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Electrical Engineering 

ABSTRACT 

M. Eng. 

ADAPTIVE TRANSFORM CODING OF SPEECH 

by 

David G. Sloan 

This thesis investigates adaptive discrete transform coding 

of speech signals. The thesis addresses the problem of adaptive 

quantization of the transform coefficients. An all-pole estimate 

of the signal energy spectrum results in a quantization strategy 

which outperforms previously reported techniques. Additional 

perceptual improvements are obtained by pre-emphasizing the input 

signal to better reproduce high frequency formants and by 

windowing the input to reduce block boundary discontinuities. 

Results from computer simulations of this coding technique are 

presented. At 16 kb/sec the proposed scheme yields high quality 

speech. At the rate of 9.6 kb/sec, the coded speech is completely 

intelligible but contains a slight warbling sound. 



CODAGE ADAPTIF DE LA VOIX PAR TRANSFO~E 

Par 

David G. Sloan 

Cette thSse traite du codage adaptif des signaux de parole et 

utilise une m6thode de transform6es discrztes. La thSse 6tudie le 

problsme de la quantification adaptive des coefficients de la trans- 

form6e. Un modZle autor6gressif du spectre d16nergie du signal permet 

d161aborer une strat6gie de quantification qui surpasse les techniques 

d6crites jusqu'alors. On obtient une amglioration perceptuelle 

additionnelle en pr6-accentuant le signal d1entr6e, ce qui permet une 

reproduction plus fidBle des formants hautes frGquences, et en effectuant 

une pondgration du signal d1entr6e pour r6duire les discontinuit6s entre 

les frontisres des blocs. On pr6sente les r6sultats de cette technique 

de codage, obtenus par simulation sur ordinateur. La m6thode propos6e 

fournit un signal vocal de haute qualit6 pour un taux de transmission de 

16 kb/sec. Au taux de transmission de 9.6 kb/sec, le signal de parole 

cod6 est totalement intelligible mais pr6sente une l6gSre sonorits 

gazouillante. 
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Introduction 

In recent years increasing emphasis has been placed on the digital 

encoding of analogue signals. In this study, we examine one strategy 

for the efficient digital encoding of speech signals. Efficiency, in 

this context, denotes striving for high quality signal reproduction at 

low transmission rates. Our objective is to optimize the parameters of 

the coding scheme to achieve the best speech quality for a given 

transmission rate. 

Transmission rate and coder design determine the fidelity of the signal 

reproduced at the receiver. Increasing the transmission rate improves 

the accuracy of the signal representation and thus implies a higher 

fidelity received signal. Alternatively, for a fixed transmission rate, 

improved fidelity can be obtained by using a coding scheme which removes 

signal redundancies before transmission. The coding efficiency is 

sustained by transmitting only the important signal attributes. 

To achieve high fidelity at low transmission rates, it is often necessary 

to increase the complexity of the coder so it can better exploit the 

signal characteristics. Greater complexity usually implies higher cost. 

Consequently, for a given fidelity requirement, there are tradeoffs 

between coder complexity, transmission rate, and cost. 

The goal of decreasing communication costs has motivated the current 

interest in digital transmission. Advances in digital circuit technology 

have been accompanied by dramatically decreasing costs. Large scale 



integration techniques are applicable to the development of coders. 

Thus the investigation of even relatively complex coding schemes may give 

rise to practical and economic coders in the future. 

The transmission of signals in a digital format has several advantages. 

A digital format facilitates signal transformation and digital signals 

can be received and retransmitted without loss of signal quality. In 

addition, some communication networks (notably the telephone network) are 

moving toward digital switching and control of signals in the network. 

Digital encoding is also useful in several special applications. One 

is communication security (e.g. in police and military systems). The 

digital format allows for easy encryption of secure messages. Another 

application is to the reduction of storage requirements in message 

store-and-forward systems, in which voice messages are stored digitally 

for later retrieval. As the size of the system (number of users, number 

of messages) grows, memory demands increase. Coding before storage 

reduces memory requirements. 

Traditionally, speech coders have been divided into two distinct 

families: waveforms coders and vocoders (a concatenation of the words 

voice coders). Waveform coders try to approximate the input waveform. - 

They are generally designed without reference to a specific speech 

generation model. For speech inputs, waveform coders tend to be robust, 

in the sense that there is little degradation in performance due to 

varying speaker characteristics and background noise. Waveform coders 

can operate in either the time or frequency domain. The PCM family [ I ]  



exempl i f ies  t ime domain waveform coding. Sub-band coding [ 2 ]  i s  an  

example of f requency domain waveform coding. 

Vocoders, on t h e  o t h e r  hand, a t tempt  t o  model speech production. They 

parameter ize  t h e  s i g n a l  accord ing  t o  t h i s  model and t r ansmi t  only t h e  

parameters.  I n  gene ra l ,  vocoder performance i s  more s e n s i t i v e  t o  speaker  

v a r i a t i o n s  and background noise .  I n  a d d i t i o n ,  t h e  decoded speech o f t e n  

has  a unna tu ra l  o r  s y n t h e t i c  q u a l i t y .  Vocoders, however, can t ransmi t  

i n t e l l i g i b l e  speech a t  a much sma l l e r  t ransmiss ion  r a t e  than  can be 

achieved wi th  waveform coding. Linear  p r e d i c t i v e  coding [ 3 ]  i s  an  

example of a t ime domain vocoder. It models t h e  v o c a l  t r a c t  a s  a t ime 

varying l i n e a r  f i l t e r  e x c i t e d  by e i t h e r  a p e r i o d i c  source  ( f o r  voiced 

sounds) o r  a n o i s e  sou rce  ( f o r  f r i c a t i v e s  and unvoiced s tops ) .  The model 

r e q u i r e s  t h a t  phys i ca l  a t t r i b u t e s  such a s  p i t c h  and voiced/unvoiced 

dec i s ions  be e x t r a c t e d  from t h e  s i g n a l .  The formant vocoder i s  an  

example of a frequency domain vocoder. It t r a n s m i t s  speech sounds by 

sending formant f r equenc i e s  and bandwidths. 

The approach taken  i n  t h i s  s t udy  l i es  between pure waveform coding and 

pure vocoding. The coding scheme, known a s  t ransform coding, encodes a 

t ransformat ion  of t h e  speech s igna l .  The a d a p t i v e  form of t h e  scheme 

inc ludes  some speech-spec i f ic  modelling t o  ach i eve  b e t t e r  performance. 

The purpose of t h i s  i n v e s t i g a t i o n  i s  t o  examine va r ious  t ransform coding 

s t r a t e g i e s  f o r  speech communication. Our s t a r t i n g  po in t  i s  a technique 

r e c e n t l y  r epo r t ed  by Z e l i n s k i  and No11 [ 4 ] .  We examine t h e i r  b a s i c  

scheme wi th  t h e  aim of i nc reas ing  t h e  q u a l i t y  of coded speech a t  low b i t  



rates. We consider a single transformation, the discrete cosine 

transform, and concentrate on improving quantization techniques. 

Transmission issues such as channel errors are not considered. 

This study addresses the problem of adaptive quantization of the 

transform coefficients. In adaptive quantization schemes extra 

information, termed side information, must be communicated to the 

receiver for proper signal reconstruction. A side information strategy 

which represents the spectral envelope by an all-pole model outperforms 

previously reported techniques. Additional perceptual improvements are 

obtained by pre-emphasizing the input signal to better reproduce high 

frequency formants and by windowing the input to reduce block boundary 

discontinuities. At 16 kblsec this coding scheme yields high quality 

speech. At 9.6 kb/sec, the coder speechia com~letel~intelligible but 

contains a slight warbling sound. 

Early work in transform coding was done by Campanella and Robinson [5], 

who compared the performance of several transformations for speech 

coding. Wintz [6] considered transform coding for pictures by 

investigating the choice of transformation and quantization strategy. 

Recently, several papers have appeared on transform coding of speech [7], 

[8]. There is a review in [9] of a variety of speech coding techniques, 

including transform coding, and a comparison of waveform coders and 

vocoders. 

This report is organized into five chapters. Following the introduction, 

two chapters deal with the theory of transform coding. Chapter I1 

describes the basic structure of a transform coder and discusses the 



choice of t ransform and vec tor  quant iza t ion .  Chapter I11 d e a l s  more 

s p e c i f i c a l l y  with i s s u e s  i n  adap t ive  t ransform coding. The f o u r t h  

chapter  desc r ibes  a computer s imula t ion  of adapt ive  t ransform coding and 

g ives  t h e  r e s u l t s  of t h e  s imulat ion.  Chapter V l ists t h e  conclusions of 

t h e  study. 



Theory of Transform Coding 

In this section we discuss the fundamentals of transform coding (TC). 

After describing the basic structure of a transform coder, we motivate 

the choice of the discrete cosine transform (DCT) and present a vector 

quantization strategy. 

2.1 Basic Structure 

The basic structure of a transform coder is shown in Figure 2.1. At the 

transmitter an analogue signal is digitized by sampling above its Nyquist 

rate. The input signal is assumed bandlimited to a frequency range 

[O, Fmax], so that sampling at or above the Nyquist rate, 2 Fmax, 

is a lossless operation. The samples are buffered and grouped into 

blocks of length N. Denote one such block by &. The vector - X is 

transformed into a new vector - Y, also of length N. The transformation is 

linear, and can be represented by the matrix equation 

A A 

A quantizer Q operates on - Y yielding - Y. The quantized vector Y is then 

transmitted across the channel to the receiver. 

A 

At the receiver the original signal is reconstituted. As a first step - Y 
A 

is inverse transformed to give X as an approximation to X. The samples 
A 

in g are then buffered and passed through a D/A converter to regenerate 

an analogue signal. 
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We proceed t o  spec i fy  the  t ransformation and the quant izer .  

2.2 Orthogonal Transformation 

The t ransformations of i n t e r e s t  a r e  orthogonal transformations;. t h a t  is ,  

i f  A i s  the  ma t r ix  represent ing  the t ransformation.  

where supe r sc r ip t  t s i g n i f i e s  complex conjugate t ranspose.  Such 

t ransformat ions  a r e  important f o r  d i g i t a l  s igna l  processing i n  general 

[ l o ] .  For coding t h e i r  u t i l i t y  i s  two-fold. 

F i r s t ,  from a s t a t i s t i c a l  viewpoint, 'LC can decor re l a t e  the  input  

samples; t h a t  i s ,  the  transform c o e f f i c i e n t s  e x h i b i t  l e s s  c o r r e l a t i o n  

t h a t  t he  o r i g i n a l  data .  Decorrelat ion f a c i l i t i e s  e f f i c i e n t  quant iza t ion  

i n  the t ransf  orm domain. 

Second, TC can be advantageous i n  exp lo i t ing  perceptual  knowledge. It i s  

o f t e n  the  case t h a t  t he  transform c o e f f i c i e n t s  have a frequency domain 

i n t e r p r e t a t i o n .  In the  case of speech s i g n a l s ,  much of t h e  cur rent  

perceptual  theory i s  based on frequency domain parameters (formants,  

p i t c h ,  e t c ) .  TC can f a c i l i t a t e  the  understanding and the e l iminat ion  

of perceptual  d i s t o r t i o n s  r e s u l t i n g  from coding. 



