n g  

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

2.1 BASIS TRANSFORM C O D I N G  

Mathematical  concepts  of t r ans form coders  a r e  d e p i c t e d  i n  F igure  

2-1. A frame b u f f e r  a r r a n g e s  N s u c c e s i v e  source  samples x ( n )  i n t o  t h e  

s o u r c e  v e c t o r  X. The speech is assumed t o  be bandl imited w i t h  t h e  - 
sampler  s a t i s f y i n g  t h e  sampl ing theorm i n  o r d e r  t o  avo id  a l i a s i n g .  A 

l i n e a r  t r a n s f o r m a t i o n  is performed on the  source  v e c t o r  5 t o  o b t a i n  

t h e  t r ans form c o e f f i c i e n t  v e c t o r  Y. Such an  o p e r a t i o n  can be - 

r e p r e s e n t e d  by t h e  m a t r i x  e q u a t i o n  2.1 where A i s  u n i t a r y .  



Y = A - X  eq. 2.1 - 

Reconstructed ou tpu t  samples a r e  obtained from t h e  quant ized t ransform 

A 

v e c t o r  Y by i n v e r s e  t rans format ion .  The mat r ix  equa t ion  r ep re sen t i ng  - 
t h i s  ope ra t i on  is 

A A 

eq. 2.2 X = A - ~ Y  - 

The o v e r a l l  mean squared o v e r a l l  d i s t o r t i o n  of  t h e  coding scheme is  

equa l  t o  t h e  t o t a l  q u a n t i z a t i o n  e r r o r  i . e .  

Minimization o f  d i s t o r t i o n  r e q u i r e s  an a p p r o p r i a t e  q u a n t i z a t i o n  

s t r a t e g y  and t ransform.  A s  w i l l  be shown l a t e r  a necessa ry  cond i t i on  

f o r  minimum coding e r r o r  is t h a t  every t rans form c o e f f i c i e n t  s u f f e r  

t h e  same amount of  d i s t o r t i o n .  
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2.2 Q U A N T I Z A T I O N  STRATEGY 

Q u a n t i z a t i o n  s t r a t e g y  r e f e r s  t o  t h e  t echn ique  employed t o  

q u a n t i z e  the  t r ans form c o e f f i c i e n t .  Bas i s  r e s t r i c t e d  t rans form coding 

schemes q u a n t i z e  t h e  c o e f f i c i e n t s  y i i = l , 2 , 3  ... n  independen t ly .  Only 

b a s i s  r e s t r i c t e d  q u a n t i z a t i o n  schemes a r e  considered here .  T h i s  can 

b e  r a t i o n a l i z e d  by c o n s i d e r i n g  t h e  source  v e c t o r  - X t o  be  an  N 

d imensional  Gaussian random v a r i a b l e  with z e r o  mean. A nons ingua la r  

m a t r i x  A o p e r a t e s  on X t o  y i e l d  t h e  t ransform v e c t o r  Y o f  u n c o r r e l a t e d  - 
random v a r i a b l e s .  S ince  - X is  Gaussian,  - Y is  Gaussian and i ts  

components y i  a r e  n o t  o n l y  u n c o r r e l a t e d  bu t  a c t u a l l y  independent .  

Huang [2]  shows t h a t  t h e  b a s i s  r e s t r i c t e d  q u a n t i z a t i o n  schemes a r e  

op t imal  when t h e  t r ans form c o e f f i c i e n t s  a r e  independent .  

The q u a n t i z a t i o n  s t r a t e g y  is c h a r a c t e r i z e d  by s t e p  s i z e  

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

e q u a t i o n  2.3 can be reduced by a s s i g n i n g  q u a n t i z e r s  wi th  s u i t a b l e  

( g e n e r a l l y  d i f f e r e n t )  number of l e v e l s  t o  each o f  the  N t r ans form 

c o e f f i c i e n t s .  The d i s t r i b u t i o n  o f  t h e  number of q u a n t i z a t i o n  l e v e l s  

f o r  each q u a n t i z e r  is known a s  t h e  b i t  assignment.  The s t e p  s i z e  

a d a p t a t i o n  o f  t h e  q u a n t i z e r s  is accomplished by p r e - s c a l i n g  t h e  

t r ans form c o e f f i c i e n t s  by an  e s t i m a t e  of t h e  c o e f f i c i e n t s .  The 

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  g e n e r a l ,  depends on t h e  t r ans form 

and source  s i g n a l .  A n a l y t i c  c a l c u l a t i o n  of t h e  d i s t r i b u t i o n  f u n c t i o n  

is  too d i f f i c u l t  t o  y i e l d  meaningful r e s u l t s  except  i n  s p e c i a l  cases .  

Goldberg and C o s e l l  [9 ]  obta ined  numerical  r e s u l t s  f o r  d i s c r e t e  cos ine  

t r ans form (DCT) c o e f f i c i e n t s  showing t h e  c o e f f i c i e n t  d i s t r i b u t i o n  t o  

l i e  between t h e  Gaussian and Laplace d i s t r i b u t i o n .  However, t h e  

e f f e c t  of p re - sca l ing  t rans form c o e f f i c i e n t s  is t o  make t h e  



d i s t r i b u t i o n  bi-modal about  +1 and - 1 .  I n  t h e  l i m i t  o f  p e r f e c t  energy 

e s t i m a t i o n ,  t h e  d i s t r i b u t i o n  approaches a p a i r  o f  impulses a t  + I  and 

- 1 .  The p r e - s c a l i n g  e f f e c t  is i l l u s t r a t e d  i n  f i g u r e  2-2 and is v a l i d  

f o r  any d i s t r i b u t i o n .  I n  any e v e n t ,  t h e  d i s t r i b u t i o n  o f  t h e  s c a l e d  

t rans form c o e f f i c i e n t s  is such t h a t  a n  improvement over  s i n g l e  

v a r i a b l e  t ime domain q u a n t i z a t i o n  (PCM) can be  expected.  T h i s  is 

exp la ined  i n  S e c t i o n  2.5 by t h e  concept o f  t r ans form coding ga in .  

I n  o r d e r  t o  minimize t h e  d i s t o r t i o n  measure bo th  t h e  t r ans form 

and t h e  q u a n t i z a t i o n  b i t  assignment must be opt imized.  The op t imal  

l i n e a r  t r ans form w i l l  depend on t h e  d i s t o r t i o n  measure s e l e c t e d .  

F u r t h e r ,  t h e  op t imal  t r ans format ion  r e s u l t i n g  from t h e  s e l e c t i o n  o f  

t h e  d i s t o r t i o n  measure must produce d e c o r r e l a t e d  t rans form 

c o e f f i c i e n t s  t o  v a l i d a t e  t h e  b a s i s  r e s t r i c t e d  t rans form coding 

approach.  Minimizat ion of the  mean s q u a r e  e r r o r  (MSE) d i s t o r t i o n  

measure r e s u l t s  i n  an  op t imal  t r ans form w i t h  t h i s  p roper ty .  The 

s e l e c t i o n  o f  t h e  MSE d i s t o r t i o n  measure is d e s i r e a b l e  because i t  

maximizes t h e  s igna l - to -no i se  r a t i o  (SNR) f o r  each block.  T h i s  

c o r r e l a t e s  w e l l  wi th  t h e  p e r c e p t u a l  speech q u a l i t y .  The MSE is 

minimized on a block-by-block b a s i s .  Thus t h e  t r ans form coding scheme 

maximizes t h e  segmental  SNR where t h e  segments a r e  t h e  a n a l y s i s  

frames.  Segmental SNR i s  a b e t t e r  i n d i c a t o r  o f  t h e  p e r c e p t u a l  q u a l i t y  

o f  speech than SNR. Never the less ,  s e l e c t i o n  o f  t h e  MSE d i s t o r t i o n  

measure may r e s u l t  i n  i n t r o d u c t i o n  of unaccep tab le  p e r c e p t u a l  

d i s t o r t i o n s  i n t o  t h e  coded speech.  P e r c e p t u a l  f a c t o r s  can be t aken  

i n t o  account  by modifying t h e  b i t  assignment.  
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2.3  OPTIMAL B I T  ASSIGNMENT 

The t ransform c o e f f i c i e n t  yi wi th  va r i ance  u2 r e q u i r e s  coding 
i 

wi th  R i  b i t s / sample  i f  t h e  mean squared d i s t o r t i o n  Di i s  no t  t o  be 

exceeded. Ri i s  g iven  by: 

eq. 2.4 Ri = 6 +  LOG^ 

The second term is  the  minimal r a t e  f o r  independent i d e n t i c a l l y  

d i s t r i b u t e d  Gaussian random v a r i a b l e s .  The c o r r e c t i o n  f a c t o r  6 

depends on t he  type of q u a n t i z e r  and 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 d f )  o f  t h e  s i g n a l .  Neglec t ing  t h e  dependence of  R i  on 6 and 

s u b s t i t u t i n g  f o r  Di t h e  opt imal  number of  b i t s  f o r  q u a n t i z e r  Qi i s  

found by minimizing t he  average d i s t o r t i o n  g iven  by 

w i th  t h e  c o n s t r a i n t  of  a  f i xed  average  b i t  r a t e  i . e .  

The express ion  f o r  t h e  average d i s t o r t i o n  is minimized s u b j e c t  t o  t h e  

c o n s t r a i n t  of  a f i xed  b i t  r a t e  by t r e a t i n g  R i  a s  a  con t i n ious  v a r i a b l e  

and u s ing  an undetermined m u l t i p l i e r  one ob ta ins :  

a l N  N a ~ ,  {% I 0 .-2Riln2 
eq. 2.5 i=l 

+ 6 1  Ri} 
i=l 

It fo l l ows  t h a t  

-2Ri ln2  
eq. 2.6 Ui e - NB - Cons t  f o r  i 1 , 2  ... N 21n2 



Solv ing  equa t ion  2.6 f o r  Ri and eva lua t i ng  C u s ing  t h e  c o n s t r a i n t  o f  a  

f i x e d  b i t  r a t e  we ob t a in :  

eq. 2.7 R~ = R  LOG^ 

Given an opt imal  b i t  ass ignment ,  t h e  lower bound on d i s t o r t i o n  i s  

g iven  by 

D i s t o r t i o n  in t roduced  by a  t ransform coding scheme depends on t he  

d i s t r i b u t i o n  of t h e  va r i ance s .  I n  p a r t i c u l a r ,  t h e  average d i s t o r t i o n  

i s  determined by t h e  geometr ic  mean of t h e  va r i ance s .  

The opt imal  q u a n t i z a t i o n  scheme d i scussed  above was o r i g i n a l l y  

presented i n  a  paper  by Huang and S c h u l t h e i s s  [ 2 ] .  F r a c t i o n a l  and 

even nega t ive  b i t  ass ignments  can r e s u l t  because Ri i s  t r e a t e d  a s  a  

con t inous  v a r i a b l e .  S e g a l l  [3] d i s cus se s  t h e  opt imal  b i t  assignment 

under t h e  c o n s t r a i n t  o f  p o s i t i v e  i n t e g e r  b i t  assignment.  

B i t s  a r e  ass igned op t ima l l y  i n  t he  Fo r t r an  s imu la t i on  developed 

f o r  t h i s  t h e s i s .  The technique uses  k b i t  q u a n t i z e r s  f o r  the  

t ransform c o e f f i c i e n t s  Yk . The r e s u l t i n g  mean square  e r r o r s  ~ ( k )  a r e  

t abu l a t ed  i n  Max's paper [lo]. It fo l lows  t h a t  t h e  marginal  r e t u r n  

f o r  t h e  i t h  t ransform c o e f f i c i e n t  can be def ined  a s  

Arranging k i n  descending o r d e r ,  and a s s i g n i n g  b i t s  one-by-one, t h e  

g loba l  minimum mean squa re  e r r o r  w i l l  be achieved independent ly  o f  t he  

2-8 



d i s t r i b u t i o n  of t h e  t ransform c o e f f i c i e n t s .  

2.4 THE KARHUNEN-LOEVE TRANSFORM 

Consider  a  d i s c r e t e  s i g n a l  of N sampled values .  Th is  s i g n a l  can 

be represen ted  as po in t  i n  an N d imensional  space.  Each sampled va lue  

is then a component of  t h e  N v e c t o r  - X which r e p r e s e n t s  t he  s i g n a l  i n  

t h i s  space.  Next cons ider  a  u n i t a r y  t rans form (T )  ope ra t i ng  on t h e  

d a t a  v e c t o r  - X r e s u l t i n g  i n  t h e  t ransform v e c t o r  - Y. The o b j e c t i v e  i n  

d a t a  compression is t o  s e l e c t  a  subse t  o f  M components of  - Y where M i s  

l e s s  than  N. The remaining copponents a r e  discarded and t h i s  

i n t r o d u c e s  some d i s t o r t i o n .  A u n i t a r y  t rans form which minimizes t he  

mean square  e r r o r  caused by d i s ca rd ing  components is t h e  o b j e c t i v e .  

Some o f  t h e  important  p r o p e r t i e s  of t h e  KLT a r e  descr ibed  below. 

The KLT i s  a  d a t a  dependent t rans format ion  whose b a s i s  v e c t o r s  

a r e  e i genvec to r s  o f  t he  a u t o c o r r e l a t i o n  ma t r i x  of t he  X process .  Th i s  

t rans form d i a g o n a l i z e s  t h e  a u t o c o r r e l a t i o n  ma t r i x  of  t h e  transformed 

v e c t o r  - Y which means t h e  components a r e  uncor re la ted  and by t h e  

Gaussian assumption independent.  Each t ransform c o e f f i c i e n t  can then  

be quan t ized  independent ly  wi thout  l o s i n g  performance. It is p o s s i b l e  

t o  approximate 2 by  in a lower dimensional  space by d i s c a r d i n g  

components. The mean square  e r r o r  r e s u l t i n g  from t h i s  approximation 

i s  t h e  sum o f  t h e  va r i ance s  o f  t h e  d i scarded  t ransform c o e f f i c i e n t s .  

If on ly  t h e  components o f  - Y wi th  the  lowest  va r i ance s  a r e  d i s ca rded ,  

t h e  approximation is opt imal  i n  a mean square  e r r o r  sense .  



Two l i m i t a t i o n s  of t h e  Karhunen-Loeve t ransform a r e ,  t h a t  i t  is 

computa t iona l ly  burdensome and, r e q u i r e s  s o l u t i o n s  o f  e i g e n v e c t o r  

problems whose s o l u t i o n s  may be numericaly  u n s t a b l e .  More p r e c i s e l y  

t h e  KLT r e q u i r e s  a  knowledge o f  t h e  c o r r e l a t i o n  f u n c t i o n  a t  the  

r e c e i v e r  t o  perform an  i n v e r s e  t r ans format ion .  The c o r r e l a t i o n  

f u n c t i o n  is n o t  g e n e r a l l y  a v a i l a b l e  a t  t h e  r e c e i v e r .  

2.5 SUB-OPTIMAL TRANSFORMS 

The p r a c t i c a l  l i m i t a t i o n s  o f  t h e  KLT r e q u i r e  an i n v e s t i g a t i o n  of 

sub-optimal t ransforms.  The d i s c r e t e  F o u r i e r  t r ans form (DFT) , t h e  

d i s c r e t e  cos ine  t r ans form (DCT) and t h e  Walsh-Hadamard t rans form (WHT) 

a r e  a l l  u s e f u l  sub-optimal t r ans forms .  A method t o  compare t h e  

performances of u n i t a r y  t r ans forms  i n  t ransform coding a p p l i c a t i o n s  is 

h i g h l y  d e s i r a b l e .  

Assuming t h e  t r ans form o n l y  a f f e c t s  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 d f )  of t h e  sampled p rocess  s l i g h t l y ,  t h e  q u a n t i z e r  

parameter  6 i s  unchanged whether q u a n t i z i n g  i n  t h e  t ime o r  t r ans form 

domain. Hence t h e  dependence of t h e  d i s t o r t i o n  on 6 is  t h e  same i n  

e i t h e r  domain. From e q u a t i o n  2.4, i t  is c l e a r  t h a t  a  lower bound on 

t h e  d i s t o r t i o n  of a  PCM is g i v e n  by 

2 26 2 i i  r 1 eq. 2.8 D = 2 2' 
Pcm Ni=l i 

Def in ing  t h e  t r ans form coding g a i n  over  PCM a s  t h e  i n c r e a s e  i n  SNR 

o v e r  PCM, w i l l  enab le  u s e f u l  comparisons. 

D 
G A pcm 

tc  - 
Dtc 



The t rans form g a i n  f o r  any u n i t a r y  t r ans form is then t h e  r a t i o  of t h e  

a r i t h m e t i c  and geometr ic  mean of  t h e  v a r i a n c e s  of t h e  t r ans form 

c o e f f i c i e n t  a s  g iven  above. Var iances  a r e  j u s t  t h e  d i a g o n a l  e lements  

o f  t h e  co-var iance m a t r i x  i n  t h e  t ransform domain. No11 [4]  modelled 

t h e  long term s t a t i s t i c s  o f  voiced speech by a s t a t i o n a r y  t e n t h  o r d e r  

Markov source .  These r e s u l t s  a r e  shown i n  F i g u r e  2-3. and i l l u s t r a t e  

t r ans form coding g a i n  dependence on block l e n g t h  N. For l a r g e r  b lock  

l e n g t h s ,  t h e  KLT performance improves. The DCT performs n e a r l y  as 

w e l l .  The DFT and DCT converge t o  KLT performance f o r  a l a r g e  block 

l e n g t h .  The d i s c r e t e  s l a n t  t ransform (DST) and WHT show a v e r y  poor 

performance i n  t r ans form coding a p $ l i c a t i o n s .  D i s t r i b u t i o n  o f  t h e  

v a r i a n c e s  of t h e  d i s c r e t e  cos ine  t ransform c o e f f i c i e n t s  a r e  h o w n  t o  

converge a s y m p t o t i c a l l y  t o  t h e  power d e n s i t y  spectrum o f  t h e  p rocess  

[4 ] .  T h i s  p r o p e r t y  is used i n  t h e  LPC a d a p t i v e  b i t  assignment 

a lgor i thm.  



2.6 THE DISCRETE COSINE TRANSFORM 

For  any p r a c t i c a l  t ransform coding implementat ion,  t h e  

computat ional  s a v i n g s  o f f e r e d  by t h e  DCT and i ts  n e a r  op t imal  

performance,  make i t  an  a t t r a c t i v e  a l t e r n a t i v e  t o  t h e  KLT. The DCT 

and KLT a r e  a s y m p t o t i c a l l y  e q u i v a l e n t  i f  t h e  d a t a  covar iance  m a t r i c e s  

a r e  T o e p l i t z  hence i t  is  n o t  s u r p r i s i n g  t h a t  t h e  DCT performs n e a r l y  

a s  w e l l  as t h e  KLT when t h e  d a t a  v e c t o r s  a r e  l a r g e  [ I  I ] .  The r a t e  

d i s t o r t i o n  c r i t e r i a  o f  t h e  KLT and DCT a r e  a l s o  comparable [12]. 

Formally t h e  DCT o f  a  r e a l  M p o i n t  sequence ~ ( k )  can be de f ined  

eq. 2.10 

The i n v e r s e  DCT i s  g i v e n  by 

eq. 2.11 v(n) = 
k=O 

The DCT of  a  sequence v ( n )  is  c l o s e l y  r e l a t e d  t o  a  2M p o i n t  DFT o f  a  

r e l a t e d  sequence u ( n ) .  I n t e r p r e t a t i o n  o f  p e r c e p t u a l  in fo rmat ion  

i n c l u d i n g  formant s t r u c t u r e  and p i t c h  s t r i a t i o n s  i n  t h e  F o u r i e r  

t r ans form domain may t h e r e f o r e  be ex tended t o  t h e  c o s i n e  t r ans form 

domain. The fo l lowing  a n a l y s i s  fo l lows  T r i b o l e t  and ~ r d c h i e r [ 5 , 6 ] .  

Consider  a 2M p o i n t  sequence u (n)  such t h a t  

eq. 2.12 u (n)  = v(n)  0 < n  < M-1 



The 2 M  p o i n t  DFT o f  u(n)  i s  

eq. 2.13 

From t h e  d e f i n i t i o n  of t h e  DCT i t  can s e e n  t h a t  t h e  DCT o f  v ( n )  

denoted ~ ( k )  i s  expressab le  i n  terms o f  ~ ( k )  

eq. 2.14 Vc(k) = R I:c(k!e 
-j ( ~ k / 2 m )  

e ~ ( k )  1 

Denoting ~ ( k )  and 8 (k)  a s  t h e  magnitude and phase o f  ~ ( k )  e q u a t i o n  

2.15 is ob ta ined .  

eq. 2.15 V(k) = c ( k )  1 ~ ( k )  (cos{ 8k-nk/2ml 

C l e a r l y  t h e  DCT h a s  an i d e n t i c a l  s p e c t r a l  envelope t o  t h a t  o f  t h e  2 M  

p o i n t  DFT. Thus, t h e  DCT e x h i b i t s  a l l  p r o p e r t i e s  o f  formant s t r u c t u r e  

and p i t c h  s t r i a t i o n s  o f  the  DFT. 

The DCT reduces  end-effect  problems whi le  main ta in ing  minimal 

s p e c t r a l  redundancy [5,6]. T h i s  is a n o t h e r  reason f o r  i ts s e l e c t i o n  

i n  t r ans form coding.  The s u p e r i o r  performance o f  t h e  DCT i n  t h i s  

r e s p e c t  is a r e s u l t  o f  its c l o s e  r e l a t i o n s h i p  t o  t h e  2 M  p o i n t  DFT o f  a 



sequence y ( n ) .  The sequence i s  formed from t h e  M p o i n t  sequence v (n)  

by d e f i n i n g  

I 1/2 v ( n )  n = 0,1, ..., m-1 
e q .  2.16 

y ( n )  = 

The sequence y (n)  is shown i n  F igure  2-4. The 2M p o i n t  DFT o f  y(n)  i s  

g i v e n  by 

eq. 2.17 

m-1 
Y (k) = 1 v ( n )  cos{ (2n+l) 1~k/2m} 

n=O 

Comparing equa t ions  2.17 and 2.10 t h e  DCT o f  v(n)  can be obta ined from 

~ ( k )  according t o  t h e  r e l a t i o n  

- j ~rk/2m 
eq.  2.18 Vc(k) = c ( k ) e  Y (k )  

Although more computa t iona l ly  e f f i c i e n t  a l g o r i t h m s  have been desc r ibed  

i n  t h e  l i t e r a t u r e  [ I  3 ,14,15] ,  t h e  above i n t e r p r e t a t i o n  proves u s e f u l  

i n  unders tand ing  t h e  e n d - e f f e c t s  which i n  t r ans form coding can cause  

u n d e s i r a b l e  c l i c k i n g  a t  t h e  block r a t e .  I n  low b i t  r a t e  coding t h e  

q u a n t i z a t i o n  n o i s e  is a combination o f  both  m u l t i p l i c a t i v e  and 

a d d i t i v e  e f f e c t s .  

h 
eq.  2.19 ~ ( k )  = ~ ( k )  ~ ( k )  + ~ ( k )  

A 
where V(k) h r e  t h e  q u a v t i z e d  F o u r i e r  t r ans form c o e f f i c i e n t s  and G(k) 
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and ~ ( k )  a r e  the  noise terms. For low b i t  r a t e  coding some values of 

t he  DCT may not  be encoded leading t o  a  low-pass e f f e c t .  The 

syn thes i s  procedure l eads  t o  the  r e s u l t  

where g(n)  and e(n)  a r e  the  inve r se  transforms of G and E 

r e spec t ive ly .  The c i r c u l a r  convolution denoted by @ r e s u l t s  i n  

a l i a s i n g  i n  time a s  i l l u s t r a t e d  by the  arrows i n  Figure 2-4b and, is  

t h e  cause of the edge e f f e c t  a r t i f a c t s .  Because of a s soc ia t ion  of the 

DCT with the  syn thes i s  sequence y ( n ) ,  quant iz ing  ~ ( k )  is  equivalent  t o  

quant iz ing  ~ ( k )  , therefore  

eq. 2.21 ~ ( k )  = ~ ( k )  ~ ( k )  + ~ ( k )  

Circu la r  convolution st i l l  causes a l i a s i n g  i n  time but the e f f e c t s  a r e  

not  so severe.  Thus the DCT produces l e s s  not iceable  boundary e f f e c t s  

than the  DFT i n  transform coding app l i ca t ions .  
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CHAPTER 3 

ADAPTIVE TRANSFORM C O D I N G  

The g e n e r a l  s t r u c t u r e  o f  a d a p t i v e  t r ans form coding is shown i n  

F i g u r e  3-1. Speech is sampled, q u a n t i z e d ,  b u f f e r e d  i n t o  a n a l y s i s  

f rames ,  and transformed. Transform c o e f f i c i e n t s  a r e  a d a p t i v e l y  

q u a n t i z e d  by uniform q u a n t i z e r s  and t r a n s m i t t e d  t o  t h e  r e c e i v e r .  The 

q u a n t i z e r s  a r e  c h a r a c t e r i z e d  by t h e  number o f  q u a n t i z a t i o n  l e v e l s  and 

t h e i r  s t e p  s i z e .  The s t e p  s i z e  is determined from an e s t i m a t e  o f  t h e  

s p e c t r a l  v a r i a n c e  o f  t h e  t r ans form c o e f f i c i e n t s .  The number o f  

q u a n t i z a t i o n  l e v e l s  t o  be used f o r  each c o e f f i c i e n t  is determined from 

t h e  speech  spectrum f o r  each frame through a b i t  assignment p rocess .  