2.2.1 Karhunen-Lohe Transformation 

An example of an orthogonal t ransformation is t h e  Karhunen-Lohe 

t ransformat ion  (KLT). The KLT i s  a da ta  dependent t ransformation whose 

b a s i s  vec to r s  a r e  the eigenvectors  of t he  au tocor re l a t ion  matr ix RX - 
of the  - X process.  The KLT diagonal izes  the  au tocor re l a t ion  mat r ix  of t he  

transformed vec to r  - Y. Thus the  components of - Y a r e  uncorrelated.  

The KLT i s  "optimal" i n  a mean square e r r o r  (MSE) sense. We d ig res s  

b r i e f l y  t o  expla in  why MSE i s  an appropr ia te  d i s t o r t i o n  measure f o r  

speech coding. 

Minimizing MSE i s  equiva lent  t o  maximizing the  signal-to-noise r a t i o  

(SNR)l. SNR can be used t o  rank the  performance of coders. In 

p a r t i c u l a r ,  modif ica t ions  t o  a coding scheme which increase  SNR usua l ly  

imply b e t t e r  perceived qua l i ty .  For speech s i g n a l s  maximization of SNR 

on a block by block b a s i s  (known a s  segmental or block SNR) i s  known t o  

be a good ob jec t ive  c o r r e l a t e  of s u b j e c t i v e  preference [ l l ] ,  [12].  The 

SNR measure a l s o  makes the  mathematical a n a l y s i s  more t r ac t ab le .  

The KLT i s  optimal i n  the  sense of approximating Y bydiscard ing  some of - 
i t s  components; t h a t  i s ,  approximating 2 by some - Y'  i n  a lower 

dimensional space. It can be shown t h a t  t h e  MSE i n  represent ing  11 by Y' 

( i n  place of - Y) i s  simply the '  sum of the  var iances  of t he  discarded 

1 SNR i s  defined a s  the  r a t i o  of s i g n a l  energy t o  the energy i n  the 

d i f f e rence  s igna l  be tween the  o r i g i n a l  and the  coded waveforms . 



t ransform c o e f f i c i e n t s .  Therefore,  i f  only the  lowest var iance  

c o e f f i c i e n t s  a r e  thrown away, the  approximation i s  the  bes t  ( f o r  f ixed  

dimension of t h e  approximation) i n  a MSE sense. 

The KLT has two disadvantages. F i r s t ,  t he  transform depends on RX, - 
This i s  undes i rab le  because we may not  know RX a p r i o r i  and even i f  - 
we approximate Rx by a long term average, t h e  s i g n a l  may be - 
non-stationary. In the  l a t t e r  case the  t ransformation changes with time. 

This  br ings  up the  second disadvantage. The KLT i s  computationally 

burdensome. Its c a l c u l a t i o n  r equ i re s  o ( N ~ )  opera t ions l .  

Furthermore, numerical so lu t ion  of eigenvector  problems i s  d i f f i c u l t  i n  

t h e  sense t h a t  t he  so lu t ions  can become unstable.  Thus we a r e  motivated 

t o  look f o r  a l t e r n a t i v e s  t o  the  KLT. 

2.2.2 Di sc re t e  Cosine Transformation 

One a l t e r n a t i v e  t o  the  KLT is  the  d i s c r e t e  cosine t ransformation (DCT). 

The DCT approximates the  KLT and is e a s i e r  t o  implement. The DCT is  

defined a s  

O(.) i s  a measure of t h e  complexity of algori thms,  

O(N2) i n d i c a t e s  complexity inc reas ing  a s  t h e  square of N. 



where 

c ( k )  = 1 1 f i  k = O  

= 1 k  = 1 , 2 ,  .. . , N - 1  

Eq. ( 2 . 1 )  t h e  x ( n ) ,  n=O, l , .  .., N-1 a r e  t h e  N components of - X and Y(k) ,  

k=O,l,. . . ,N-1, t h e  N components of Y.  The i n v e r s e  DCT (IDCT) i s  given - 

The DCT converges  i n  mean-square t o  t h e  KLT i n  t h e  l i m i t  of l a r g e  block 

l e n g t h  N f o r  a  f i r s t  o r d e r  s t a t i o n a r y  Markov a u t o c o r r e l a t i o n  m a t r i x  [ 1 3 ] .  

One s t u d y  [ 4 ]  h a s  examined s e v e r a l  c a n d i d a t e  t r a n s f o r m a t i o n s  f o r  use  i n  

t r a n s f o r m  coding of s p e e c h  and concluded t h a t  ' t h e  DCT approx imates  w e l l  

t h e  KLT's performance.  

To f u r t h e r  j u s t i f y  t h e  c h o i c e  of t h e  sub-optimal DCT we appea l  t o  

p r a c t i c a l  c o n s i d e r a t i o n s .  From ( 2 . 1 )  i t  i s  obv ious  t h a t  t h e  

form of t h e  DCT i s  independen t  of t h e  s i g n a l  s t a t i s t i c s .  Fur the rmors ,  

f a s t  a l g o r i t h m s  e x i s t  f o r  b0t.h DCT and IDCT ( 0(Nlog2K) o p e r a t i o n s  

when c a l c u l a t e d  u s i n g  a f a s t  F o u r i e r  t r a n s f o r m  (FFT) a l g o r i t h m ) .  

Appendix A p r e s e n t s a n i n - p l a c e  v e r s i o n  of t h i s  t e c h n i q u e ;  " in -p lace"  

d e s i g n a t i n g  a  p rocedure  whereby t h e  components of 5 a r e  r e p l a c e d  by t h o s e  

of  - Y w i t h .  minimal a w r i l i a r y  s t o r a g e .  

Another advan tage  of t h e  DCT i s  t h a t  i t  h a s  a  f r equency  domain 

i n t e r p r e t a t i o n  analogous  t o  t h a t  of t h e  d i s c r e t e  F o u r i e r  t r ans fo rm (DFT). 

The a n a l y s i s  is from [7]. D e f i n e  



Consider the 2N po in t  DFT of u(n)  

Comparing eq. (2.2) with eq. (2.1) Y(k) can be expressed as 

Y (k) = ~ e . 1 2 ~  (k) exp [- j  IT / 2N] U (k) 1 
N 

= & U (k) I cos [Arg{U (k) 1-k~/2N] 
N 

It follows t h a t  t h e  envelope of t he  DCT spectrum is t h a t  of the DFT 

modulated by the  term cos [Arg{U(k) ] - ~ I T / ~ N ]  . Moreover, t he  DCT 

i s  bounded by the  DFT envelope. Thus t he  DCT w i l l  contain the same 

perceptual  information a s  the  DFT spectrum (e.g. formant s t r u c t u r e ,  

p i t c h  s t r i a t i o n s ) .  



We have presented the DCT a s  a  good choice f o r  the transform i n  TC. We 

nex t  examine the problem of e f f i c i e n t  t ransmiss ion  of t h e  DCT 

c o e f f i c i e n t s .  

2 . 3  Quantizat ion of Vector Sources 

Quan t i za t ion  i s  defined a s  the  process of represent ing  a  continuous, 

poss ib ly  i n f i n i t e  range of values by elements i n  a  f i n i t e  s e t .  If 

t h e  number of values i n  the  s e t  ( u s u a l l y  r e f e r r e d  t o  the number of 

quan t i ze r  l e v e l s )  i s  l e s s  than 2m we can r ep resen t  t h e  v a r i a b l e  by a n  

m b i t  word. A s  a  consequence of t h i s  r ep resen ta t ion  we incur  a  

d i s t o r t i o n  known as  quant iza t ion  e r r o r .  It i s  reasonable t o  r e q u i r e  

minimum d i s t o r t i o n  f o r  a  f ixed  number of quant izer  l eve l s .  

Quant iza t ion  of vector  sources (b lock  quan t i za t ion )  i s  an extens ion  of 

t h e  s i n g l e  v a r i a b l e  case. A vec to r  of v a r i a b l e s  i s  t o  be s u i t a b l y  

represented  by a  vector  i n  some f i n i t e  s e t .  The design of such 

quan t i ze r s  is  g r e a t l y  s impl i f i ed  i f  t he  component va r i ab le s  can be 

quantized independently without increased  d i s t o r t i o n .  The fol lowing 

r ep resen t s  such a quant iza t ion  scheme f o r  j o i n t l y  Gausssian random 

va r i ab le s '  ( i n  vec tor  form) where t h e  d i s t o r t i o n  measure i s  MSE. The 

r e s u l t s  a r e  drawn from [14] ,  [ IS] .  

\ 

When the  v a r i a b l e s  a r e  Gaussian, t h e  s t a t i s t i c a l  independence requi red  

among the  vec tor  components reduces t o  the  requirement t h a t  t he  

components be uncorrelated.  Corre la ted  random v a r i a b l e s  can be  

transformed t o  uncorrelated ones by t h e  KLT. KLT decor re l a t ion  of the  



vec to r  components allows each s i n g l e  v a r i a b l e  quant izer  t o  be designed 

independent ly [15] .  It only remains t o  f i n d  the  minimum MSE s i n g l e  

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

The problem of designing minimum MSE quan t i ze r s  was solved independent ly 

by Lloyd and Max [16] ,  [17].  Lloyd-Max quan t i ze r s  a r e  i n  genera l  

non-uniform, i .e .  t h e  quant izer  output l e v e l s  a r e  not  uniformly spaced. 

Moreover, t h e  des ign  of such quan t i ze r s  u sua l ly  involves i t e r a t i v e  

techniques  t o  so lve  the  equat ions r e s u l t i n g  from the  minimum MSE 

formulat ion.  

F igure  2.2 i l l u s t r a t e s  t h e  optimal quan t i za t ion  scheme. The ma t r ix  G 

r e p r e s e n t s  t h e  KLT and H i t s  inverse.  S ince  G is  orthogonal,  H = Gt. 

The quan t i ze r  Q c o n s i s t s  of a  s epa ra t e  Lloyd-Max quan t i ze r s  f o r  each 

t ransform c o e f f i c i e n t .  For reasons s t a t e d  previously t h e  DCT can r ep lace  

t h e  KLT wi th  only a  small  l o s s  i n  performance. 

With t h e  quant izer  s t r u c t u r e  s p e c i f i e d ,  t h e  one i s sue  t h a t  remains i s  t h e  

assignment of t h e  number of quant izer  l e v e l s  t o  each c o e f f i c i e n t s .  This  

problem, termed b i t  assignment,  i s  cons t ra ined  by t h e  t o t a l  number of 

b i t s  per block B. A f r a c t i o n  of B b i t s  is a l l o c a t e d  t o  each c o e f f i c i e n t  

s o  a s  t o  minimize MSE. 

Given a  b i t  r a t e  r ,  a  sampling frequency f s ,  and a  block s i z e  N, t h e  

number of b i t s  per block is 



Figure 2.2 Optimal quantization scheme 
(G represents KLT transformation). 



The parameter r s p e c i f i e s  t h e  d a t a  r a t e  over t h e  t r a n s m i s s i o n  channel .  

T h i s  i s  t h e  p h y s i c a l  c o n s t r a i n t  which determines  B. 