The d i s t r i b u t i o n  of t h e  t r ans form c o e f f i c i e n t  v a r i a n c e s ,  which c o n t r o l  

s t e p  s i z e  a d a p t a t i o n ,  and b i t  ass ignment ,  is known as t h e  b a s i s  

spectrum. The b a s i s  spectrum is paramete r ized ,  encoded, q u a n t i z e d  and 

t r a n s m i t t e d  t o  t h e  r e c e i v e r  as s i d e  informat ion.  For a 9.6 kb / sec  

c o d e r ,  2 kb/sec  is considered adequate  t o  t r a n s m i t  a l l  t h e  s i d e  

i n f o r m a t i o n  t o  t h e  r e c e i v e r .  The r e c e i v e r  then  has  knowledge of  t h e  

b i t  assignment and can r e c o n s t r u c t  t h e  transform c o e f f i c i e n t s .  

I n v e r s e  t r a n s f o r m a t i o n  r e c o v e r s  t h e  speech s i g n a l .  B i t  assignment and 

s t e p  s i z e  a d a p t a t i o n  a r e  c o l l e c t i v e l y  known a s  t h e  q u a n t i z a t i o n  

s t r a t e g y  and determine t h e  d i s t r i b u t i o n  of q u a n t i z a t i o n  n o i s e  i n  t h e  
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f requency  domain. The coder  d e s i g n  p rocess  procedes  i n  two s t e p s .  

The f i r s t  s t e p  is t o  maximize t h e  SNR. The second s t e p  m o d i f i e s  t h e  

q u a n t i z a t i o n  s t r a t e g y  accord ing  t o  p e r c e p t u a l  c r i t e r i a .  I n  

p a r t i c u l a r ,  a u d i t o r y  masking p r i n c i p l e s  can be a p p l i e d  t o  o b t a i n  

b e t t e r  s u b j e c t i v e  performance from t h e  t r ans form coder .  

Three t r ans form coding schemes a r e  d i scussed  i n  t h e  fo l lowing  

s e c t i o n s .  These u s e  d i f f e r e n t  s p e c t r a l  p a r a m e t e r i z a t i o n  t echn iques .  

T h e i r  s t r u c t u r e  and performance a r e  analyzed i n  t h e  c o n t e x t  o f  what 

h a s  been d i scussed  p rev ious ly .  
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3.1 LOG-LINEAR SMOOTHING TECHNIQUE 

The log- l inear  smoothing technique is a method of t r ansmi t t ing  the  

necessary s i d e  information f o r  s t e p  s i z e  a l l o c a t i o n  and b i t  assignment 

by s p e c t r a l  parameterizat ion [4] .  An est imate of t h e  transform 

c o e f f i c i e n t  variance is obtained by squaring the DCT c o e f f i c i e n t s  f o r  

each ana lys i s  frame. Corre la t ion  between adjacent  transform 

c o e f f i c i e n t s  is exploi ted by averaging. This reduces the  number of 

squared values to be t ransmit ted.  The remaining values a r e  ca l l ed  

b a s i s  spectrum support va lues  and c o n s t i t u t e  s i d e  information. The 

logari thms of the support va lues  a r e  l i n e a r l y  in t e rpo la t ed  a t  the  

r ece ive r .  I n  the l i n e a r  domain t h i s  is equivalent  t o  geometric 

i n t e r p o l a t i o n  and gives the b a s i s  spectrum. This is an es t imate  of 

t h e  s p e c t r a l  variance of the  transform coe f f i c i en t s .  When using the 

optimal transform, ( t h e  KLT,) the  transform c o e f f i c i e n t s  should have 

no co r re l a t ion .  However, t h e  s i d e  information parameterizat ion scheme 

e x p l o i t s  any co r re l a t ion  present  t o  obtain a compressed es t imate  of 

t h e  variance of the transform coe f f i c i en t s .  

The process of s p e c t r a l  paramterizat ion is shown i n  Figure 3-2. 

The smoothing inherent  i n  t h i s  technique annhi la tes  the f i n e  l i n e  

s t r u c t u r e  of the s p e c t r a l  variance.  P i t ch  information is l o s t  a s  a 

r e s u l t .  Improved f i t  t o  the  s p e c t r a l  variance in the mean square 

e r r o r  sense can be achieved i f  more sophis t ica ted  methods a r e  used. 

For these  reasons LPC adapt ive  transform coders have r ecen t ly  received 

more s tudy than those using the  log- l inear  smoothing technique. 

Ze l insk i  and No11 [ 4 ]  proposed many refinements t o  the  smoothing 

technique i n  addi t ion  t o  new approaches f o r  quantizing the  s i d e  

information. Use of LPC smoothing was a l s o  suggested. Sloan [ I  61 



made d e t a i l e d  exper imental  comparisons o f  t h e  two methods. H i s  

r e s u l t s  i n d i c a t e  t h a t  t h e  a l l - p o l e  model of t h e  s h o r t  term spectrum 

r e s u l t s  i n  b e t t e r  speech reproduc t ion .  Refinements i n  t h e  coder  such 

as p i t c h  model l ing and q u a n t i z a t i o n  n o i s e  shaping a r e  accomplished 

more e a s i l y  u s i n g  t h e  a l l - p o l e  model. 
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3.2 ALL-POLE MODEL 

The log- l inear  smoothing technique i s  a  non-speech s p e c i f i c  

method f o r  parameterizing the  bas i s  spectrum. A f u l l  knowledge of 

models and dynamics of speech production can be exploi ted by using an 

algori thm based on an a l l -po le  model of the  formant s t r u c t u r e  of 

speech. In conjunction with a  p i t c h  model represent ing  the  f i n e  

s t r u c t u r e ,  the  algorithm can be p a r t i c u l a r l y  e f f e c t i v e  i n  transform 

coding. The r e s u l t i n g  system is refer red  to  a s  a  LPC adapt ive  

transform coder. 

Figure 3-3 i l l u s t r a t e s  the  block diagram of the  coder under 

discussion.  Speech is buffered i n t o  ana lys i s  frames t y p i c a l l y  ranging 

i n  length  from 32 t o  256 samples, f o r  8 khz speech 4 t o  24 m s .  The 

buffered speech is then transformed. The DCT is  used because i t  is a  

good o v e r a l l  f ixed transform. Spect ra l  c o e f f i c i e n t s  a r e  squared to 

obta in  a  measure of t he  s p e c t r a l  variance of the DCT c o e f f i c i e n t s .  

The b a s i s  spectrum is obtained through a  LPC a n a l y s i s  a s  follows. A n  

autocorre la t ion- l ike  funct ion ,  r e fe r r ed  to as the 

pseudo-autocorrelation funct ion  t pseudo-^^^), is  derived by an inverse 

Four ier  transforming the  squared DCT c o e f f i c i e n t s .  The pseudo-ACF 

e x h i b i t s  p rope r t i e s  s i m i l a r  t o  the normal ACF because of t he  DCT 

r e l a t i o n s h i p  t o  the  Fourier  spectrum. Values of the  au tocor re l a t ion  

funct ion  a r e  used to  so lve  the LPC au tocor re l a t ion  equat ions.  The 

s o l u t i o n  is  expressed f o r  convience i n  the form of a  ga in  f a c t o r  and a  

s e t  of r e f l e c t i o n  c o e f f i c i e n t s .  These a re  quantized and transmit ted 

t o  the  rece iver .  The inverse  LPC spectrum is an es t imate  of the  b a s i s  

spectrum. The f i n e  s t r u c t u r e  of the DCT spectrum is obtained from the 

p i t c h  model. The p i t c h  period is derived by searching the pseudo-ACF 



f o r  t h e  f i r s t  maximum g r e a t e r  than t h e  o r d e r  of t h e  p r e d i c t o r .  The 

cor responding  p i t c h  g a i n  is  t h e  r a t i o  of t h e  v a l u e s  of t h e  ACF a t  t h e  

p i t c h  per iod  o v e r  i t s  v a l u e  a t  t h e  o r i g i n .  With t h e s e  two v a l u e s ,  a  

p i t c h  p a t t e r n  can be generated i n  t h e  f requency  domain. The model is 

of  t h e  form [6]  

and i s  a s s o c i a t e d  wi th  a  windowed, one s ided  p e r i o d i c  impulse t r a i n  

wi th  e x p o n e n t i a l  decaying ampl i tudes .  I n  t h e  t ime domain t h i s  

cor responds  t o  

OD 

eq. 3.2 ~ [ n ]  = h[n] -1 G~ 6[n-mL] 
-0 L p i t c h  p e r i o d  

G p i t c h  g a i n  

where h ( n )  is t h e  a n a l y s i s  window. The F o u r i e r  t r ans form of t h e  p i t c h  

t ime sequence is c a l c u l a t e d .  Frequency r e p r e s e n t a t i o n  o f  t h e  p i t c h  is 

impressed on t h e  LPC e s t i m a t e  to  o b t a i n  t h e  b a s i s  spectrum used i n  

s t e p  s i z e  a d a p t a t i o n  and b i t  ass ignment .  Th i s  procedure is 

i l l u s t r a t e d  i n  F igure  3-4. P i t c h  g a i n  and p r e d i c t o r  e r r o r  a r e  

quan t ized  and t r a n s m i t t e d  t o  t h e  r e c e i v e r  u s i n g  a  mu-law q u a n t i z e r .  
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3 .3  HOMOMORPHIC MODEL 

The homomorphic model under d i s c u s s i o n  h e r e  is a l s o  a model 

a p p r o p r i a t e  t o  speech wi th  p r o p e r t i e s  s i m i l a r  t o  t h a t  o f  t h e  LPC and 

p i t c h  models. F i g u r e  3-5 shows t h e  most impor tan t  a s p e c t s  o f  t h e  

homomorphic method of  pa ramete r iz ing  t h e  speech spectrum. The 

log-magnitude of t h e  DCT c o e f f i c i e n t s  a r e  computed and i n v e r s e l y  

t ransformed.  The r e s u l t i n g  sequence c ( n )  is known as t h e  cepstrum. 

I n  conven t iona l  homomorphic a n a l y s i s ,  t h e  t r ans form c o e f f i c e n t s  a r e  

o b t a i n e d  by a Hamming window DFT a n a l y s i s .  I n  t r ans form coding,  t h e  

speech spectrum is acquired by a DCT a n a l y s i s  us ing  r e c t a n g u l a r  o r  

r a i s e d  c o s i n e  windowing. Th is  does n o t  r e s u l t  i n  as good a s p e c t r a l  

e s t i m a t e  a s  t h e  DFT approach.  It is f o r  t h i s  r eason  t h a t  c ( n )  w i l l  be 

r e f e r r e d  t o  a s  t h e  pseudo-cepstrum. Formant and p i t c h  s t r u c t u r e  o f  

speech  can be e x t r a c t e d  from the  pseudo-cepstrum. Formant pa ramete rs  

a r e  e x t r a c t e d  by c e p s t r a l  windowing and p i t c h  p r a m e t e r s  by peak 

p i c k i n g .  Formant and p i t c h  ~ a r a m e t e r s  a r e  encoded and t r a n s m i t t e d  t o  

t h e  r e c e i v e r  a s  s i d e  informat ion.  The c e p s t r a l  model is r e c o n s t r u c t e d  

by combining t h e  formant and p i t c h  parameters  t o  o b t a i n  a c e p s t r a l  

r e p r e s e n t a t i o n  c ( n )  . The d e s i r e d  log-spectrum is ob ta ined  through 

i n v e r s e  t r ans format ion .  

Formant s t r u c t u r e  o f  speech m a n i f e s t s  i t s e l f  i n  the  f i r s t  10 t o  

25 c o e f f i c i e n t s  of t h e  cepstrum. By windowing t h e  low-time r e g i o n  o f  

t h e  cepstrum and q u a n t i z i n g  t h e s e  parameters ,  a c e p s t r a l  

r e p r e s e n t a t i o n  o f  t h e  envelope o f  t h e  t r ans form c o e f f i c i e n t s  can  be 

ob ta ined .  The log-magnitude o f  a speech spectrum can be ob ta ined  by 

decoding t h e  windowed c e p s t r a l  c o e f f i c i e n t s ,  padding t h e  ba lance  wi th  

z e r o s  and t rans forming  wi th  a DCT. The purpose o f  both  t h e  LPC and 



homomorphic models is t o  e x t r a c t  the formant envelope. These models 

g ive  roughly equivalent  mean square e r r o r  performance i n  es t imat ing  

the  a c t u a l  smooth component of the spectrum [8]. The LPC s p e c t r a l  

e s t ima te  does a  b e t t e r  job i n  the  formant reg ions ,  bu t  is  l e s s  

accu ra t e  i n  the  low amplitude regions. The homomorphic model 

d i s t r i b u t e s  b i t s  more evenly i n  the frequency domain than the  LPC 

model. Considerat ions i n  hardware implementation of  an adapt ive  

t ransform coder may favour one technique over another .  

P i t c h  s t r u c t u r e  of speech e x h i b i t s  i t s e l f  a s  a  pe r iod ic  t r a i n  i n  

t h e  cepstrum. Harmonic p i t c h  s t r u c t u r e  i n  the spectrum can the re fo re  

be obtained by measuring the  loca t ion  and amplitude of the  pulses  i n  

t h e  cepstrum by peak picking. Since amplitude of these  pulses  decays 

r a p i d l y  with increas ing  time, i t  is s u f f i c i e n t  t o  measure the l o c a t i o n  

and amplitude of only the  f i r s t  one o r  two pulses.  This  information 

is  then quantized and t ransmi t ted  a s  s i d e  information. The p i t c h  

model c o n s i s t s  of two c e p s t r a l  peaks. The primary p i t c h  peak is 

loca t ed  by searching the  2 m s  t o  16 m s  (60-500 HZ) region of the 

cepstrum. The l a r g e s t  ad jacent  value t o  the primary p i t c h  peak is  

loca ted .  This recognizes t h a t  the main c e p s t r a l  peak may be more than 

one sample i n  width. A sea rch  is made f o r  a secondary p i t c h  peak i n  

t h e  region of ha l f  and twice the  p i t c h  value previously determined. 

Location and amplitude of these  peaks a r e  encoded and t ransmi t ted .  An 

a r t i f i c i a l  gain f a c t o r  of 1.5 is applied t o  a l l  p i t c h  amplitudes t o  

h e l p  provide a  b e t t e r  s p e c t r a l  match t o  the  peaks of the a c t u a l  

s p e c t r a  a s  suggested by Cox and Crochiere [8]. The reason f o r  t h i s  is 

t h a t  homorphic a n a l y s i s  averages i n  the  log domain which tends t o  

lower p i t c h  peaks. In t roduct ion  of t h i s  gain r a i s e s  the e n t i r e  

s p e c t r a l  es t imate such t h a t  the est imate matches the  peaks i n  the 
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log- spectrum r a t h e r  than peaks i n  t h e  average  log-spec trum. [8] 

F i g u r e  3-6 i l l u s t r a t e s  t h e  block diagram of t h e  coder  under  

d i s c u s s i o n .  Speech is b u f f e r e d  i n t o  a n a l y s i s  frames and t ransformed.  

S p e c t r a l  c o e f f i c i e n t s  a r e  used a s  a  measure o f  t h e  s p e c t r a l  v a r i a n c e  

o f  t h e  DCT. The b a s i s  spectrum is ob ta ined  from a homomorphic 

a n a l y s i s  a s  f o l l o w s .  Formant and p i t c h  cepstrum c o e f f i c i e n t s  a r e  

, i s o l a t e d  from t h e  pseudo-cepstrum and r e s u l t  i n  a c e p s t r a l  

r e p r e s e n t a t i o n  o f  t h e  b a s i s  spectrum. Cepstrum c o e f f i c i e n t s  a r e  t h e n  

t r a n s m i t t e d  as s i d e  in format ion  t o  t h e  r e c e i v e r .  The l o c a l l y  decoded 

cepstrum is f requency  t ransformed wi th  a  DCT t o  o b t a i n  t h e  b a s i s  

spectrum used f o r  s t e p  s i z e  a d a p t a t i o n  and b i t  assignment.  The b a s i s  

spectrum f o r  t h e  homomorphic model c l o s e l y  f o l l o w s  t h e  b a s i s  spectrum 

f o r  t h e  LPC model. The d i f f e r e n c e  o f  t h e  log-spectrum and b a s i s  

spectrum is t r a n s m i t t e d  t o  t h e  r e c e i v e r .  Addi t iona l  s i d e  i n f o r m a t i o n ,  

namely t h e  s i g n  o f  t h e  t r ans form c o e f f i c i e n t s ,  i s  r e q u i r e d  f o r  

o p e r a t i o n  o f  t h i s  coder.  The r e s i d u a l  is decoded a t  t h e  r e c e i v e r  by 

add ing  t h e  b a s i s  spectrum t o  t h e  r e s i d u a l  and c o n v e r t i n g  t o  t h e  l i n e a r  

domain. The s i g n  o f  t h e  c o e f f i c i e n t s  i s  in t roduced  and i n v e r s e  

t r a n s f o r m a t i o n  r e c o v e r s  t h e  speech waveform. 
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CHAPTER 4 

CODER EVALUATION 

4.1 SIMULATION PROCEDURE 

Homomorphic and LPC coding schemes have been simulated i n  

sof tware . For t ran  s imula t ion  has been used t o  permit easy 

modi f ica t ion  and enhancement of coder s t r u c t u r e ,  and f a c i l a t e  

experimental opt imizat ion of coder parameters. Trade-offs between 

coder  complexity and performance can be inves t iga t ed  i n  conjunct ion 

with s t u d i e s  of t he  e f f e c t  of  quant izing and i n t e r p o l a t i n g  s i d e  

information parameters. The complexity of the  coder can be decreased 

by us ing  s h o r t e r  frame lengths .  The performance of t he  coder should 

d e c l i n e  gradual ly  according to  Figure 2-3. However, t h i s  does not  

cons ide r  the  e f f e c t  of frame boundary d i s c o n t i n u i t i e s  which is  

s i g n i f i c e n t .  Perceptual  q u a l i t y  o f  transform coded speech can be 

improved by in t roducing  pre-emphasis, s p e c t r a l  shaping, and p i t c h  

modelling. The perceptual  q u a l i t y  can only be judged by a c t u a l  

l i s t e n i n g  t e s t s .  I n  summary, sof tware s imulat ion permits eva lua t ion  

o f  sub jec t ive  performance of adapt ive  transform coders. 



The s i m u l a t i o n  procedure  r e q u i r e s  t h r e e  s t e p s .  The f i r s t  is t o  

d i g i t i z e  a segment o f  speech and s t o r e  t h e  d i g i t i z e d  s i g n a l  (on  d i s k ) .  

Unless  o therwise  s t a t e d ,  a l l  source  audio  f i l e s  a r e  d i g i t i z e d  a t  8 Khz 

a f t e r  p a s s i n g  th rough  an  a n t i - a l i a s i n g  f i l t e r .  The f u l l 0 - 4  Khz 

bandwidth is coded. The second s t e p  s i m u l a t e s  t h e  coder  by a c c e s s i n g  

t h e  s t o r e d  speech  and producing coded speech which is a l s o  s t o r e d  on 

d i s k .  coding is n o t  done i n  r e a l  time. The t h i r d  s t e p  a c c e s s e s  

s t o r e d  coded speech and r e g e n e r a t e s  t h i s  as an  ana log  waveform i n  r e a l  

t ime. The p e r c e p t u a l  q u a l i t y  o f  t h e  speech can  now be judged. 

S i m u l a t i o n  is performed on a Vax 11/780 computer. A l a r g e  body o f  

u t i l i t y  programs and a 15 b i t  A/D D/A c o n v e r t e r  combination permit  

r e a l  t ime speech a c q u i t i o n  and p l a y  back. 

Source  coding and channel  coding problems can always be i s o l a t e d  

and so lved  s e p a r a t e l y .  For  t h i s  r eason ,  t h e  e f f e c t  o f  channel  e r r o r  

i s  n o t  cons idered  i n  t h i s  t h e s i s .  Goldberg and C o s e l l  [9 ]  have 

i n v e s t i g a t e d  channel  e r r o r  i n  t h e  c o n t e x t  o f  t r ans form coding and has  

developed methods t o  combat t h i s .  

4.2 THE LPC CODER 

I n  t h i s  s e c t i o n  t h e  o p e r a t i o n  o f  t h e  LPC Adaptive Transform Coder 

is d i s c u s s e d  i n  more d e t a i l .  Impairment i n  speech  q u a l i t y  caused by 

t h e  p rocess ing  a r e  enumerated and e x p l a n a t i o n s  sought .  S u b j e c t i v e  

e f f e c t s  o f  pre-emphasis,  s p e c t r a l  shaping and p i t c h  model l ing a r e  

p resen ted .  Degradat ion in  coder  performance due t o  parameter  

q u a n t i z a t i o n  is cons idered .  Ana lys i s  frame windowing e f f e c t s  and 

t h e i r  a b i l i t y  t o  combat frame boundary d i s c o n t i n u i t i e s  a r e  s t u d i e d .  

Computational s a v i n g  r e s u l t i n g  from s h o r t e r  frame l e n g t h s  and 



assoc ia t ed  problems with s i d e  information in t e rpo la t ion  and frame 

boundary d i s c o n t i n u i t i e s  a r e  considered. 

4.2.1 Coder Operation 

The s t r u c t u r e  of the LPC Adaptive Transform Coder is reviewed i n  

s e c t i o n  3.2. Each waveform i n  the coding process of Figure 3-3 i s  

i l l u s t r a t e d  i n  Figure 4-1. A t y p i c a l  256 poin t  unvoiced speech frame 

i s  shown i n  Figure 4-1 a .  A f i r s t  s t e p  i n  the  coding process is  the  

frequency domain transform. The DCT o f  the  speech frame and the  

squared DCT spectrum, (which is considered t o  be an est imate of the  

s p e c t r a l  variance of the DCT c o e f f i c i e n t s )  a r e  shown i n  Figures 4-lb 

and 4-lc  respec t ive ly .  The s p e c t r a l  est imate of the variance of t he  

transform c o e f f i c i e n t s  is  parameterized by a  LPC analys is .  The LPC 

f i t  t o  the  squared DCT spectrum i s  obtained by inverse  Four i e r  

t ransformation of the squared DCT spectrum t o  obtain the  

pseudo-autocorrelation funct ion.  These values a re  used to  def ine  the  

LPC auto-corre la t ion  normal equation. The inverse  LPC spectrum is  a 

f i t  t o  the  s p e c t r a l  variance of the transform c o e f f i c i e n t s  and, is  

compared t o  the  squared DCT spectrum i n  Figure 4-lc.  The b a s i s  

spectrum is the  quantized parameterized inverse  LPC spectrum wi th  

impressed p i t ch  information on which s t e p  s i z e  adaptat ion and b i t  

assignment f o r  the c o e f f i c i e n t  quant izers  a r e  based. Figure 4-ld 

shows a voiced input  speech frame l a i d  over the corresponding output  

speech frame. Figure 4-le shows the  bas i s  spectrum f o r  t h i s  a n a l y s i s  

frame with and without p i t c h  information incorporated. Figure 4 - l f  

i l l u s t r a t e s  b i t  assignment f o r  the unvoiced speech frame. The b i t  

assignment is zero between 750-1750 Hz and 3000-4000 Hz. Coded speech 

f o r  these  frequency regions conta ins  no energy. These dead frequency 
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bands w i l l  vary i n  width between ad jacent  frames causing a pe rcep tab l e  

warble i n  t he  speech. Ze l in sk i  and No11 [4]  recommend f i l l i n g  t h e  

dead reg ions  with zero mean white no ise  with a var iance  weighted by 

t h e  b a s i s  spectrum t o  combat t he  low-pass e f f e c t .  F igure  4-1 g shows 

t h e  quant ized DCT and F igure  4-lh g i v e s  a comparison of  t h e  o r i g i n a l  

DCT and the  quant ized DCT. F igure  4 - l i  is the  quant ized DCT wi th  t he  

dead reg ions  f i l l e d  with no i se  t o  combat t he  low-pass e f f e c t .  F igure  

4 - l j  shows the  o r i g i n a l  unvoiced speech frame and coded speech frame 

ove r l a id .  
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4.2.2 Reducing Transform Complexity 

Adapt ive  Transform Coders o f f e r  h igh  q u a l i t y  speech f o r  coding 

r a t e s  between 10 ~ b / s e c  and 20 ~ b / s e c .  Reconstructed speech  from 

t h e s e  c o d e r s  approaches t h e  t e lephone  t o l l  s t a n d a r d  (56 ~ b / s e c  

companded PCM) . For  h i g h e r  r a t e s ,  q u a l i t y  improves o n l y  g r a d u a l y  . 
For  lower  r a t e s ,  speech q u a l i t y  r a p i d l y  d e t e r i o r a t e s .  Adapt ive  

t r a n s f o r m  coding is s u p e r i o r  t o  most o t h e r  speech coders  i n  terms of 

speech  q u a l i t y  f o r  t h i s  b i t  r a t e  range. Unfor tuna te ly ,  Adapt ive  

Transform Coders a r e  among t h e  most complex o f  t h e  speech coders .  A 

r e d u c t i o n  o f  complexi ty  o f  t r ans form coders  whi le  m a i n t a i n i n g  speech  

q u a l i t y  is an  impor tan t  o b j e c t i v e  o f  t h i s  r e s e a r c h .  Reduced 

complex i ty  can  be achieved by s i m p l i f i n g  t h e  s i d e  in format ion  s p e c t r a l  

p a r a m e t e r i z a t i o n  scheme o r  by s i m p l i f i n g  t h e  t ransform.  The DCT i s  a 

good t rans form f o r  coding a p p l i c a t i o n s  because i t  combats frame 

boundary d i s c o n t i n u i t i e s  and,  has  n e a r  KLT performance w h i l e  be ing  

c o m p u t a t i o n a l l y  s imple r .  S h o r t e n i n g  frame l e n g t h  is t h e  s i m p l e s t  

t e c h n i q u e  t o  reduce t rans form complexity b u t  h a s  s e v e r a l  

consenquences.  The t h e r o r e t i c a l  performance o f  t h e  DCT d e c l i n e s  and 

f rame boundary d i s c o n t i n u i t i e s  become more f r e q u e n t .  Also,  s i d e  

i n f o r m a t i o n  cannot be updated each  frame and s t i l l  be t r a n s m i t t e d  

w i t h i n  t h e  2 kb/sec  a l l o c a t e d .  A s i d e  in format ion  i n t e r p o l a t i o n  

scheme must be developed which compresses t h e  t r a n s m i s s i o n  o f  

r e f l e c t i o n  c o e f f i c i e n t s ,  p i t c h  and g a i n  parameters  i n t o  2 kb/sec .  