The s o l u t i o n  t o  t h e  b i t  ass ignment  problem is from [15]. Le t  ( u j y b e  t h e  

v a r i a n c e  of t h e  i - t h  t r a n s f o r m  c o e f f i c i e n t s  and l e t  bi b e  t h e  ( r e a l  

v a l u e d )  number of b i t s  a s s i g n e d  t o  i. Then 

bi = B I N  + 4 l o g  2 

Reference [I51 a l s o  g i v e s  an  opt imal  b i t  assignment t e c h n i q u e  when bi 

a r e  c o n s t r a i n e d  t o  be i n t e g e r s .  Let  D ( j )  be t h e  MSE r e s u l t i n g  from t h e  

q u a n t i z a t i o n  of a (Gaussian d i s t r i b u t e d )  c o e f f i c i e n t  w i t h  a j b i t  

Lloyd-Max q u a n t i z e r .  The v a l u e s  D( j) a r e  t a b u l a t e d  i n  [16] .  The 

techn ique  is  t o  c a l c u l a t e  t h e  marginal  r e t u r n s ,  

a r r a n g e  Pij i n  d e c r e a s i n g  order,and a s s i g n  b i t s  one by one i n  t h e  

s o r t e d  order .  In t h i s  manner t h e  g l o b a l  minimum MSE i s  achieved.  

The development above r e q u i r e d  t h a t  t h e  q u a n t i z e r  i n p u t  be Gaussian. In  

t h e  case  of p r e s e n t  i n t e r e s t ,  when t h e  q u a n t i z e r  i n p u t  c o n s i s t s  of t h e  

DCT c o e f f i c i e n t s  of a  speech  segment, t h e  e x a c t  form of t h e  m u l t i v a r i a t e  

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 s  i s  no t  known. For speech and 

o t h e r  s igna l s ,un imoda l  d i s t r i b u t i o n s  a r e  common and we do n o t  a n t i c i p a t e  



t h e  t ransformat ion  t o  a l t e r  t h e  d i s t r i b u t i o n  d r a s t i c a l l y .  Hence we 

expect  t h e  quan t i za t ion  scheme developed here  t o  r e s u l t  i n  improvements 

over s i n g l e  v a r i a b l e  quan t i za t ion  even when the  d i s t r i b u t i o n s  involved 

a r e  not  Gaussian. 



Adaptive Transform Coding 

Adaptive t ransform coding (ATC) i s  the  name f o r  a  c l a s s  of modified TC 

schemes. The goal  of ATC i s  t o  improve on the  b a s i c  TC method. 

F i r s t  consider  a  f i x e d  scheme. The b a s i c  TC approach of Chapter I1 has 

been examined f o r  speech s i g n a l s  [ 4 ] .  Coef f i c i en t  s t a t i s t i c s  es t imated  

from long u t t e r a n c e s  a r e  used t o  design a  s e t  of quan t i ze r s .  The 

quan t i ze r s  a r e  non-adaptive i n  t h a t  they  a r e  f i x e d  i r r e s p e c t i v e  of 

changes i n  t he  input  s igna l .  This approach g ives  u n s a t i s f a c t o r y  r e s u l t s .  

One problem is  t h a t  speech sounds vary g r e a t l y  from quas i -per iod ic  

(vowels) t o  no ise- l ike  ( f r i c a t i v e s ) .  Thus speech i s  no t  a  s t a t i o n a r y  

process  and a  f i x e d  q u a n t i z a t i o n  scheme based on t h e  s t a t i o n a r i t y  

assumption y i e l d s  poor p&rformance. A second d i f f i c u l t y  i s  t h a t  a  f ixed  

des ign  optimized f o r  a  s i n g l e  speaker may be i napp rop r i a t e  f o r  a 

d i f f e r e n t  speaker.  ATC i s  a  dynamic s t r a t e g y  t o  extend the  usefulness  of 

The a d a p t i v i t y  i n  ATC r e f e r s  t o  a d j u s t i n g  the  parameters  of the  coder t o  

s u i t  changing s i g n a l  c h a r a c t e r i s t i c s .  In TC, i f  we assume the  transform 

i s  not  a l t e r e d ,  t h e  only f l e x i b i l i t y  rests i n  t he  quan t i za t i on  s t r a t egy .  

I d e a l l y ,  w e  want a  scheme t h a t  can adapt t o  t hose  changes and, a t  t h e  

same t i m e ,  can be descr ibed  by few parameters.  

The l a t t e r  i s  necessary  because the  dynamics of t h e  scheme must be 

communicated t o  t he  r ece ive r  f o r  proper s i g n a l  recons t ruc t ion .  This  

a d d i t i o n a l  information t h a t  must be t r ansmi t t ed  is termed " s ide  

information".  



Consider an adapt ive  quan t i za t ion  approach based on the  transform 

c o e f f i c i e n t  var iances .  We have a l ready  seen i n  eq. ( 2 . 3 )  t h a t  t h e  b i t  

assignment depends on the  d i s t r i b u t i o n  of t hese  var iances .  Furthermore, 

f o r  a given form of p r o b a b i l i t y  dens i ty  func t ion  the  Lloyd-Max quant izer  

i s  determined s o l e l y  by t h e  var iance  of t h e  d i s t r i b u t i o n .  Thus we can 

des ign  u n i t  var iance  quan t i ze r s  corresponding t o  d i f f e r e n t  numbers of 

l e v e l s  and simply s c a l e  t he  quant izers  by t h e  s tandard  dev ia t ion  of t h e  

va r i ab l e .  Equiva len t ly ,  we may s c a l e  t he  v a r i a b l e  t o  u n i t  var iance,  

quant ize  and r e s c a l e  t h e  quantized va r i ab l e .  To keep pace with changing 

s i g n a l  p r o p e r t i e s  we update the  scheme on a block by block bas is .  We 

need, t h e r e f o r e ,  an es t imate  of t h e  c o e f f i c i e n t  var iances  which r e f l e c t s  

t h e  s i g n a l  dynamics. 

3 . 1  Basis Spectrum ~ s t i m a t i o n  

Ze l in sk i  and No11 [ 4 ]  have coined the term "bas i s  spectrum" f o r  the  

d i s t r i b u t i o n  of t he  t ransform c o e f f i c i e n t  var iances .  The problem is  

f i r s t  t o  es t imate  t he  b a s i s  spectrum and then t o  t ransmi t  it e f f i c i e n t l y  

t o  t he  r ece ive r  a s  s i d e  information. Their  technique is described below. 

3 .1 .1  Smoothing Technique 

Themethod of Z e l i n s k i  and N o l l i s  a smoot-hing technique. It a t tempts  $0 

t ake  advantage of t h e  s i m i l a r i t y  of ad j acen t  t ransform coe f f i c i en t s .  

With r e f e rence  t o  F igure  3 .1 ,  a crude va r i ance  e s t ima te  i s  generated by 

squar ing  the  DCT c o e f f i c i e n t s  of a s p e c i f i c  block. The number of squared 



Figure 3.1 (a) DCT spectrum, (b) support values, 
(c) basis spectrum estimate. 



v a l u e s i s r e d u c e d  by averaging over  ad j acen t  va lues .  By t h e  averaging 

ope ra t ion  i t  is hoped t h a t  t h e  remaining va lues ,  c a l l e d  suppor t  va lues ,  

w i l l  be  b e t t e r  es t imates  of t h e i r  r e s p e c t i v e  c o e f f i c i e n t  var iances .  This  

method, t he re fo re ,  assumes a c e r t a i n  smoothness i n  t h e  b a s i s  spectrum of 

t h e  s i g n a l s  under cons idera t ion .  The support  va lues  comprise t h e  s i d e  

information which i s  then  s e n t  t o  t h e  r e c e i v e r .  A t  t h e  r e c e i v e r  t h e  

remaining b a s i s  spectrum va lues  a r e  ca l cu la t ed  by l i n e a r l y  i n t e r p o l a t i n g  

between t h e  logari thm of t h e  suppor t  va lues .  I n t e r p o l a t i o n  between t h e  

logari thms of t h e  va lues  r e s u l t s  i n  a smoother b a s i s  spectrum e s t i m a t e  

than using t h e  support  va lues  d i r e c t l y .  

3.1.2 All-Pole Model Technique 

We propose on a l t e r n a t i v e  technique f o r  b a s i s  spectrum es t ima t ion  which 

involves modelling t h e  b a s i s  spectrum by an  a l l -po le  model. This  type  

of s p e c t r a l  modelling i s  w e l l  known i n  l i n e a r  p r e d i c t i v e  coding (LPC). A 

spectrum i s  approximated a s  

h 

where (oil2 is  an e s t ima te  of t h e  va r i ance  of t h e  i - t h  c o e f f i c i e n t ,  P 

is  a polynomial of order  M, and w i s  t h e  normalized r ad ian  frequency 
i 

corresponding t o  c o e f f i c i e n t  i. 



The polynomial order i s  s e l e c t e d  according t o  the  number of peaks 

(formants)  expected in  the  spectrum. The c o e f f i c i e n t s  of the  polynomial 

a r e  chosen so t h a t  t he  MSE between the  model and the  given spectrum i s  

minimized. 

The a l l -po le  model of t he  spectrum has been found t o  be a good 

r e p r e s e n t a t i o n  f o r  the s p e c t r a l  envelope o f , s p e e c h  sounds. Complex pole 

p a i r s  g ive  r i s e  t o  peaks i n  the  spectrum which correspond t o  formants i n  

speech sounds. LPC based on the a l l -po le  model is  a v i a b l e  coding scheme 

i n  i t s  own r i g h t .  Markel and Gray i n  [18]  d iscuss  l i n e a r  p red ic t ive  

coding of speech and give e f f i c i e n t  algori thms f o r  the  computation of the  

b e s t  f i t  polynomial (Levinson's r ecu r s ion ) .  

The procedure f o r  using the a l l -pole  model i n  A T C ~  i s  a s  follows. 

The DCT c o e f f i c i e n t s  of a block a r e  squared a s  i n  the  smoothing 

technique. This gives a simple but crude es t imate  of t h e  b a s i s  spectrum. 

The es t imate  is inverse ( d i s c r e t e )  Fourier  transformed t o  ob ta in  an 

autocorre la t ion- l ike  funct ion.  The funct ion  i s  then used t o  obta in  the 

b e s t  M-th order polynomial f i t  i n  an MSE sense [18]. The M c o e f f i c i e n t s  

of t he  polynomial then form a compact desc r ip t ion  of t h e  b a s i s  spectrum 

and a r e  t ransmi t ted  a s  s i d e  information t o  the  rece iver .  A p r a c t i c a l  

advantage of t h i s  r ep resen ta t ion  is  t h a t  e f f i c i e n t  methods of quantizing 

t h e  polynomial c o e f f i c i e n t s  have been developed f o r  LPC [19]. 

1 T r i b o l e t  and Crochiere have r e c e n t l y  proposed the same technique [ 81  . 
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Modif ica t ions  t o  the  a l l - p o l e  model technique w i l l  be descr ibed  i n  

Chapter I V .  These modi f ica t ions  w i l l  be introduced t o  combat undes i rab le  

q u a n t i z a t i o n  e f f e c t s .  



IV Coder Simulat ion and Resul t s  

In  t h i s  chapter  we descr ibe  a computer s imula t ion  of ATC coders of t he  

type discussed,  g iv ing  d e t a i l s  of t he  experimental se tup  and the input 

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

4.1 Emer imenta l  S e t u ~  

The experimental i n v e s t i g a t i o n  of coding techniques i s  f a c i l i t a t e d  by 

computer s imula t ion  of t he  coder. The f l e x i b i l i t y  of a software 

implementation permits easy modif icat ion coder parameters and 

exper imenta l  opt imizat ion.  For example, t r a d e o f f s  between complexity and 

performance can thus be thoroughly and inexpensively s tud ied  before 

r e s o r t i n g  t o  a l e s s  f l e x i b l e  hardware design. 

The s imulat ion procedure r equ i re s  th ree  s t eps .  The f i r s t  s t e p  i s  t o  

d i g i t i z e  the  analogue s i g n a l  and p lace  the d i g i t i z e d  s igna l  i n  secondary 

s t o r a g e  (e.g. on a random access device l i k e  a d i sk ) .  The software then 

s imula tes  the  coder a c t i o n  i n  non-real-time, producing output which i s  

again  placed i n  s torage .  The t h i r d  s t e p  regenera tes  t h e  processed 

analogue s igna l  i n  real- t ime from. the  s to red  d i g i t a l  s ignal .  

The s imulat ion procednre out l ined  above is  performed on a PDP-11 145 

mini-computer. A 15 b i t  AID,  D/A converter  combination allows f o r  

real- t ime s i g n a l  a c q u i s i t i o n  and playback under computer control .  The 

f a c i l i t y  o f f e r s  v a r i a b l e  sampling r a t e  as well  a s  analogue processing 

( a m p l i f i e r s ,  analogue f i l t e r s )  on input  and output .  The coder s imulat ion 



runs  i n  approximately 100 t imes real-time. Appendix B gives a l i s t i n g  of 

t h e  FORTRAN programs and subrout ines  r e l evan t  t o  the  simulation. 

A l l  of t h e  coder s imulat ions t o  be described embody two bas ic  

assumptions. The f i r s t  of these  is  t h a t  t h e  t ransmission channel is  

e r r o r - f r e e ;  i n  p r a c t i c e  the output from the  source coder i s  f u r t h e r  

p ro tec t ed  aga ins t  t ransmission e r r o r s  by channel coding. The second 

assumption i s  more c lose ly  r e l a t e d  t o  ATC i n  p a r t i c u l a r .  We assume t h a t  

t h e  problem of coding and quant iz ing  the  s i d e  information can be 

separa ted  from the coding of the  t ransform c o e f f i c i e n t s .  Therefore,  i n  

t h e  s imula t ion ,  t he  s i d e  information i s  not  quantized. We do need, 

however, an es t imate  of t he  e x t r a  b i t  r a t e  requi red  t o  send t h i s  s i d e  

information i f  meaningful comparisons with o ther  coders a r e  des i red .  For 

t h e  smoothing technique, we r e f e r  t o  an es t imate  of t he  s i d e  information 

r a t e  i n  [ 4 ]  and r e s t r i c t  2 kb/sec  of any b i t  r a t e  s t a t e d  t o  be a l l o c a t e d  

t o  s i d e  information transmission. For schemes based on the  a l l -pole  

model, we use the same es t imate .  Linear p r e d i c t i v e  coders,  which use the 

a l l - p o l e  model, can perform reasonably well  a t  2.4 kb/sec. Considering 

t h a t  i n  t h i s  case,  we want t o  code only the  s i d e  information, 2 kb/sec  

seems a generous es t imate  of the  r a t e  needed. We note i n  passing t h a t  

quan t i za t ion  techniques developed f o r  LPC ( r e f l e c t i o n  c o e f f i c i e n t s ,  l og  

a r e a  c o e f f i c i e n t s ,  e tc . )  a r e  d i r e c t l y  app l i cab le  t o  coding the  s i d e  

information f o r  the 'a l l -pole model case. 

The s imulat ion uses speech waveforms a s  input .  The scope of t he  

experiment comprises the  processing of 2 u t t e r a n c e s  each spoken by 3 

speakers  (2  male, 1 female).  The coder r a t e s  considerated a r e  9.6, 12, 



and 16 kblsec .  The input  speech, i n  a l l  cases ,  i s  sampled a t  a r a t e  of 

8000 samples/sec. The samples a r e  then band-pass f i l t e r e d  by an FIR 

( f i n i t e  impulse response) d i g i t a l  f i l t e r .  The pass-band i s  200 Hz t o  

3200 Hz which approximates t he  frequency response of a telephone channel. 

Block s i z e s  of N=128 (16 msec) and N=256 (32 msec) a r e  u t i l i z e d  i n  t h e  

ATC processing.  Addi t iona l ly  t h e  input  s i g n a l s  can undergo 

pre-processing opera t ions  such a s  pre-emphasis and/or windowing. 

4.2 Simulat ion Resu l t s  

The s imula t ion  r e s u l t s  a r e  presented i n  t h r e e  sub-sections.  The f i r s t  

d e a l s  with ATC combined wi th  t h e  smoothing technique of 3.1.1. The 

second dea l s  with ATC i n  connection with t h e  a l l -po le  technique of 3.1.2. 

The t h i r d  sub-section conta ins  a number of modi f ica t ions  t o  and 

ref inements  of t h e  b a s i c  scheme. 

4.2.1 ATC us ing  t h e  Smoothing Technique 

We examine the  performance of ATC by s e v e r a l  means. F i r s t ,  we present  

p l o t s  of waveforms a t  var ious po in t s  i n  t he  coder f o r  a given input  block 

of speech samples. Second, coder performance i s  measured ob jec t ive ly  by 

us ing  segmental SNR a s  a d i s t o r t i o n  measure. Third, t h e  coders a r e  

eva lua ted  sub jec t ive ly  according t o  t he  r e s u l t s  of informal l i s t e n i n g  

t e s t s .  

The input  block of speech samples i s  taken from the middle of an 

u t t e r ance .  It i s  a high energy voiced segment from the  vowel pa r t  of t h e  



word "depth". A t  t h i s  po in t  i n  the  u t t e r a n c e  t h e  p i t c h  i s  cons tan t .  

Formants 1,3,  and 4 a r e  s teady ,  w i th  formant 2  dropping from about 1500 

t o  1000 Hz. 

F igure  4.1 ( a )  shows the  DCT spectrum f o r  a  p a r t i c u l a r  input  block. 

Reca l l  t h a t  t h e  DCT i s  not  equal  t o  t he  Four i e r  spectrum. It i s ,  

however, bounded by the  Four ie r  spectrum. For f u t u r e  r e f e r ence  t he  

unqua l i f i ed  term spectrum impl ies  t h e  DCT spectrum. From the f i g u r e ,  w e  

s e e  t h a t  t h e  spectrum e x h i b i t s  a  formant s t r u c t u r e  and a  p i t c h  s t r u c t u r e  

analogous t o  t he  Four ie r  spectrum. Note t h e  presence of energy below 

200 Hz and above 3200 Hz r e s u l t i n g  from the  f a c t  t h a t  t he  input  block i s  

obta ined  from the  input  s i g n a l  by r ec t angu la r  windowing. 

The b a s i s  spectrum es t ima te ,  der ived by t h e  smoothing technique of 3.1.1, 

i s  i l l u s t r a t e d  i n  Figure 4.1 ( b ) .  J u s t  16 suppor t  va lues  determine the  

curve. The i n t e r p o l a t e d  segments appear a s  s t r a i g h t  l i n e s  on the  

l oga r i t hmic  dB s c a l e .  Notice t h a t  t h e  e s t i m a t e  cap tu re s  t he  gross  

s p e c t r a l  s t r u c t u r e .  It does no t ,  however, f o l l ow  t h e  f i n e  s t r u c t u r e .  

Also t he  f i t  i s  poor a t  low f requenc ies .  F igure  4.2 ( a )  superimposes t h e  

e s t i m a t e  and the  s i g n a l  spectrum. 

We nex t  consider  t he  b i t  assignment based on t h i s  es t imate .  For 

i l l u s t r a t i v e  purposes,  w e  use a  b i t  r a t e  of 9.6 kb l sec .  This r a t e  a l lows 

f o r  s u f f i c i e n t l y  coarse  quan t i za t i on  t o  make t h e  coder e f f e c t s  obvious. 

For t h i s  example 9.6 kb l sec  is  equ iva l en t  t o  121 b i t s l b l o c k  (b lock  s i z e  = 

128 samples).  Refer r ing  t o  F igure  4.3 ( a ) ,  we  no t e  t he  s t e p  s t r u c t u r e  of 

t h e  b i t  assignment curve. Also no te  t h a t  no b i t s  a r e  ass igned above a  



FREQUENCY ( K H z >  

Figure 4.l(a) Input DCT spectrum ( 0  dB is arbitrary on all 
logarithmic plots). 
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Figure 4.l(b) Basis spectrum estimate using the smoothing 
technique of 3.1.1. 
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Figure 4.2(a) Superimposed plot of input DCT spectrum and 
estimate. 

1 2 3 

FREQUENCY (KHz)  

Figure 4.2(b) Quantization noise spectrum. 
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1 2 3 

FREQUENCY (KHz) 

F i g u r e  4 . 3 ( a )  B i t  a s s ignmen t  c u r v e .  

1 2 3 

FREQUENCY (KHz) 
F i g u r e  4 .3  (b)  R e c e i v e r  DCT spec t rum.  



f requency  of 1.6 kHz. T h i s  e f f e c t  i s  caused by t h e  s h o r t a g e  of b i t s  t o  

be a l l o c a t e d ,  coupled w i t h  t h e  l a r g e  dynamic r a n g e  i n  t h e  spectrum. The 

s m a l l  v a l u e s  of t h e  e s t i m a t e  a t  h i g h  f r e q u e n c i e s  r e s t r i c t  t h e  b i t  

ass ignment  t o  t h e  more e n e r g e t i c  low f r e q u e n c y  c o e f f i c i e n t s .  

A 

The spect rum a f t e r  q u a n t i z a t i o n  Y, t h a t  i s  t h e  r e c e i v e r  spect rum,  i s  

shown i n  F i g u r e  4.3 ( b ) .  The energy d i s t r i b u t i o n  s t r o n g l y  r e f l e c t s  t h e  

b i t  ass ignment  i n  t h a t  c o e f f i c i e n t s  a s s i g n e d  z e r o  b i t s  a r e  q u a n t i z e d  t o  

z e r o .  Because of t h e  a d a p t i v e  q u a n t i z a t i o n ,  c o e f f i c i e n t s  a s s i g n e d  even a  

s i n g l e  b i t  a r e  p r e s e n t  a t  t h e  r e c e i v e r .  F i g u r e  4.2 ( b )  shows t h e  

spect rum of t h e  q u a n t i z a t i o n  n o i s e .  T h e o r e t i c a l l y  t h e  c o e f f i c i e n t s  

s h o u l d  undergo e q u a l  d i s t o r t i o n  i n  r e g i o n s  where b i t s  a r e  a ss igned .  In 

p r a c t i c e ,  e r r o r s  i n  t h e  b a s i s  spect rum e s t i m a t e  and t h e  i n t e g e r  b i t  

ass ignment  c o n s t r a i n t  g i v e  t h e  n o i s e  spect rum a f i n e  s t r u c t u r e .  