S i d e  i n f o r m a t i o n  i n t e r p o l a t i o n  r e s u l t s  i n  an a d d i t i o n a l  d e g r a d a t i o n  o f  

c o d e r  performance because t h e  p r e c i s i o n  and, o r  f requency o f  parameter  

u p d a t e  must be reduced r e s u l t i n g  i n  a poorer  b a s i s  spectrum e s t i m a t e  

o f  t h e  t r ans form c o e f f i c i e n t  d i s t r i b u t i o n .  



Figure 4-2 shows the SNR and segmental SNR performance of the LPC 

adapt ive  transform coder f o r  various frame lengths .  The input  s i g n a l  

i s  a th ree  second 1 Khz sinusoid and is  coded with unquantized s i d e  

information parameters. This s igna l  is "s ta t ionary"  and s i d e  

information i n t e r p o l a t i o n  has no e f f e c t  on performance of the  coder. 

Frame boundary d i s c o n t i n u i t i e s  a re  mainly a  perceptual  e f f e c t  and a r e  

not  responsible  f o r  the  dec l in ing  SNR performance. The predominate 

e f f e c t  is  a reduced performance of the transform described i n  sec t ion  

2.4 and Figure 2-3. 

Speech is a non-stat ionary s igna l  and s h o r t e r  frames may model 

t h e  speech b e t t e r  desp i t e  the degradation caused by s i d e  informtion 

in t e rpo la t ion .  Figure 4-3a t o  4-3.9 shows the SNR and seqemental SNR 

performance ve r ses  frame length with and without s i d e  information 

i n t e r p o l a t i o n  f o r  s eve ra l  sentences. The s i d e  information is 

unquantised, and in t e rpo la t ed  using the Zel inski  and No11 [4] method 

discussed i n  Sec t ion  4.2.3. The phrases of a  male speaker a r e  l i s t e d  

i n  Table 1 .  C lea r ly  the decreased performance of  the transform is 

compensated by the  b e t t e r  non-stationary speech modelling of fered  by 

s h o r t e r  frame lengths .  

TABLE I 

AUDIO SOURCE FILE PHRASE 
DOUG 1 . ,The b i r ch  cannoe s l i d  on the smooth planks. 
DOUG2 Glue the  shee t  t o  the dark b lue  background. 
DOUG3 It's easy t o  t e l l  the depth of a  well. 
DOUG4 These days a  chicken l e g  is a r a r e  dish.  
DOUG5 Rice is o f t en  served i n  round bowls. 
DOUG6 The ju i ce  of lemons makes f i n e  punch. 
DOUG7 The box of lemons was thrown beside the  parked truck.  
DOUG8 The hogs were fed chopped corn and garbage. 



From these  r e s u l t s  it  can be observed t h a t  s i d e  information 

i n t e r p o l a t i o n  causes up t o  a  4  dB drop i n  SNFt performance. S ide  

information i n t e r p o l a t i o n  is  necessary i n  order  t o  t ransmit  s i d e  

information within the  a l loca ted  2 Khz. Figure 4-4a t o  4-4h show the  

SNR and segmental SNR performance f o r  the adaptive transform coder 

when s i d e  information parameters a r e  quantized t o  64 l e v e l s  each 

wi th in  the  2 Khz bandwidth. The SNR drops ve ry  quickly with decreased 

frame s i z e .  S t a t i s t i c s  of the s i d e  information parameters a r e  known 

t o  change with frame length.  This  is thought -to be responsible  f o r  

t he  dec l in ing  SNR values  shown i n  Figure 4-4. The consequence of t h i s  

is  t h a t  s i d e  information quant izers  must be s p e c i f i c a l l y  designed f o r  

a  s p e c i f i c  parameter and frame length.  The s t a t i s t i c s  of s i d e  

information parameters w i l l  be inves t iga ted  i n  a  following sec t ion .  
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4.2.3 S i d e  In format ion  I n t e r p o l a t i o n  

The computat ional  complexi ty  of a n  a d a p t i v e  t r ans form coder  can 

b e  decreased  by implementing t h e  f requency domain t rans form u s i n g  

s h o r t e r  frame l e n g t h s .  F i g u r e  2-3 i l l u s t r a t e s  t h e  g a i n  o v e r  PCM 

o b t a i n a b l e  wi th  t ransform coding u s i n g  v a r i o u s  b lock  l e n g t h s .  A 

mu1 t i f o l d  d e c r e a s e  i n  t h e  computat ional  complexity o f  the  t r ans form is 

by o n l y  a 2 dB d r o p  i n  SNR. The main i s s u e  is ,  d e c r e a s i n g  

frame l e n g t h  i n c r e a s e s  frame r a t e  making i t  imposs ib le  t o  t r a n s m i t  a l l  

t h e  s i d e  in format ion  wi th  t h e  same f requency  and p r e c i s i o n  f o r  each  

frame. Decreas ing t h e  p r e c i s i o n  o r  frequency wi th  which s i d e  

i n f o r m a t i o n  parameters  a r e  t r a n s m i t t e d  w i l l  permit  s i d e  i n f o r m a t i o n  t o  

b e  compressed i n t o  t h e  n e c e s s a r y  bandwidth. Decreasing parameter  

p r e c i s i o n  by i n t r o d u c i n g  q u a n t i z a t i o n  coarseness  is n o t  an a t t a c t i v e  

o p t i o n .  The first  s i d e  in format ion  i n t e r p o l a t i o n  scheme i n v e s t i g a t e d  

decreased  t h e  f requency o f  parameter  update .  Not every  parameter  

needs  t o  be encoded wi th  t h e  same accuracy  o r  frequency. The scheme 

i n t e r p o l a t e s  s i d e  in format ion  and permi t s  each parameter t o  be updated 

a t  any d e s i r e d  f requency and accuracy.  The number of b i t s  a v a i l a b l e  

f o r  s i d e  in format ion  each frame is d i s t r i b u t e d  among t h e  pa ramete rs  by 

u p d a t i n g  t h o s e  parameters  whose d e s i r e d  update f requency  exceeds  i t s  

a c t u a l  upda te  frequency. The paramete rs  a r e  quan t ized  w i t h  t h e  

n e c e s s a r y  p r e c i s i o n  u n t i l  t h e  b i t s  a v a i l a b l e  a r e  exhausted.  The 

scheme u s e s  a look-up t a b l e  c o n t a i n i n g  update  f r e q u e n c i e s ,  d e s i r e d  

upda te  f r e q u e n c i e s ,  and t h e  number o f  q u a n t i z a t i o n  l e v e l s  w i t h  which 

each  parameter  is quan t ized .  The l ist of  d e s i r e d  f r e q e n c i e s  is  

searched  and,  i f  t h e  d e s i r e d  f requency  is g r e a t e r  than i ts  o c c u r r e n c e ,  

and i f  s u f f i c i e n t  b i t s  remain,  t h a t  c o e f f i c i e n t  is updated and t h e  

list c o n t i n u e s  t o  be searched.  If ,  a t  t h e  end o f  t h e  p r o c e s s ,  b i t s  

4-1 5 



remin unass igned,  pa ramete rs  n o t  updated,  a r e  updated on a p r i o r i t y  

b a s i s  accord ing  t o  t h e  d e s i r e d  frequency. 

Another s i d e  i n f o r m a t i o n  scheme was suggested by Z e l i n s k i  and 

No11 [4]. The a l g o r i t h m  reduces  t h e  p r e c i s i o n  and f requency  wi th  

which s i d e  in format ion  paramete rs  a r e  updated.  The scheme e x p l o i t s  

t h e  s p a t i a l  c o r r e l a t i o n  o f  t h e  parameters  i n s t e a d  o f  t h e  temporal  

c o r r e l a t i o n .  F igure  4-5 shows an a n a l y s i s  frame o f  256 samples  

d i v i d e d  i n t o  16 sub-blocks.  Each sub-block is t ransformed s e p a r a t e l y  

and t h e  t r ans form v a r i a n c e s  a r e  averaged over  t h e  sub-blocks and t h i s  

averaged v a r i a n c e  is used i n  b a s i s  spectrum formula t ion .  The 

sub-blocks  a r e  encoded and t r a n s m i t t e d  a f t e r  t h e  b a s i s  spectrum h a s  

been c a l c u l a t e d  and used f o r  s t e p  s i z e  a d a p t a t i o n  and b i t  ass ignment .  



SIDE l NFORMATION INTERPOLATION 

FIGURE 4-5 



4.2.4 Side  Information Parameter S t a t i s t i c s  And Quant iza t ion  

Sec t ion  4.2.2 presents  the SNR and segmental SNR performance of 

t he  LPC adapt ive  transform coder f o r  var ious  frame 1engths.The e f f e c t s  

of  s i d e  information in t e rpo la t ion  and quant iza t ion  a re  a l s o  presented.  

Figure 4-4 shows rapid ly  dec l in ing  SNR values  f o r  decreasing frame 

s i z e s  when the  s i d e  information is quantized. The explanat ion f o r  

t h i s  r e s u l t  can be obtained by i n v e s t i g a t i n g  s i d e  information 

parameter s t a t i s t i c s .  

S ide  information contains a l l  da ta  required to  recons t ruc t  the  

b a s i s  spectrum a t  the  receiver .  A number of r e f l e c t i o n  c o e f f i c i e n t s ,  

p i t c h  period,  p i t c h  ga in  and an average energy parameter a r e  needed t o  

achieve t h i s  r e s u l t .  Side information parameter quant izers  have 

predetermined and f ixed  c h a r a c t e r i s t i c s .  The r e s u l t s  given i n  Sec t ion  

4.2.2 u l t i l i z e  s i d e  information quan t i ze r s  with the  same 

c h a r a c t e r i s t i c s  f o r  every frame length. For some parameters t h i s  is 

inappropr ia te .  

F igures  4-6 show histograms of the r e f l e c t i o n  c o e f f i c i e n t s  of  the  

u t t e rance ,  "The box of lemons was thrown beside the parked truck." 

DOUG7. The l e f t  of Figure 4-6 shows the  r e s u l t i n g  r e f l e c t i o n  

c o e f f i c i e n t s  f o r  a  block length  of 16 samples. The r i g h t  of t h i s  

f i g u r e  shows the  r e s u l t i n g  r e f l e c t i o n  c o e f f i c i e n t s  f o r  a  block l eng th  

of  256 samples. Comparing these ,  i t  can be seen tha t  the  s t a t i s t i c s  

of  the  r e f l e c t i o n  c o e f f i c i e n t s  change only s l i g h t l y ,  and the re fo re ,  

t h e r e  is marginal value i n  ad jus t ing  the  r e f l e c t i o n  c o e f f i c i e n t  

quan t i ze r s  . 



The p i t ch  and p i t ch  gain parameters lo se  s igni f icance  f o r  frame 

l eng ths  of 16 and 32 samples. The explainat ion f o r  t h i s  is simple. 

For s h o r t  voiced speech segments, a t  most, one p i t ch  period is 

contained within a s i n g l e  frame. This is an i n s u f f i c i e n t  time period 

t o  ga in  an accurate est imate of the p i tch .  For lower frame lengths ,  

i t  is not possible to  exp lo i t  the  perceptual aspects  of p i tch .  