F i g u r e s  4.4 ( a )  and 4.4 ( b )  a r e  t h e  i n p u t  and r e c e i v e r  t ime waveforms. 

F i g u r e  4.5 ( a )  super imposes  t h e s e  two d i r e c t l y  and F igure  4 .5  ( b )  i s  t h e  

e r r o r  waveform. Note t h e  l a r g e  e r r o r s  n e a r  0 and 1 6  msec, t h a t  i s ,  a t  

t h e  b lock boundar ies .  

We now examine coder  performance averaged  over d i f f e r e n t  s e n t e n c e s  and 

s p e a k e r s .  The o b j e c t i v e  measures a r e  SNR and segmental  SNR (SEGSNR) 

[12] .  Segmental SNR a t t e m p t s  t o  e l i m i n a t e  a b i a s  i n  t h e  conven t iona l  SNR 

measure. Convent ional  SNR t e n d s  t o  g i v e  more weight t o  h igh  ampl i tude  

segments.  Segmental SNR t r ies  t o  a l l e v i a t e  t h i s  b i a s  by averag ing  SNR 

(expressed  i n  dB) over  s h o r t  i n t e r v a l s  (10-30 msec). Let  & be t h e  k- th  
,. 

i n p u t  b lock of t ime  samples, X t h e  k-th decoded block,  and K t h e  number 
-k 



T I M E  (USEC) 

Figure  4 . 4 ( a )  I npu t  t ime waveform (A.U. d eno t e s  a r b i t r a r y  
u n i t s ) .  

F igure  4 . 4 ( b )  Receiver  t i m e  waveform. 



TIME (MSEC) 

Figure 4 . 5 ( a )  Superimposed plot of input and receiver time 
waveforms. 

""i 
a 

I 

T I M E  (MSEC) 

Figure 4 . 5 ( b )  Quantization error time waveform. 



of blocks i n  an u t t e r a n c e ,  then 

SNR - 10 loglO 

and SEGSNR 1 10 loglO q2 

Resul t s  using both measures a r e  presented i n  t abu la r  format i n  Table 4 . 1 .  

Figures 4 . 6  ( a )  and 4 . 6  (b )  a r e  p l o t s  of SEGSNR versus  b i t  r a t e .  With 

re ference  t o  Figure 4 . 6  ( a )  we note t h a t  the  SEGSNR drops almost l i n e a r l y  

with b i t  r a t e .  A t  a given r a t e ,  d i f f e rences  between speaker can account 

f o r  up t o  14 dB v a r i a t i o n  i n  SEGSNR. 

Also from Figure 4 . 6  ( b ) ,  a change i n  SEGSNR of up t o  24  dB can occur 

between the two sentences used i n  the  experiment. Average SEGSNR values 

a r e  11.0, 13.0 and 15 .9  dB f o r  r a t e s  of 9 . 6 ,  12, and 1 6  kblsec  

respec t ive ly .  



Speaker  

1 

2 

3 

O v e r a l l  

Sentence 

Average: 

By Speaker : 

By Sentence:  

SNR (dB) / SEGMENTAL SNR (dB) 

Speaker 1: Male 

Speaker 2: Female 

Speaker 3: Male 

Sen tence  A: I t 's  e a s y  t o  t e l l  t h e  dep th  of a w e l l .  

Sen tence  B: The b i r c h  canoe s l i d  on t h e  smooth p lanks .  

T a b l e  4.1 SNR Performance of t h e  Smoothing Technique 
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Figure 4 . 6 ( a )  Sensitivity of the smoothing technique to 

speaker variation. 

- OVEWLL QVERACE 
X - SEHTENCE Q 
0 - SENTENCE B 

n 2 

Figure 4.6(b)  Sensitivity of the smoothing technique to 
sentence material. 



The SNR r e s u l t s  have been supplemented by s u b j e c t i v e  eva lua t ion  t o  

censure  a  r e a l i s t i c  assessment of s i g n a l  q u a l i t y .  The s u b j e c t i v e  t e s t s  

involved seven experienced l i s t e n e r s .  

The d i s t o r t i o n s  i n  t he  coded speech were descr ibed  a s  rough or  harsh. 

The d i s t o r t i o n s  a r e  annoying but a r e  pe rcep tua l ly  d i s t i n c t  from the  

speech ma te r i a l  and thus  do no t  a f f e c t  i n t e l l i g i b i l i t y .  The d i s t o r t i o n s  

i nc reased  wi th  decreas ing  b i t  r a t e .  A t  9.6 kb /sec ,  t h e  speech e x h i b i t s  a  

warbl ing noise  which makes t he  speech sound unnatura l .  High l e v e l  c l i c k s  

a r e  c l e a r l y  audib le .  In  a d d i t i o n ,  f o r  some speakers ,  t h e  speech sounds 

muff l e d  due t o  t he  l o s s  of h igh  frequency components. 

4.2.2 ATC us ing  t h e  All-Pole Model Technique 

We now examine ATC i n  combination with t h e  a l l - p o l e  model technique of 

Sec t ion  3.1.2. The samples contained i n  t he  input  block of s i z e  256 

inc lude  the  128 samples of t h e  previous example. In add i t i on  the block 

i s  pre-emphasized by a  simple f i r s t  order f i l t e r  and windowed by a  

non-rectangular window. These ref inements  w i l l  be discussed i n  more 

d e t a i l  i n  the  next  s ec t i on .  

F igure  4.7 (a) shows t h e  t i m e  waveform. Notice t h a t  t h e  increased block 

s i z e  spans 4 p i t c h  per iods  f o r  t h i s  speaker .  F igure  4.7 (b )  shows t h e  

corresponding a u t o c o r r e l a t i o n  func t ion ,  which i s  needed t o  c a l c u l a t e  the 

a l l - p o l e  e s t ima te  of t h e  b a s i s  spectrum. In t h e  fol lowing s e c t i o n ,  we 

w i l l  see  how t o  e x t r a c t  even a  b e t t e r  e s t ima te  from t h i s  funct ion.  For 

t h e  p re sen t ,  n o t i c e  t he  peaks a t  8 msec i n t e r v a l s  which r e s u l t  from the 

p i t c h  p e r i o d i c i t y  i n  t h e  t i m e  waveform. 



T I M E  (MSEC) 

Figure 4 . 7 ( a )  Input time waveform. 

T I M E  (MSEC) 
Figure 4 . 7 ( b )  Autocorrelation function 

of Figure 4 . 7 ( a ) .  



The block of t i m e  samples i s  transformed, y i e l d i n g  the  spectrum i n  F igure  

4.8 ( a ) .  Windowing the  t ime samples r e s u l t s  i n  l e s s  s p e c t r a l  sp i l l -over  

i n  t h e  DCT domain. We see  decreased energy i n  t h e  0-200 Hz range and the  

near  absence of energy i n  t he  3200-4000 Hz range (c f  Figure 4.1 ( a ) ) .  

F igure  4.8 (b)  i l l u s t r a t e s  t h e  a l l -po l e  model e s t i m a t e  f o r  t h i s  block. 

The a n a l y s i s  uses  11-th order  f i l t e r  (12 parameters  i nc lud ing  f i l t e r  

ga in ) .  The f i l t e r  order  is chosen t o  inc lude  four  formants ( 8  po l e s )  

p lu s  t h r e e  poles  t o  approximate the  speech spectrum ro l l -o f f .  Note t he  

smoothness of t h e  e s t ima te  and the  good o v e r a l l  f i t  t o  t he  spectrum. The 

a l l - p o l e  model i s  known t o  f i t  formant peaks very  w e l l .  For F igure  4.9 ( a )  

t h e  spectrum and the e s t i m a t e  a r e  superimposed. Notice t h a t  t h e  e s t ima te  

f i t s  the  va l l eys  more poorly.  The match i s  e s p e c i a l l y  bad a t  t h e  

extremes of t h e  spectrum. A s  t h e  model is based on a minimum MSE 

formula t ion ,  i t  i s  expected t o  f i t  peaks b e t t e r  than va l l eys .  

B i t  assignment based on the  a l l -po l e  model i s  shown i n  F igure  4.10 ( a ) .  

A t o t a l  of 212 b i t s  ( a t  9.6 k b l s e c )  a r e  ass igned  t o  the c o e f f i c i e n t s  i n  

t h e  block. The b i t  assignment remains s t ep - l i ke .  It d i f f e r s  from the 

one based on the  smoothing technique i n  t h a t  some b i t s  are a l l o c a t e d  t o  

h igh  f requenc ies  i n  t h e  t h i r d  formant region. 

The spectrum a t  t h e  r e c e i v e r  is p l o t t e d  i n  F igure  4.10 ( b ) .  The spectrum 

e x h i b i t s  improved high frequency response. Large s p e c t r a l  gaps remain, 

however. F igure  4.9 (b)  shows t h e  spectrum of t h e  quan t i za t i on  noise .  



FREQUENCY ( K H z >  

Figure 4 .8 (a )  Input DCT spectrum. 

FREQUENCY ( K H z >  

Figure 4 .8 (b)  Basis spectrum estimate using the all-pole 
model of 3.1.2. 
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FREQUENCY ( K H z )  

Figure 4.9(a) Superimposed plot of input DCT spectrum 
and estimate. 

1 2 3 

FREQUENCY ( K H z >  

Figure M ( b )  Quantization noise spectrum. 
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Figure 4 . 1 0 ( a )  Bit assignment curve. 

1 2 3 4 

FREQUENCY (KHz> 

F i g u r e  4 .10 (b )  Receiver DCT spectrum. 



We next  look a t  t h e  time waveformfor  t h i s  scheme. In F igure  4.11 ( a )  we 

have repeated the  input  waveform f o r  comparison with t h e  r e c e i v e r  

waveform i n  Figure 4.11 ( b ) .  F igure  4.12 ( a )  compares t he se  waveforms on 

t h e  same graph. F igure  4.12 ( b )  i s  a p l o t  of t h e  e r r o r  waveform. 

Re fe r r ing  t o  Figure 4.12 ( b ) ,  no t e  the  reduced e r r o r  near  t he  ends of t h e  

block (c f  Figure 4.5 ( b ) ) .  This  i s  another  consequence of t h e  windowing 

process .  

We now change our focus from a p a r t i c u l a r  speech segment t o  the  o v e r a l l  

performance of t he  a l l -po l e  model scheme. SNR va lues  a r e  l i s t e d  i n  

Table  4.2. Figure 4.13 ( a )  i l l u s t r a t e s  performance a s  a func t ion  of t h e  

speaker .  We see t h a t  t h e  SEGSNR is  r e l a t i v e l y  i n s e n s i t i v e  t o  the  

d i f f e r e n t  speakers.  The maximum dev ia t i on  i s  about 3 dB. F igure  4.13 ( b )  

shows t h e  performance v a r i a t i o n  as a func t ion  of sen tence  ma te r i a l .  A 

d i f f e r e n c e  of up t o  23 dB i s  apparent .  Thus t h i s  scheme e x h i b i t s  

approximately t h e  same s e n s i t i v i t y  t o  sentence v a r i a t i o n  a s  t h e  smoothing 

technique. Overal l  average SEGSNR va lues  a r e  11.2, 13.1, and 16.0 dB f o r  

9.6, 12 and 16  kb l sec ,  about t h e  same a s  t he  smoothing technique. 