The average energy parameter is i n  f a c t  the energy of the  

r e s i d u a l  of the LPC s p e c t r a l  f i t .  This parameter l i n e a r l y  s c a l e s  

amplitude of the bas i s  spectrum. It therefore  has no e f f e c t  on b i t  

assignment but ,  has a s i g n i f i c a n t  e f f e c t  on s t e p  s i z e  of the transform 

c o e f f i c i e n t  quantizers .  Energy of  the res idual  is dependent on the  

frame length v i a  two mechanisms. The length of  the frame d i r e c t l y  

e f f e c t s  the energy of  the r e s idua l  because the frame length  determines 

t h e  l i m i t s  over which the r e s idua l  is summed. Therefore, the  r e s idua l  

energy f o r  a frame length of 256 samples is expected t o  be 16 times 

l a r g e r  than the energy f o r  a frame length of 16 samples. Figure 4-7a 

and 4-7b a r e  p l o t s  of  the average energy parameter, f o r  16 and 256 

sample frame lengths.  This parameter is 10 times smaller f o r  a block 

l eng th  of  16 samples a s  is shown i n  f igu re  4-7. The reason why the 

parameter is twice a s  l a r g e  a s  expected is because the normalized 

r e s idua l  energy is l a r g e r  f o r  shor t e r  block lengths. The a b i l i t y  of  

t h e  LPC ana lys i s  t o  obta in  a good s p e c t r a l  f i t  t o  the variance of the 

transform coe f f i c i en t s  dec l ines  with frame length causing an 

increas ing  res idual  energy. 

Careful  quant iza t ion  of  the  s ide  information parameters is 

e s s e n t i a l  f o r  maximum coder performance because coder performance is 

s t rong ly  effected by the accuracy of  the shor t  term s p e c t r a l  est imate.  



The r e f l e c t i o n  c o e f f i c i e n t s  a r e  quantized using a  quan t i ze r  employing 

a  log-area r a t i o  non- l inear i ty .  The reason f o r  using t h i s  

non- l inear i ty  is  because devia t ions  i n  log-area quantized r e f l e c t i o n  

c o e f f i c i e n t s  r e s u l t s  i n  uniform s p e c t r a l  pertubat ions.  [ I  71 Uniform 

quant iza t ion  of r e f l e c t i o n  c o e f f i c i e n t s  r e s u l t s  i n  non-uniform 

s p e c t r a l  per tubat ions .  The minimiun and maximum break po in t s  of the  

log-area quant izer  a r e  l i s t e d  i n  t a b l e  2  with the  corresponding number 

of quant iza t ion  l e v e l s .  The r e f l e c t i o n  c o e f f i c i e n t s  quantized i n  t h i s  

manner a r e  e a s i l y  transmited within 1.5 khz of  bandwidth. Fewer 

quan t i za t ion  l e v e l s  may be employed i f  the b i t s  a r e  required t o  combat 

perceptual  d i s t o r t i o n s  such a s  frame boundry d i s c o n t i n u i t i e s  ( s e e  

s e c t i o n  4.2.6). 

TABLE 2  

REFLECTION COEFFICIENT QUANTIZER SPECIFICATIONS 

r e f l e c t i o n  minimum breakpoint maximum breakpoint number 
c o e f f i c i e n t  value value l e v e l s  

I n  summary, f o r  frame lengths  of 16 and 32 samples, the  

perceptual  aspec ts  of p i t c h  cannot be exploi ted.  The r e f l e c t i o n  

c o e f f i c i e n t  s t a t i s t i c s  do vary with frame length  but not  s i g n i f i c a n t l y  

enough to  e f f e c t  SNR f i g u r e s  d r a s t i c a l l y .  The average energy 

parameter v a r i e s  g r e a t l y  with frame length and r equ i re s  quant iza t ion  

wi th  quant izers  with a  c h a r a c t e r i s t i c  adjusted t o  each frame length.  

4-20 



Figures  4-8a t o  4-8h show the  SNR and segmental SNR f o r  DOUG1 t o  DOUG8 

when the  average energy parameter is  adjusted f o r  each frame length.  . 

Compare these with Figure 4-4. 
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402.5 The Low-Pass E f f e c t  

Not a l l  t r ans form c o e f f i c i e n t s  can be t r an smi t t ed  a t  b i t  r a t e s  o f  

16 kb/sec  and below. The opt imal  b i t  assignment d i s c a r d s  those  

t rans form c o e f f i c i e n t s  whose va r i ance  is  below t h e  average  d i s t o r t i o n .  

A s  a r e s u l t  t h e  low l e v e l  p o r t i o n s  o f  t he  spectrum a t  h igh  f r equenc i e s  

a r e  d i scarded .  Th is  l e a d s  t o  an aud ib l e  reduc t ion  i n  t h e  t r an smi t t ed  

bandwidth gene ra ly  r e f e r e d  t o  as t h e  low-pass e f f e c t .  I n  o t h e r  words, 

t h e  SNR maximimizing b i t  assignment r u l e  l e a d s  t o  exce s s ive  

concen t r a t i on  of  b i t s  i n  t h e  formant f requenc ies .  F igu re  4-9a and 

4-9b show t h e  v i s a b l e  b i t  assignment f o r  a frame l e n g t h  o f  256 a t  (16 

and 9.6 kb/sec respec teve ly)  samples f o r  t h e  sen tence  DOUG1. The 

da rknes s  of  a reg ion  is an i n d i c a t i o n  of t he  number o f  b i t s  a l l o c a t e d  

a t  t h e  t ime t o  a p a r t i c u l a r  t r ans form c o e f f i c i e n t .  A concen t r a t i on  of  

b i t s  a t  low f requenc ies  can c l e a r l y  be seen f o r  t he  9.6 kb/sec  coder .  

Many approaches f o r  so lv ing  t h e  low-pass e f f e c t  have been suggested by 

Z e l i n s k i  and No11 [4]. S u b s t i t u t i o n  of  t he  non-t ransmit ted t ransform 

c o e f f i c i e n t s  wi th  whi te  n o i s e  was adopted. The ze ro  mean u n i t  

v a r i a n c e  white no i s e  was s c a l e d  by t he  b a s i s  spectrum s o  t h a t  i ts  

v a r i a n c e  would match t h e  va r i ance  of t he  t ransform c o e f f i c i e n t s .  Th is  

t echn ique  was found t o  add some bandwidth t o  t h e  a d a p t i v e  t ransform 

coder .  However f o r  frame l e n g t h s  of  16,32 and 64 samples frame 

boundary d i s c o n t i n u i t i t i e s  d i s t o r t i o n  is more s i g n i f i c a n t  than  t h e  

low-pass e f f e c t .  
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4.2.6 Frame Boundary D i s c o n t i n u i t i e s  

The t rans form coding scheme d i scussed  p r e v i o u s l y  does n o t  

g u a r a n t e e  s i g n a l  c o n t i n u i t y  a t  t h e  frame boundar ies .  The e f f e c t  o f  a  

d i s c o n t i n u i t y  is  t o  sp read  s i g n a l  energy o u t  i n  t h e  f requency domain. 

P e r c e p t u a l l y ,  a frame d i s c o n t i n u i t y  is heard a s  a s h a r p  c l i c k .  Frame 

boundar ies  occur  a t  r e g u l a r  i n t e r v a l s .  The perce ived  n o i s e  f requency 

depends on t h e  i n t e r v a l  between frame boundar ies .  A s  frame l e n g t h  

s h r i n k s  t h e  d i s c o n t i n u i t i e s  become more f r e q u e n t  and a u d i b l e .  The 

dominant impairment o f  speech q u a l i t y  f o r  frame l e n g t h s  o f  128 and 256 

samples is due t o  t h e  low-pass e f f e c t .  Frame boundary d i s c o n t i n u i t i e s  

a r e  p e r c e p t i b l e  b u t  do n o t  d e t r a c t  s i g n i f i c a n t l y  from speech q u a l i t y .  

For  frame l e n g t h s  o f  16 and 32 samples some method of reducing frame 

boundary d i s c o n t i n u i t y  d i s t o r t i o n  is  r e q u i r e d .  

The t echn ique  employed t o  reduce t h e s e  frame boundary 

d i s c o n t i n u i t i e s  is by t h e  use of a  r a i s e d  c o s i n e  window. The i n p u t  

speech is  processed i n  over lapping windowed frames.  A f t e r  each frame 

i s  coded, t h e  frame i s  advanced by l e s s  t h a n  t h e  window l e n g t h .  The 

n e x t  a n a l y s i s  frame is c a l c u l a t e d  such t h a t  t h e r e  is a t r a n s i t i o n  

r e g i o n  where t h e  windows a r e  overlapped. Adding coded speech from 

over lapp ing  frame p o r t i o n s  e n s u r e s  a  smooth t r a n s i t i o n  a c r o s s  frame 

boundar ies .  A f u r t h e r  improvement i s  p o s s i b l e  by windowing t h e  coded 

speech r a t h e r  than t h e  i n p u t  speech.  C o n t i n u i t y  a t  t h e  frame 

boundar ies  is  n o t  cor rup ted  by q u a n t i z a t i o n  e r r o r  i f  t h e  coded speech 

is  windowed. T h i s  procedure is i l l u s t r a t e d  i n  F igure  4-10. The 

r e s u l t s  o f  t h i s  procedure f o r  a  550 Hz s i n u s o i d  coded a t  9.6 kb/sec  

u s i n g  a  frame l e n g t h  o f  256 samples is shown i n  F igure  4-11. The 

spectrogram c l e a r l y  d i s p l a y s  a  r e d u c t i o n  o f  frame boundary 



d i s c o n t i n u i t y  d i s t o r t i o n  when a r a i s e d  c o s i n e  window is employed. A 

comparison o f  waveforms is shown below. Waveform B i l l u s t r a t e s  how 

windowing reduces  d i s c o n t i n u i t i e s .  The p r o f i l e  o f  t h e  energy 

d i s t r i b u t i o n ,  and t h e  spectrogram a r e  shown a t  t h e  frame boundr ies  

showing how d i s c o n t i n u i t i e s  i n t r o d u c e  energy i n t o  t h e  h igh  f requency 

p o r t i o n s  o f  t h e  spectrum. Table 3 p r e s e n t s  frame advance v a l u e s  which 

g i v e  good r e s u l t s  f o r  v a r i o u s  frame l e n g t h s .  
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4.2.7 Transform C o e f f i c i e n t  S t a t i s t i c s  

The normalized t rans form c o e f f i c i e n t  d i s t r i b u t i o n  is i l l u s t r a t e d  

i n  F igure  4-1 2 f o r  t h e  sen tence  DOUG1 . The d i s t r i b u t i o n  is  ve ry  

n e a r l y  Gaussian wi th  ze ro  mean and u n i t  va r iance .  Th is  i n d i c a t e s  . t h a t  

t h e  p re -sca l ing  e f f e c t  d i scussed  i n  Sec t i on  2.2 does no t  s i g n i f i c e n t l y  

d i s t o r t  t h e  t rans form c o e f f i c i e n t  d i s t r i b u t i o n .  The normalized 

t rans form c o e f f i c i e n t s  can be divided i n t o  c l a s s e s  according t o  t h e  

number o f  q u a n t i z a t i o n  b i t s  ass igned t o  each c o e f f i c i e n t .  These 

c l a s s e s  a r e  i l l u s t r a t e d  i n  Figure  4-13 .and a r e  a l l  aproximately  

Gaussian wi th  ze ro  mean and u n i t  va r iance .  Reca l l  t he  b a s i s  

r e s t r i c t e d  q u a n t i z a t i o n  approach assumed t h a t  t h e  t rans form 

c o e f f i c i e n t  d i s t r i b u t i o n  w a s  Gaussian. 

I n  F igure  4-14, t h e  performance of opt imal  (mean square  e r r o r )  

q u a n t i z e r s  a r e  compared t o  Gaussian q u a n t i z e r s  f o r  2 , 3 , 4  and 5 b i t s .  