Sub jec t ive ly ,  t h e  a l l -po l e  model scheme e x h i b i t s  d i f f e r e n t  d i s t o r t i o n s  when 

compared t o  the smoothing technique. The coded speech con ta in s  a 

background swishing or w h i s t l i n g  sound. This d i s t o r t i o n  is c l o s e l y  

c o r r e l a t e d  with t he  speech waveform and a s  such i s  no t  pe rcep tua l ly  

d i s t i n c t  from the speech. S t a r t i n g  a t  12 kb l sec  l i s t e n e r s  n o t i c e  a 

r eve rbe ran t  speech q u a l i t y  and some muff l ing.  A t  9.6 kb / sec  a warble o r  

bu rb l e  i s  present .  Most l i s t e n e r s  p re f e r  t h i s  scheme t o  t he  smoothing 

technique. 
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Figure 4.11(a) Input time waveform (same as Figure 4.7(a)). 

8 16 24 

TIME (NSEC) 

Figure 4 . 1 1 ( b )  Receiver time waveform. 
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TIME (MSEC) 

Figure 4.12(a) Superimposed plot of input and receiver time 
wavef o m s .  
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TIME (MSEC) 

Figure 4.12(b) Quantization error time waveform. 
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SNR (dB) / SEGMENTAL SNR (dB) 

Speaker  Sentence 

O v e r a l l  Average : 

By Speaker : 

By Sentence:  

Speaker  1: Male 

Speaker  2: Female 

Speaker  3: Male 

Sen tence  A: It ' s e a s y  t o  t e l l  t h e  dep th  of a wel l .  

Sen tence  B: The b i r c h  canoe s l i d  on t h e  smooth planks.  

Tab le  4.2 SNR Performance of t h e  Al l -Pole  Model Technique 
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X - SPEAKER 1 
0 - SPERKER il 
H - SPEAKER 3 

RATE (KB/SEC> 
Figure 4.13(a) Sensitivity of the all-pole model technique 

to speaker variation. 

- OVERALL RVERACE 
X - SEHTENCE R 
0 - SENTENCE 8 

Figure 4.13(b) Sensitivity of the all-pole model technique 
to sentence material. 



4 . 2 . 3  ATC M o d i f i c a t i o n s  and Ref inements  

We now c l a r i f y  some of t h e  m o d i f i c a t i o n s  and re f inements  r e f e r r e d  t o  i n  

p r e v i o u s  s e c t i o n s .  To some e x t e n t  s e v e r a l  of t h e s e  re f inements  have been 

i n c o r p o r a t e d  i n t o  t h e  a l l - p o l e  model t echn ique .  A m a j o r m o d i f i c a t i o n ,  t h a t  

of add ing  a p i t c h  e s t i m a t e  t o  t h e  b a s i s  spectrum,  w i l l  be i n t r o d u c e d  and 

i l l u s t r a t e d  w i t h  t h e  same example used i n  t h e  p rev ious  s e c t i o n .  

I n  t h e  course  of t h e  exper imenta l  i n v e s t i g a t i o n  i t  was d i scovered  t h a t  

ATC cou ld  be improved by u s e  of pre-emphasis,  de-emphasis t echn iques .  

Pre-emphasizing the  i n p u t  waveform b o o s t s  t h e  energy a t  h i g h  f r e q u e n c i e s  

r e l a t i v e  t o  t h e  energy a t  low f r e q u e n c i e s .  T h i s  a l t e r a t i o n  of t h e  s i g n a l  

spectrum a g r e e s  i n  p r i n c i p l e  w i t h  t h e  p e r c e p t u a l  importance of h i g h  

f r e q u e n c y  formants .  The r e s u l t  of t h i s  r e f inement  i s  t o  cause  more b i t s  

t o  be  a s s i g n e d  t o  h igher  f r e q u e n c i e s .  Those h igh  f requency components 

which a r e  a l l o c a t e d  b i t s  are reproduced i n  t h e  r e c e i v e r  spectrum. 

The complementary o p e r a t i o n  of de-emphasis i s  t h e n  performed a t  t h e  

r e c e i v e r .  The f i l t e r s  used t o  accomplish  pre-emphasis and de-emphasis 

a r e  g iven  by eq. (4 .1)  and eq. (4 .2 )  r e s p e c t i v e l y .  

h p b )  " n = l  
e l sewhere  

( 4 .  la) 

( 4 .  l b )  



- (n+l) 
hd(n) = 2 (l+cos[.rrn/5]) , n = 0,1 ,2 ,3 ,4  

= 0 elsewhere 

These f i l t e r s  were s e l e c t e d  from a fami ly  of pre-emphasis c h a r a c t e r i s t i c s  

w i th  t h e  Parameter hp(l) = -f s e l e c t e d  experimental ly .  

A second refinement i s  t h e  use of a non-rectangular window. When a 

tapered  window i s  incorpora ted ,  ad j acen t  blocks a r e  overlapped. The 

amount of over lap  i s  determined by t h e  e x p l i c i t  window shape. The 

ra i sed-cos ine  window given by eq. (4.3) i s  employed. The window reduces 

both s p e c t r a l  sp i l l -over  and the  d i s c o n t i n u i t i e s  a t  block boundaries.  An 

ove r l ap  of M=32 sampleswas found t o  be a good value.  



The window and i t s  DFT a r e  shown i n  F i g u r e s  4.14 ( a )  and 4.14 ( b ) .  

The above r e f i n e m e n t s  o p e r a t e  on t h e  t ime  waveform. We now d e s c r i b e  a 

m o d i f i c a t i o n  t o  t h e  b a s i s  spectrum e s t i m a t e .  We term t h e  scheme 

r e s u l t i n g  from t h i s  change t h e  modi f i ed  a l l - p o l e  model technique.  

I n  [ 81  T r i l o l e t  and Croch ie re  d e s c r i b e  a way of adding p i t c h  i n f o r m a t i o n  

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

f o r  t h e  p i t c h  p e r i o d  P ( i n  samples) by l o o k i n g  f o r  a peak away from t h e  

o r i g i n .  In  a d d i t i o n ,  a  ga in  va lue  G i s  determined a s  t h e  r a t i o  of t h e  

a u t o c o r r e l a t i o n  f u n c t i o n  a t  P t o  i ts  v a l u e  a t  t h e  o r i g i n  ( z e r o  sample 

l a g ) .  Note t h a t  G must l i e  i n  t h e  r a n g e  ( 0 , 1 ] .  

A 

The new a l l - p o l e  e s t i m a t e  ( 0 1 ) ~  i s  o b t a i n e d  from t h e  o r i g i n a l  estimate 
A 

(oil2 by m u l t i p l y i n g  t h e  e s t i m a t e  by a p i t c h  f a c t o r  02(p,G) 

where 

and Us(n) i s  t h e  u n i t  s t e p  f u n c t i o n .  



T I M E  (RSEC)  

Figu re  4 . 1 4 ( a )  T i m e  w i n d o w .  

1 2 3 

FREQUENCY ( K H z )  

F i g u r e  4 . 1 4 ( b )  DFT of t i m e  w i n d o w .  
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The p i t c h  e x c i t a t i o n  is  modelled a s  a  decaying impulse t r a i n  with per iod 

P. The ampli tude of t he  pu lses  a r e  geome t r i ca l l y  weighted by G. 

Furthermore, t he  sequence is  windowed by a r ec t angu la r  window of l e n g t h  N. 

Note t h a t  t h e  p i t c h  model is  descr ibed  compactly by only two parameters.  

These parameters must be inc luded '  i n  t he  s i d e  information sen t  t o  the  

r e c e i v e r .  

We demonstrate the  modified technique by example. Figure 4.15 ( a )  i s  a 

r e p e a t  of t he  spectrum i n  F igure  4.8 ( a ) .  Figure 4.15 (b) shows the  

b a s i s  spectrum es t imate  us ing  the  modified a l l -po l e  model. The p i t c h  

peaks spacedby  thefundamenta l f requency  (125 Hz) a r e  c l e a r l y  ev ident .  

The e s t ima te  cap tures  both t h e  gross  formant s t r u c t u r e  a s  wel l  a s  t h e  

f i n e  p i t c h  s t r i a t i o n s .  F igure  4.16 ( a )  compares t he  es t imate  and 

spectrum d i r e c t l y .  Note t h a t  t h e  e s t ima te  is  s t i l l  poor a t  t h e  spectrum 

e x t r e m i t i e s .  

It  i s  app rop r i a t e  t o  mention one f u r t h e r  refinement a t  t h i s  po in t .  A l l  

t h e  b a s i s  spectrum es t imates  do poorly near  0 Hz. To avoid wasting b i t s  

on a  reg ion  where input  s i g n a l  has no energy,  a change i n  the b i t  

assignment i s  introduced. C o e f f i c i e n t s  i n  t he  range of 0 Hz t o  some 

cu to f f  f c  a r e  a l l o c a t e d  zero  b i t s .  For t h e  s imula t ions  f c  i s  chosen 

a s  125 Hz. This  value i s  c o n s i s t e n t  with t he  band-pass f i l t e r  and window 

c h a r a c t e r i s t i c s .  

F igure  4.17 ( a )  shows t h e  b i t  assignment with t he  number of b i t s l b l o c k  

set a t  212. The b i t  assignment r e f l e c t s  t h e  p i t c h  p e r i o d i c i t y  i n  t he  
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Figure 4.15(a) Input DCT spectrum. 
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Figure 4.15(b) Basis spectrum estimate using the m o d i f i e d  
all-pole model technique. 
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Figure 4.16(a) Superimposed plot of input DCT spectrum and 
estimate. 
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Figure 4.16(b) Quantization noise spectrum. 
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F i g u r e  4 .17 (a )  B i t  Assignment c u r v e .  
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F i g u r e  4 . 1 7  (b )  Rece ive r  DCT spec t rum.  



b a s i s  spectrum e s t i m a t e .  Peaks i n  t h e  spectrum a r e  a l l o c a t e d  b i t s  w h i l e  

few b i t s  g e t  a s s i g n e d  t o  n u l l s .  Th i s  f r e e s  a d d i t i o n a l  b i t s  t o  be 

a s s i g n e d  t o  h i g h e r  f requency  peaks. 

The r e c e i v e r  spectrum is  shown i n  F i g u r e  4.17 ( b ) .  The r e c e i v e r  spectrum 

d i s p l a y s  t h e  f i n e  s t r u c t u r e  of t h e  i n p u t  spectrum. Also h igh  f requency  

e n e r g y  i s  extended t o  t h e  f o u r t h  formant reg ion .  The q u a n t i z a t i o n  n o i s e  

spectrum is  p l o t t e d  i n  F i g u r e  4.16 ( b ) .  

Time waveforms are i l l u s t r a t e d  i n  F i g u r e  4.18 ( a )  and F i g u r e  4.18 ( b ) .  

F i g u r e  4.19 ( a )  compares i n p u t  and r e c e i v e r  waveforms d i r e c t l y .  F i g u r e  

4.19 (b )  i s  a p l o t  of t h e  e r r o r  waveform. Note t h e  ampl i tude  of t h e  

e r r o r  i s  reduced i n  comparison wi th  a l l - p o l e  model e r r o r  i n  F i g u r e  4.13 ( b ) .  

We n e x t  p r e s e n t  r e s u l t s  t o  i n d i c a t e  t h e  performance of t h e  o v e r a l l  

scheme. Table  4.3 d i s p l a y s  t h e  SNR performance f o r  t h e  modified a l l - p o l e  

model scheme. F i g u r e  4.20 ( a )  shows SEGSNR s e n s i t i v i t y  t o  speaker  

v a r i a t i o n .  The i n t r o d u c t i o n  of p i t c h ,  a s t r o n g l y  speaker  dependent 

phenomenon, i n t o  t h e  b a s i s  spectrum e s t i m a t i o n  has  i n c r e a s e d  t h e  

performance s e n s i t i v i t y  t o  d i f f e r e n t  speakers .  V a r i a t i o n s  i n  SEGSNR of 

up t o  2 dB a r e  shown. 

F i g u r e  4.20 ( b )  shows SEGSNR v a r i a t i o n  t o  s e n t e n c e  material. SEGSNR can 

d e c r e a s e  by as much a s  23 dB. Thus t h e  s e n s i t i v i t y  remains unchanged 

from t h e  o t h e r  schemes. 



T I M E  (MSEC) 
F i g u r e  4 .18(a )  I n p u t  t ime  waveform (same as F i g u r e  4 . 7 ( a ) ) .  

T I M E  (MSEC) 

F i g u r e  4.18(b) Rece ive r  t ime  waveform. 
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T I M E  (MSEC) 

Figure 4.19(a) Superimposed plot of input and receiver 
time waveforms. 

TIME (MSEC) 

Figure 4.19(b) Quantization error time waveform. 



SNR (dB) / SEGMENTAL SNR (dB) 

Speaker  Sentence 9.6 k b / s e c  12 k b / s e c  

O v e r a l l  Average: 14.5  / 12.7 16.6 / 14.6 

By Speaker:  

By Sentence:  

Speaker 1: Male 

Speaker 2: Female 

Speaker 3: Male 

Sen tence  A: I t ' s  e a s y  t o  t e l l  t h e  depth  of a w e l l .  

Sen tence  B: The b i r c h  canoe s l i d  on t h e  smooth planks .  

Tab le  4.3 SNR Performance of t h e  Modified Al l -Pole  Model Technique 
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Figure 4.20(a) Sensitivity of the modified all-pole model 
technique to speaker variations. 
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Figure 4.20(b) Sensitivity of the modified all-pole model 
technique to sentence material. 



Fig. 4.21 compares the average performance of the three schemes 

examined. The modified all-pole model shows the best average 

performance; 12.7, 14.6 and 17.4 dB for 9.6, 12 and 16 kb/sec. This is 

almost 1% dB better than the other schemes. 

When speech processed with the modified all-pole model scheme is 

presented to listeners, they characterize the distortions as being 

similar in nature to those of the all-pole model scheme. Listeners 

generally find the distortions less objectionable and they suggest 

that the modified scheme has the best overall quality of the three 

schemes investigated. Some listeners, however, notice only a slight 

improvement with this technique as compared to the all-pole model 

scheme . 
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Figure 4.21 Performance comparison of the three basis 
spectrum estimates. 



V Conclusions 

In t h i s  chapter  we  summarize the  conten ts  of preceeding chapters  and 

s t a t e  the  conclusions of t h e  s tudy.  In a f i n a l  s e c t i o n  we o u t l i n e  a r ea s  

f o r  f u t u r e  i n v e s t i g a t i o n s .  

We have presented a b a s i c  t ransform coding framework. The f l e x i b i l i t y  i n  

TC l i e s  i n  the  choice of t he  t ransformat ion  and i n  t he  choice of t he  

quan t i za t i on  s t r a t e g y .  We have se l ec t ed  the  DCT a s  a computat ional ly  

e f f i c i e n t  approximation t o  the  optimal Karhunen-LoSve t ransformation.  A s  

w e l l ,  a  general  q u a n t i z a t i o n  s t r a t e g y  has been formulated,  wi th  s eve ra l  

s p e c i f i c  schemes implemented i n  a computer s imulat ion.  The s imula t ion  

a f f i r m s  than ATC i s  an e x c e l l e n t  a l t e r n a t i v e  f o r  speech coding. It 

o f f e r s  a range of q u a l i t i e s  from very good a t  16 kb / sec ,  t o  no t i ceab ly  

d i s t o r t e d  (but completely i n t e l l i g i b l e )  a t  9.6 kb /sec .  In f a c t ,  a t  9.6 

kb /sec ,  ATC (us ing  the  modified a l l -po l e  scheme) g ives  b e t t e r  q u a l i t y  

than  any other  scheme p r e s e n t l y  a v a i l a b l e .  

The performance of ATC depends t o  a l a r g e  degree on the  accuracy of t h e  

b a s i s  spectrum es t imate .  In t h i s  regard ,  t h e  smoothing technique i s  too  

c rude  an es t imate  t o  model speech s p e c t r a  accu ra t e ly .  The es t imate  

y i e l d s  a s tep- l ike  b i t  assignment curve which does no t  cap ture  t he  f i n e  

s t r u c t u r e  ( p i t c h  s t r i a t i o n s )  i n  the  o r i g i n a l  spectrum. The smoothing 

technique i s  not  speech s p e c i f i c .  This apparent  drawback may be an 

advantage i n  the  coding of i npu t s  o ther  than speech,  o r  i n  cases  where 

t h e  coder must handle  s eve ra l  types of i n p u t s  ( a s  i n  t h e  telephone 

network which c a r r i e s  both speech and voice-band d a t a ) .  For example, we 



have shown t h a t  a  24 k b l s e c  ATC coder us ing  the  smoothing technique, when 

a p p l i e d  t o  voice-band da ta  a t  4800 b l sec ,  y i e l d s  an e r r o r  r a t e  of 10-4; 

t h i s  compares favourably with o ther  coding schemes, and can c e r t a i n l y  be 

improved. 

Basis  spectrum es t ima te s  using the  a l l - p o l e  model y i e l d  b e t t e r  q u a l i t y  

coded speech. The a l l -po le  model provides  an accu ra t e ,  concise  

r e p r e s e n t a t i o n  of t h e  o v e r a l l  b a s i s  spectrum shape. The a d d i t i o n  of 

p i t c h  in format ion  i n t o  the modified a l l - p o l e  model scheme r e s u l t s  i n  t he  

b e s t  o v e r a l l  performance of t he  t h r ee  schemes inves t i ga t ed .  The p i t c h  

model provides  t h e  necessary  f i n e  s t r u c t u r e  f o r  t h e  b a s i s  spectrum 

es t ima te .  The improvement obtained us ing  the  p i t c h  model seems somewhat 

speaker  dependent. 

The q u a l i t y  of speech coded by ATC i s  improved by t h e  use of a  

non-rectangular window. Windowing reduces c l i c k s  by reducing energy near  

t h e  block boundaries.  An a d d i t i o n a l  b e n e f i t  of windowing i s  reduced 

s p e c t r a l  sp i l l -over  . 

A pre-emphasis f i l t e r  a t  t h e  t r a n s m i t t e r  and a  de-emphasis f i l t e r  a t  t h e  

r e c e i v e r  can f u r t h e r  improve ATC performance. The pre-emphasis f i l t e r  

causes  b e t t e r  high frequency reproduct ion by boos t ing  the  energy i n  t h e  

h igher  f requenc ies  before  coding. The de-emphasis f i l t e r  helps  t o  reduce 

c l i c k  ampli tude s i n c e  the f i l t e r  a t t e n u a t e s  t h e  high frequency components 

of t h e  c l i c k s .  A disadvantage of t oo  much pre-emphasis i s  t h a t  t h e  

processed speech has  an audib le  swishing background noise.  



A t  low r a t e s  such a s  9.6 kb / sec ,  speech processed by ATC e x h i b i t s  

n o t i c e a b l e  d i s t o r t i o n .  One type of d i s t o r t i o n  i s  a  kind of warbling 

o r  burb l ing  no i se  which i s  pe rcep tua l ly  i n t e g r a t e d  with the  speech 

m a t e r i a l  and sounds q u i t e  unna tura l .  We specu la t e  t h a t  t h e  warbling may 

be caused by a  l ack  of c o n t i n u i t y  i n  t he  formant t r a j e c t o r i e s .  Since the  

q u a n t i z a t i o n  of t h e  t ransform c o e f f i c i e n t s  i s  independent from block t o  

b lock ,  i t  i s  poss ib l e  t h a t  formant t r a j e c t o r i e s  ( e s p e c i a l l y  those  of t he  

lower energy second and t h i r d  formants) can become discont inuous.  

ATC appears  complex when compared t o  convent ional  waveform coders.  The 

main sources  of complexity, however, a r e  two types  of s i g n a l  processing.  

F i r s t ,  t h e  computation of a  DFT i s  an i n t e g r a l  p a r t  of t h e  DCT 

c a l c u l a t i o n  and of t h e  a l l -po l e  b a s i s  spectrum es t imate .  Second, a  

r e c u r s i v e  ma t r ix  i nve r s ion  (Levinson's a lgo r i t hm)  i s  requi red  t o  genera te  

t h e  a l l - p o l e  f i l t e r .  In a  p r a c t i c a l  ATC coder t he se  two func t ions  must 

run  i n  real-time. The general  usefu lness  of t h e  DFT a s  a  s i g n a l  

p rocess ing  element may wel l  mean t h a t  a  DFT module (perhaps a  s e l f  - 

conta ined  in t eg ra t ed  c i r c u i t )  might be a v a i l a b l e  i n  t he  near  fu tu re .  The 

a l l - p o l e  f i l t e r  c a l c u l a t i o n  can p re sen t ly  be done i n  real- t ime with f a s t  

microprocessors .  Hence, a  real- t ime a d a p t i v e  t r a n s f  orm coder i s  a  

f e a s i b l e  device.  

A s i t u a t i o n  where ATC may prove u s e f u l ,  independent ly  of whether or  not  

t h e  r equ i r ed  c i r c u i t r y  becomes s u f f i c i e n t l y  inexpensive i n  the s h o r t  term 

t o  permit i t s  widespread use i n  p r i v a t e  te rmina l  equipment, i s  i n  message 

store-and-forward or message r e t r i e v a l  systems. The poin t  of t he  coding 

i s  t o  ensure  e f f i c i e n t  use of d i g i t a l  s t o r age .  Expense i s  l imi t ed  



because a s i n g l e  coder serves  a l a r g e  group of subsc r ibe r s .  ATC may a l s o  

be a v i a b l e  a l t e r n a t i v e  f o r  secure communications. In t h i s  case ,  d i g i t a l  

t ransmiss ion  f a c i l i t a t e s  t h e  encrypt ion of h igh  s e c u r i t y  messages. A 

c o n s t r a i n t  i n  some secure  systems i s  t h a t  e x i s t i n g  communication l i n k s  

wi th  l i m i t e d  channel capac i ty  must be u t i l i z e d .  For example, a telephone 

channel wi th  s p e c i a l  compensation ( i . e .  adap t ive  equa l i za t ion )  can 

suppor t  t ransmiss ion  r a t e s  of up t o  9.6 kb / sec ,  a r a t e  a t  which ATC 

y i e l d s  speech of communication grade q u a l i t y .  