The opt imal  q u a n t i z e r s  a r e  t a i l o r e d  t o  t h e  statist ics o f  t h e  sen tence  

t o  ach ieve  maximum SNR. The Gaussian q u a n t i z e r  is  opt imal  on ly  f o r  

Gaussian i npu t  s i g n a l s .  This  f i g u r e  i l l u s t r a t e s  t h e  e f f e c t  on SNR 

performance of  va r i ng  t he  i n p u t  s i g n a l  l e v e l .  The r e s u l t s  r e i n f o r c e  

t h e  con ten t ion  t h a t  t r ans form c o e f f i c i e n t s  a r e  Gaussian. There seems 

l i t t l e  t o  be gained by des ign ing  an  opt imal  q u a n t i z e r  f o r  t he  long 

term s t a t i s t i c s  o f  speech and speakers .  
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4 2 8 Subjec t ive  Ef fec t  Of Pre-emphasis And Spect ra l  Shaping 

Pre-emphasis of  the input  s i g n a l  r e s u l t s  i n  b e t t e r  high frequency 

reproduct ion by boosting higher  frequencies  before coding. More b i t s  

a r e  then assigned t o  high frequencies  and these components a r e  

reproduced more accura te ly  a t  the rece iver .  De-emphasis r e t u r n s  the  

h igh  frequency components back t o  t h e i r  o r i g i n a l  l eve l s .  De-emphasis 

reduces frame boundary d i scon t inu i ty  noise  by a t tenuat ing  the h igh  

frequency components of t h i s  noise.  Unfortunately too much 

pre-emphasis causes s igna l  d i s t o r t i o n s  by assigning too l a r g e  a 

proport ion of b i t s  t o  the higher  frequencies.  Pre-emphasis is 

accomplished by forming the f i r s t  d i f f e rence  of the input  s igna l  with 

t h e  pas t  sample, weighted by a  pre-emphasis f a c t o r  r . That is 

Y(I)=x(I)- r x (1 - I )  

B i t  a l l o c a t i o n  determines the  accuracy with which transform 

c o e f f i c i e n t s  a r e  quantized and thus the  quant iza t ion  no i se  

d i s t r i b u t i o n .  A necessary condi t ion  f o r  minimum coding e r r o r  (MSE) is  

t h a t  a l l  transform c o e f f i c i e n t s  s u f f e r  from the same amount of 

d i s t o r t i o n .  Therefore, a  b i t  assignment r u l e  based on minimum mean 

square e r r o r  over the  ana lys i s  block, l eads  t o  a f l a t  noise  

d i s t r i b u t i o n .  A f l a t  noise d i s t r i b u t i o n  is  not the most perceptua l ly  

des i r ab le .  Noise should be shaped t o  take advantage of audi tory  

masking i n  the human hearing mechanism. This can be done by 

mul t ip ly ing  the bas i s  spectrum by a shaping function. This i n  tu rn  

e f f e c t s  t he  b i t  assignment. P i t c h  is  added a f t e r  the bas i s  spectrum 

is warped and is not  e f fec ted  by the  shaping. The shaping funct ion  

se l ec t ed  is the b a s i s  funct ion ra ised  t o  the  power 7. A s  the  value of 

is var ied  between - l < Y  <O the  noise spectrum evolves from one which 



fol lowing the  speech spectrum to  t h a t  of  a  f l a t  d i s t r i b u t i o n .  The 

e f f e c t  of t h i s  parameter is to  change the peak to  va l l ey  r a t i o  of  the 

b a s i s  spectrum. F la t t en ing  the b a s i s  spectrum r e s u l t s  i n  more b i t s  

assigned t o  the  high frequency components. I n  the extreme, a  value 

f o r  Y of -1 r e s u l t s  i n  a  f l a t  warped bas i s  spectrum and a cons tant  

b i t  assignment. With each transform c o e f f i c i e n t  quantized with the 

same number of b i t s  the  quant iza t ion  noise follows the  speech 

spectrum. Values f o r  the pre-emphasis f a c t o r  and the  s p e c t r a l  shaping 

parameter which y i e l d  good speech reproduct ion a r e  shown i n  t a b l e  3.  

TABLE 3 

FRAME ADVANCE AND SUBJECTIVE PARAMETER VALUES 

Frame Length Frame advance Pre-emphasis Spect ra l  Shaping f a c t o r  

4.3  THE HOMOMORPHIC CODER 

I n  t h i s  s ec t ion  the  operat ion and performance of the homomorphic 

adapt ive  transform coder is discussed. It is shown t h a t  the  

log-spectrum output  of the homomorphic model is in a convenient form 

f o r  b i t  assignment and f o r  transform coe f f i c i en t  quantizat ion.  The 

e f f e c t s  of reduced frame s i z e ,  parameter quantizat ion and s i d e  

information in t e rpo la t ion  a r e  presented. Analysis frame windowing 

e f f e c t s  and t h e i r  a b i l i t y  to  reduce frame boundary d i s c o n t i n u i t i e s  a r e  

s tudied .  The homomorphic and LPC adaptive transform coders a r e  

compared. 



4.3.1 Coder Operation 

The Homomorphic Adaptive Transform Coder s t r u c t u r e  is reviewed i n  

Sec t ion  3.3. A block diagram of the coder s t r u c t u r e  is  presented i n  

Figure 4-9. Each waveform i n  the coding process is i l l u s t r a t e d  i n  

Figure 4-15. A t y p i c a l  256 poin t  unvoiced speech frame is shown i n  

Figure 4-15a. I n  t h i s  coding scheme the DCT spectrum is considered t o  

be an est imate of the s p e c t r a l  variance of the transform c o e f f i c i e n t s .  

The log-spectrum is a smooth f i t  t o  the logarithm of the  DCT of  a 

speech frame. Both a r e  shown i n  Figure 4-1 5b. The log-spectrum is 

obtained from a homomorphic ana lys i s  a s  follows. The inverse  d i s c r e t e  

cos ine  transform of the  logarithm of the DCT of a speech frame is 

c a l l e d  the  pseudo-cepstrum and is shown i n  Figure 4-1 5c. The low-time 

region of the  pseudo-cepstrum is  windowed and the  p i t c h  peaks a re  

i s o l a t e d .  The DCT'of the windowed cepstrum with added p i t c h  peaks is  

t h e  log-spectrum. The quantized log-spectrum is  the  DCT of  the 

quantized cepstrum and analagous t o  the bas i s  spectrum of the  LPC 

adap t ive  transform coder. S t ep  s i z e  adaptat ion and b i t  assignment a re  

based on the quantized log-spectrum. The quantized pseudo-cepstrum is 

a parameterized es t imate  of t he  variance of the transform c o e f f i c i e n t s  

and is transmit ted t o  the r ece ive r  with the p i t ch  peaks a s  s i d e  

information.  S tep  s i z e  adapta t ion  of the transform c o e f f i c i e n t s  is 

accomplished i n d i r e c t l y .  The r e s idua l  of the logarithm of  the DCT and 

t h e  quantized log-spectrum is quantized and is t ransmi t ted  t o  the 

r ece ive r .  Quantizing the r e s i d u a l  i n  the  log domain is equivalent  to  

quant iz ing  the  r a t i o  of t he  transform c o e f f i c i e n t s  and s p e c t r a l  

es t imate  i n  the l i n e a r  domain. This' is the mechanism by which s t e p  

s i z e  adapta t ion  is accomplished i n  the LPC coder. The r e s idua l  and 

quantized r e s idua l  a re  shown i n  Figure 4-15d. Addit ional  s i d e  



information namely the  s i g n  of the transform c o e f f i c i e n t s  a re  required 

by the  rece iver .  The quantized log-spectrum obtained from the  

quantized cepstrum parameters is  added t o  the  r e s idua l  a t  the r ece ive r  

t o  y i e ld  a decoded log-spectrum shown i n  Figure 4-15e. The quantized 

DCT and unquantized DCT a r e  compared i n  Figure 4-15f. Absence of the 

low-pass e f f e c t  i n  t h i s  f i g u r e  is because the  s i g n s  of the  transform 

c o e f f i c i e n t s  were t ransmi t ted  with the s i d e  information. I n  e f f e c t ,  

t he  minimal value of the  b i t  assignments is  one. An algorithm was 

a l s o  developed t o  permit zero b i t  assignments. The algorithm 

described i n  Sec t ion  2 . 3  i s  modified so a b i t  assignment of one 

i n d i c a t e s  t h a t  only the s i g n  of the transform c o e f f i c i e n t  is sent .  

This complicates some of the  decoders i l l u s t r a t e d  i n  Figure 3-6. 

Figure 4-15g is a comparison of b i t  assignments f o r  the LPC and 

homomorphic coders.  Figure 4-15h presents  a comparison of the speech 

frame and coded speech frame. Figure 4-15.i compares the b a s i s  

spectrums f o r  the  I 9 C  and homomorphic ana lys is .  
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4.3.2 Coder Performance 

The homomorphic coder  implemented, o p e r a t i n g  a t  9.6 kb / sec  wi th  a 

frame l e n g t h  of 256 samples ,  g e n e r a t e s  speech wi th  an  average  

segmental  SNR o f  1 1  dB. F igure  4-16 shows t h e  SNR and segmental  SNR 

f o r  n i n e  sen tences .  Cox and Crochiere  [8'] r e p o r t  segmental  SNR 

performance of 13 dB. The homomorphic coder  does n o t  c o n c e n t r a t e  b i t s  

i n  t h e  formant r e g i o n s  o f  t h e  spectrum. T h i s  is thought  t o  be t h e  

reason  why t h e  homomorphic coded speech has  l e s s  p e r c e p t u a l  low-pass 

d i s t o r t i o n s  than  t h e  LPC coder .  Homomorphic coding i n t r o d u c e s  frame 

boundary d i s c o n t i n u i t i e s  s i m i l a r  i n  n a t u r e  t o  d i s t o r t i o n s  in t roduced  

by LPC coded , speech.  The r a i s e d  cos ine  windowing is e f f e c t i v e  i n  

a l e v i a t i n g  t h i s  problem. 

The homomorphic coder  is capable  o f  coding speech us ing  s h o r t e r  

frame l e n g t h s .  The approach i s  s i m i l a r  t o  t h e  LPC coder .  An averaged 

DCT spectrum is genera ted  and t h e  homomorphic s i d e  in format ion  

p r o c e s s i n g  is performed on t h e  averaged spectrum. The quant ized 

log-spectrum and t h u s  t h e  b i t  assignment w i l l  remain t h e  same f o r  a s  

many sub-blocks as a r e  r e q u i r e d  t o  add up t o  256 samples.  F igure  4-17 

shows f o r  v a r i o u s  frame l e n g t h s  t h e  SNR and segmental  SNR performance 

o f  t h e  coder  f o r  t h e  s e n t e n c e  D O U G I .  

I n  s h o r t  t h e  homomorphic coder  produces r e s u l t s  comparable wi th  

t h e  LPC coder  us ing  a r a d i c a l y  d i f f e r e n t  coder  s t r u c t u r e .  P e r c e p t u a l  

coded speech q u a l i t y  is b e t t e r  f o r  t h e  homomorphic speech coder  

d e s p i t e  i t -s  poore r  SNR performance. Th is  is s u f f i c i e n t  r eason  t o  

war ren t  i ts i n v e s t i g a t i o n .  
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CHAPTER 5 

CONCLUSIONS 

The bas ic  s t r u c t u r e  of transform coding has been presented ( i n  

Chapter 2 )  with j u s t i f i c a t i o n  f o r  s e l e c t i o n  of t he  mean square e r r o r  

c r i t e r i a .  A b a s i s  r e s t r i c t e d  quant iza t ion  s t r a t e g y  has  been se lec ted  

and optimal b i t  assignment algorithms have been discussed. Optimal 

and sub-optimal transforms have been introduced and compared. The 

d i s c r e t e  cosine transform was se lec ted  f o r  use by the  coders f o r  

p r a c t i c a l  reasons. The t h e o r e t i c a l  d iscuss ion  was subsequently 

expanded ( i n  Chapter 3)  t o  inc lude  the p r a c t i c a l  problems of  adaptive 

transform coding and considers  th ree  s p e c t r a l  parameterizat ion 

thechniqu'es. La ter  ( i n  Chapter 4 ) ,  two coders using a l l -pole  and 

homomorphic modelling of the  shor t  term spectrum were evaluated. I n  

t h i s  connection the  use of reduced frame lengths  and s i d e  information 

i n t e r p o l a t i o n  schemes were discused a s  a method of  decreasing coder 

computational complexity. Frame boundary d i s c o n t i n u i t i e s  and low-pass 

f i l t e r i n g  e f f e c t s  were presented a s  the  primary sources of perceptual  

d i s t o r t i o n .  Techniques were evaluated f o r  reduct ion of  these 

d i s t o r t i o n s .  Subjec t ive  e f f e c t s  of pre-emphasis and s p e c t r a l  shaping 

a r e  a l s o  discussed. The homomorphic and LPC coders have r a d i c a l l y  

d i f f e r e n t  s t r u c t u r e s  but  o f f e r  aproximately the  same speech qua l i ty .  
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There is a growing convict ion among cu r ren t  i n v e s t i g a t o r s  t h a t  t he  

homomorphic s t r u c t u r e  may be more su i t ed  t o  real- t ime implementation 

[81 

Resul t s  from s imula t ions  of the  LPC adapt ive  transform coder a t  

9.6 kb/sec i n d i c a t e  t h a t  t he re  a r e  t h ree  i d e n t i f i a b l e  d i s t o r t i o n s .  

These a re ;  i n  order  of importance, frame boundary d i s c o n t i n u i t i e s ,  the  

low-pass e f f e c t  and moving dead bands. 

Frame boundary d i s c o n t i n u i t i e s  a r e  the  'most severe perceptua l  

degradat ion i n  transform coding. They a r e  perceived a s  a  rap id  

c l i c k i n g  i n  t h e  background and a r e  a l s o  present  during s i l e n t  per iods.  

Reducing t h e  a n a l y s i s  frame length  makes these  d i s c o n t i n u i t i e s  more 

f requent  and d isurb ing .  The problem is aggravated a t  low b i t  r a t e s  

due t o  course quan t i za t ion  of the  transform c o e f f i c i e n t s .  I n  Sec t ion  

4.2.6 overlapping r a i sed  cosine windows designed t o  ensure a  

t r a n s i t i o n  region between frames was found t o  reduce the  problem 

g rea t ly .  The overlapping of the  ana lys i s  windows r e q u i r e s  some source 

samples t o  be coded twice. This r e s u l t s  i n  an increased o v e r a l l  b i t  

r a t e .  From a s u b j e c t i v e  speech q u a l i t y  poin t  of  view, b i t s  used by 

windowing a t  t h e  expense of the  transform c o e f f i c i e n t  and s i d e  

information quan t i ze r s ,  a r e  wel l  spent .  

A t  low b i t  r a t e s ,  t ransform coding only a s s igns  b i t s  t o  frequency 

reg ions  with high energy content .  The energy i n  speech dec l ines  with 

frequency and t h e  coded speech s u f f e r s  from a l o s s  of  bandwidth. The 

speech i s ,  i n  e f f e c t ,  low-pass f i l t e r e d  because the  coder is not  

ass igning  b i t s  to  t he  h igh  frequency por t ions  of  t he  spectrum. The 

na tu re  of t h i s  d i s t o r t i o n  is such t h a t  i t  does no t  d i s t u r b  the  

l i s t e n e r  o r  d e t r a c t  from the i n t e l l i g i b i l i t y  o f  t he  speech. Fur ther ,  
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t h e  d i s t o r t i o n  is unavoidable  a t  low b i t  r a t e s  s i n c e  t h e r e  a r e  

i n s u f f i c i e n t  b i t s  t o  a s s i g n  t o  a l l  t r ans form c o e f f i c i e n t s .  The 

homomorphic coder  s u f f e r s  from l e s s  l o s s  o f  bandwidth than  does t h e  

LPC coder.  Cox and Croch ie re  [8] a t t r i b u a t e  t h i s  t o  t h e  tendency f o r  

t h e  LPC coder  t o  c o n c e n t r a t e  b i t s  i n  formant r e g i o n s .  Pre-emphasis 

improves reproduc t ion  o f  t h e  h igh  f requency p o r t i o n s  o f  t h e  spectrum 

by b o o s t i n g  t h e  h i g h  f r e q u e n c i e s  p r i o r  t o  coding s o  t h a t  more b i t s  a r e  

ass igned  i n  t h e  h i g h  f requency reg ions .  The speech is l a t e r  

de-emphasized and t h i s  has  an added b e n e f i t  of  r educ ing  frame boundary 

d i s c o n t i n u i t y  n o i s e .  The perce ived  bandwidth o f  coded speech can a l s o  

be  i n c r e a s e d  by add ing  whi te  n o i s e  t o  t h e  h i g h  f requency reg ions .  

For l a r g e r  frame l e n g t h s  i t  is p o s s i b l e  t o  have no b i t s  a ss igned  

t o  t r ans form c o e f f i c i e n t s  i n  the  mid band reg ions .  Burb l ing  and 

s l u r r i n g  o f  t h e  speech  is t h e  r e s u l t .  F i l l i n g  dead r e g i o n s  wi th  n o i s e  

a l l e v i a t e s  t h i s  somewhat however, a t  low b i t  r a t e s  t h e r e  a r e  

i n s u f f i c i e n t  b i t s  t o  a s s i g n  t o  a l l  f r e q u e n c i e s .  

Q u a n t i z a t i o n  n o i s e  shap ing  was i n v e s t i g a t e d  by shaping t h e  b a s i s  

spectrum t o  e f f e c t  t h e  b i t  assignment wi thou t  e f f e c t i n g  t h e  s t e p  s i z e  

a d a p t a t i o n .  Noise shaping can be i n t e r p r e t e d  a s  a type  o f  

pre-emphasis because  i t  r e s u l t s  i n  more b i t s  being a s s i g n e d  t o  h igh  

f requency  p o r t i o n s  o f  t h e  spectrum. 

Performance of a d a p t i v e  t ransform coding depends g r e a t l y  on the  

accuracy  of t h e  b a s i s  spectrum e s t i m a t e .  The i n v e s t i g a t i o n  of complex 

s i d e  in format ion  p a r a m e t e r i z a t i o n  schemes is t h e r e f o r  j u s t i f i e d .  

F u r t h e r ,  c a r e f u l  a t t e n t i o n  t o  q u a n t i z a t i o n  of t h e  s i d e  in format ion  is 

d e s i r a b l e .  I n v e s t i g a t i o n  o f  t h e  s i d e  in format ion  s t a t i s t i c s  i n d i c a t e  

t h a t  q u a n t i z a t i o n  o f  t h e  average energy parameter  r e q u i r e s  s p e c i a l  
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a t t e n t i o n .  

Transform coding is among t h e  most complex o f  t h e  speech  coders .  

S i m p l i f y i n g  t rans form coding w i l l  f a c i l i t a t e  r e a l  t ime implementat ion.  

Performance of a d a p t i v e  t r ans form coding is s t r o n g l y  dependent on t h e  

accuracy  o f  t h e  b a s i s  spectrum e s t i m a t e .  There fore ,  s i m p l i f y i n g  t h e  

s p e c t r a l  p a r a m e t e r i z a t i o n  scheme i s  no t  recommended. Shor ten ing  t h e  

a n a l y s i s  frame l e n g t h s  reduces  t h e  complexity o f  t h e  t r ans form b u t  

i n c r e a s e s  t h e  amount o f  s i d e  in format ion .  The s i d e  in format ion  

i n t e r p o l a t i o n  scheme d i s c u s s e d  i n  S e c t i o n  4.2.3 performs wel l .  

Shor ten ing  t h e  a n a l y s i s  frame l e n g t h  from 256 samples t o  16 samples 

r e s u l t s  i n  a d e c l i n e  i n  SNR o f  on ly  1 t o  2 dB. The major d i s t o r t i o n  

p r e s e n t  i n  speech coded wi th  s h o r t e r  frame l e n g t h s  is frame boundary 

d i s c o n t i n u i t i e s .  These can be reduced by windowing, b u t  a g r e a t e r  

p r o p o r t i o n  of b i t s  must be ass igned  t o  windowing when us ing  s h o r t e r  

frame l e n g t h s .  

The performance o f  both  coders  were eva lua ted  over  t h e  f u l l  

0-4000 Hz f requency range.  Many a u t h o r s  e v a l u a t e  t h e i r  c o d e r s  over  

t h e  more r e s t r i c t e d  300-3200 Hz f requency range.  SNR performance 

f i g u r e s  must be i n t e r p r e t e d  accord ing ly .  Performance t e s t s  a l s o  

i n d i c a t e  t h a t  a 2 dB SNR improvement can be expected i f  two more 

r e f l e c t i o n  c o e f f i e n t s  a r e  t r ansmi ted  t o  t h e  r e c e i v e r .  

Adaptive t r ans form coding i s  a promising t echn ique  f o r  speech 

coding a t  low t o  medium b i t  r a t e s .  There remains however, much more 

work t o  be done i n  t h i s  f i e l d .  The e f f e c t  o f  channel  e r r o r s  was no t  

cons idered  i n  t h i s  t h e s i s .  Th i s  is ano ther  t o p i c  which could be 

i n v e s t i g a t e d .  The optimum q u a n t i z a t i o n  s t r a t e g y  f o r  s i d e  in format ion ,  

whether a l l - p o l e  o r  homomorphic, has  no t  been formulated i n  an 
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a d a p t i v e  t r ans form coding c o n t e x t .  Other  forms of  s h o r t  term spectrum 

p a r a m e t e r i z a t i o n  a r e  a l s o  worthy o f  s tudy.  

I n  conc lus ion ,  f u t u r e  speech d i g i t i z a t i o n  developments can  no t  

a f f o r d  t o  i g n o r e  t h e  s u c c e s s e s  o f  a d a p t i v e  t r ans form coding 

t echn iques .  Desp i te  complexi ty ,  t r ans form coding demons t ra tes  t h a t  

good q u a l i t y  speech is p o s s i b l e  a t  d a t a  r a t e s  between 8-16 kb/sec .  

Thus a d a t a p t i v e  t ransform coding is l i k e l y  t o  become t h e  speech 

s t a n d a r d  by which o t h e r s  a r e  compared a t  these  r a t e s .  



REFERENCES 

1 . J. L. Flanagan e t  a 1  , "Speech Coding" IEEE Trans. Commun. COM-27, 
/ 

pp. 71 0-736, A p r i l  1979. 

2. J.J. Huang, P.M. Schul the i ss , "Block  Q u a n t i z a t i o n  of  Co r r e l a t ed  Gaussian 

Random V a r i a b l e s M , l ~ ~ E  Trans. Commun. S y s t .  CS-11, pp. 289-296,Sept. 1963 

3. A. Sega l1 , "Bi t  A l loca t i on  and Encoding f o r  Vector Sources" IEEE Trans .  

Inform. Theory IT-22, pp. 162-1 68, March 1976 

4. R. Z e l i n s k i  and P. Nol1,"Adaptive Transform Coding of  Speech 

S i g n a l s "  IEEE Trans.  Acoust.,  Speech, S igna l  Process ing ,  ASSP-25, 

pp* 299-309, Aug. 1977 

5. R. Z e l i n s k i  and P. Nol1,"Adaptive Transform Speech Coding a t  

Low B i t  Rates" IEEE Trans. Acoust. ,  Speech, S igna l  P roce s s ing ,  ASSP-27, 

pp. 89-95, Feb 1979 

6. J. M. T r i b o l e t  and R.E. Crochiere,"Frequency Domain Coding of  

Speech", IEEE Trans.  Acoust.,  Speech, S igna l  Process ing ,  ASSP-27, 

pp. 512-530 Oct. 1979 

7. R.E. Crochiere  and J.M. T r i b o l e t ,  "Frequency Domain Techniques f o r  

Speech Coding" J. Accoust. Soc. Am. ~ o l - 6 6  pp. 1642-1646, Dec 1979 

8. R. Cox and R.E. Crochiere,l1Real-Time S imula t ion  of  Adaptive 

Transform Coding" IEEE Trans. Acoust.,  Speech, S igna l  Process ing ,  ASSP-27: 

pp* 147-1 54 

9. A . J .  Goldberg, L. Cose l l ,  S. Kwon, L. Bergeron, and R. Cheung. 

"9600 BPS Speech Opt imizat ion Study" GTE Sylvan ia ,  I nc . ,  Needham Heigh ts ,  

MA. Communications Systems Div. Sep t .  1980 



10. J. Max,"Quantizing f o r  Minimal D i s t o r t i o n "  IRE Trans.  Inform. Theory 

vo l .  IT-6, pp. 7-1 2 ,  March 1960. 

1 1 . K. Sam Shanmugam, "Comments on "D i sc r e t e  Cosine Transform"", 

IEEE Trans.  Comput., Vol C-24, p. 759 J u l y  1975 

12. N. Ahmed, T. Na ta ra jan  and K. R. Rao,"Discrete Cosine Transform", 

IEEE Trans.  Comput. C-23 pp January 1 974 

13. W. Chien, C. Harr ison Smith,  and S. C. F r a l i c k  "A F a s t  

Computational Algorithm f o r  t h e  D i s c r e t e  Cosine Transform" 

IEEE Trans. Commun. COM-25 pp. 1004-1009, Sept .  1977 

14. M . J .  Narasimha and Al len  M. Pe t e r son  "On t h e  computation of 

t h e  D i s c r e t e  Cosine Transform" IEEE Trans.  Commun. COM-26 pp. 934-936 

June 1978 

15. R.M. Hara l ick  "A S torage  E f f i c i e n t  Way t o  Implement t he  D i s c r e t e  

Cosine ~ r a n s f o r m "  IEEE Trans. Comput., C-25 pp.764-765, J u l y  1976 

16. D. Sloan,"Adaptive Transform Coding of  Speech" INRS Tec. Report  

No. 79-05, J u l y  1979 

17. R. Viswanathan, J. Makhoul " Q u a n t i z a t i o n  P r o p e r t i e s  of  Transmiss ion 

Parameters  i n  Linear  P r e d i c t i v e  Systems "IEEE Trans. Acoust. ,  Speech 

and S igna l  Process . ,  ASSAP-23, pp 309-321, June 1975 