L a s t ,  we present  s eve ra l  suggest ions f o r  f u t u r e  work i n  ATC. One a rea  

which needs f u r t h e r  i n v e s t i g a t i o n  i s  t h e  de te rmina t ion  of those  waveform 

c h a r a c t e r i s t i c s  which c o r r e l a t e  with t h e  preceived d i s t o r t i o n s .  Such a 

s tudy  i s  fundamental t o  t he  ex tens ion  of ATC t o  even lower b i t  r a t e s .  

Below 12 kb/sec  the coding scheme has few b i t s  t o  a s s i g n  and the re fo re  

must a l l o c a t e  b i t s  only t o  pe rcep tua l ly  important  s p e c t r a l  components. A 

second a rea  of i n t e r e s t  i s  the  t ransmiss ion  of voice-band da ta  using ATC. 

The spectrum of voice-band da ta  d i f f e r s  markedly from t h a t  of speech. 

The a b i l i t y  of ATC, a frequency domain technique,  t o  adapt t o  varying 

s p e c t r a l  energy d i s t r i b u t i o n s  makes ATC a l o g i c a l  choice f o r  systems 

which t ransmi t  both speech and data .  Other s p e c i f i c  i s s u e s  i n  ATC t h a t  

need i n v e s t i g a t i o n  a r e  t h e  e f f e c t s  of channel e r r o r s  on coder 

performance, pole-zero modelling of t he  b a s i s  spectrum, and s i d e  

information quan t i za t ion  s t r a t e g i e s .  The s o l u t i o n  of these problems w i l l  

h e l p  push ATC towards p r a c t i c a l i t y .  



APPENDIX A 

E f f i c i e n t ,  In-Place Computation of t h e  D i s c r e t e  Cosine Transform (DCT) 

Let x ( n ) ,  n = 0 ,1 ,  ... N - 1  be an  N po in t  d a t a  sequence and X(k) be i t s  

corresponding DCT. Then 

N- 1 
X (k) = 2c (k) 1 x (n) cos [IT (2n+l) k /  2 ~ ]  k = 0 , 1 , .  . . , N - 1  . (A.l) 

N n=O 

where 

Reference [20] d e s c r i b e s  a method f o r  us ing  an  N p o i n t  DFT t o  

c a l c u l a t e  an N po in t  DCT. For convenience, we now r e d e r i v e  t h i s  

r e s u l t .  

Let  t h e  summation i n  eq. (A.l)  be denoted by 

N-1  
F (k) = 1 x (n) cos [IT (2n+l) k/  2N] 

n=O 

Assuming N i s  even, d e f i n e  a u x i l i a r y  sequence y(n)  by 

y(n> = x(2n)  

S u b s t i t u t i n g  y(n) f o r  x (n )  i n  eq. (A.2) y i e l d s  



I f  we l e t  n '  = N-1-n i n  t h e  second summation, s i m p l i f y ,  and 

combine t h e  sums, w e  g e t  

We may eva lua t e  F(k) a s  t he  r e a l  p a r t  of t h e  sequence 

N- 1 
H(k) = 1 y (n) exp [-jn (4n+l) k/2N] 

N- 1 
= exp [- j 1~k12Nl 1 y (n) exp [- j 21~nk/N] 

Iden t i fy ing  t h e  summation a s  t h e  DFT of y ( n ) ,  namely Y(k),  

F(k) = Re[H(k)] = Re1 exp[- j~k/2N]Y(k))  

Furthermore, i t  can e a s i l y  be shown 

H(N-k) = -j H(k)* 

(* denotes complex conjugat ion) .  Thus 

F  (k) = Re [H(k)] k  = 0 ,1 ,2 ,  ...,( ~ 1 2 ) - 1  

F  (N-k) = - I m  [H(k)] k  = 1 , 2 ,  ...,( N/2) 



and X(k) can be eva lua ted  from F ( k ) .  

The above d e r i v a t i o n  shows t h a t  an  N po in t  DCT may be  c a l c u l a t e d  

us ing  an N po in t  DFT. We next  consider  t h e  problem of in-place 

c a l c u l a t i o n .  

The rearrangement i nd ica t ed  i n  eq. (A .3 )  is  s i m p l i f i e d  when one 

cons iders  x(n)  a s  a 2 by (N/2) mat r ix  s t o r e d  i n  a l i n e a r  a r r a y  

(as  i n  the FORTRAN convent ion) .  

For example, i f  N = 8 

Consider t h e  t ranspose  of t h i s  mat r ix ,  

Comparing s t o r a g e  o rde r ,  



Origina l  Transpose N(n) 

Thus rearranging t h e  t ranspose  order  t o  g e t  y (n )  i s  a simple 

matter  of revers ing  t h e  order  of t h e  elements i n  t h e  second 

ha l f  of t h e  a r ray .  Algorithms f o r  t he  in-place t r a n s p o s i t i o n  

of rec tangular  mat r ices  may be found i n  [21], [22]. 

To summarize, t he  s t e p s  i n  computing t h e  DCT a r e  a s  follows: 

1 )  following eq. (A.3) rear range  the  da ta  in-p lace  (using 

matr ix t r anspos i t ion )  

2) use  an  in-place FFT algori thm ( fo r  r e a l  da t a )  t o  c a l c u l a t e  

Y(k) (note t h a t  an FFT of an  N point  r e a l  sequence needs 

only N s to rage  l o c a t i o n s )  



3) perform the complex multiplication in eq. (A.4) 

4) calculate F(k) from eq. (A.5) 

5) multiply F(k) by 2 c(k) /N 

The inverse DCT is computed in a similar manner. The I D C T  is 

defined as: 

N-1 
x (n) = 1 c (k) X(k) cos [T (2n+l) k/ 2N] 

k=O 

The IDCT may be computed 

as 

and 



Note t h a t  t h e  r e a l  p a r t  opera t ion  may be performed i n  t h e  

frequency domain. I f  

R (k) = c (k)X (k) exp [ j  nk/2N] 

we can t a k e  t h e  IDFT of ![R(k) + R*(N-k)] and avoid tak ing  

r e a l  p a r t s  i n  t h e  sample domain. 

The IDCT can be ca l cu la t ed  in-place us ing  t h e  fol lowing s t e p s ,  

1) r e p l a c e  t h e  X(k) sequence by $ [R(k) + R* (N - k) ] 

2) use  a n  in-place IFFT a lgor i thm ( f o r  t ransforms of r e a l  d a t a )  

t o  c a l c u l a t e  a permuted v e r s i o n  of x (n )  

3 )  use  ma t r ix  t r a n s p o s i t i o n  t o  unscramble x (n )  

Two subrout ines  ( l i s t e d  i n  Appendix B ) ,  DCT and IDCT, implement 

these 'procedures  f o r  N a power of 2 ranging from 4 t o  2048. 

RFFT performs t h e  r e a l  forward and i n v e r s e  FFT ope ra t ions .  

MTIP2 is used f o r  in-place ma t r ix  t r a n s p o s i t i o n .  Note t h a t  t h e  

complex exponent ia l s  a r e  ca l cu la t ed  r e c u r s i v e l y  f o r  increased  

e f f i c i ency .  



APPENDIX B 

This appendix l i s t s  the  FORTRAN modules used i n  t he  computer s imulat ions.  

Only r o u t i n e s  which a r e  d i r e c t l y  r e l evan t  t o  t h e  ATC simulat ion a r e  

presented.  Auxi l ia ry  programs used f o r  f i l t e r i n g  and windowing, a s  well  

a s  a l l  system dependent rout ines ,  a r e  excluded. 

A sequence of opera t ions  is requi red  t o  s imula te  the  complete coder 

ac t ion .  A f i l e  containing the speech samples i s  f i r s t  passed through a 

pre-emphasis f i l t e r .  The f i l t e r e d  speech i s  p a r t i t i o n e d  i n t o  coding 

blocks by windowing the speech using overlapping windows . Thus ad jacent  

blocks have common speech samples. These blocks a r e  placed i n  a 

temporary f i l e .  This f i l e  i s  coded v i a  t he  ATC program. Af te r  coding, 

t h e  overlapping por t ions  of ad jacent  blocks a r e  added toge ther  t o  undo 

t h e  e f f e c t s  of windowing. A l a s t  s t e p  de-emphasizes t h e  coded speech t o  

produce t h e  des i red  output f i l e .  

Funct iona l  Descr ip t ion  of Program Modules 

ATC - Adaptive transform coding main program 

ASSIGN - B i t  assignment f o r  ATC 

AUTO - Autocorre la t ion  method of determining best  a l l -po le  model 

f i l t e r  



DC T - Forward ( in-place)  d i s c r e t e  cos ine  t ransform 

DECMCR - Gets i npu t  and output f i l e  names 

DPCLOS - Closes  a f i l e  opened by DPOPEN 

DPOPEN - Opens a f i l e  f o r  reads  (READW) o r  writes (WRITW) 

EXIT - Stops program execut ion 

FLTYPE - Adds a d e f a u l t  f i l e  ex tens ion  t o  a f i l e  name 

HDRIN - Inpu t s  an audio f i l e  header (header con ta in s  sampling 

frequency,  c r e a t i o n  da t e ,  and f i l e  l eng th )  

HDROUT - Outputs an audio f i l e  header 

IDCT - Inverse ( in-place)  d i s c r e t e  cos ine  t ransform 

MESSAG - I n t e r f a c e  t o  system message u t i l i t y  (used t o  p r i n t  1/0 

e r r o r s )  

MT21 - Nucleus c a l l e d  by MTIP2 

MTIP2 - Transposes a 2 by N/2 or a N/2 by 2 matr ix  in-place 



QUANTIZE - Quantizes a va r i ab le  given a quant izer  c h a r a c t e r i s t i c  

RAD50 - ASCII t o  an i n t e r n a l  charac ter  format 

READW - Reads from a f i l e  

RENEW - Replenishes a buffer  with a new s e t  of samples 

RENINT - I n i t i a l i z a t i o n  f o r  RENEW 

REQUES - Requests execution of a s p e c i f i e d  t a sk  (used t o  invoke Master 

Console Routine MCR) 

RFF T - In-place FFT (and inverse  FFT) f o r  r e a l  data 

RLTRFM - Nucleus ca l l ed  by RFFT 

SCHED - Schedules t a s k  f o r  execution a t  a given time 

SINFO - Side  information using the smoothing technique 

TCSINFO - Side  information using a l l -pole  model or  modified a l l -pole  

model 

TIME - System time rout ine  



VFFT - Nucleus c a l l e d  by RFFT 

VSORTP - S o r t s  an a r r a y  ( i n  i nc reas ing  order  / keeping t r a c k  of s o r t  

permutat ion) .  

WRITW - Wri tes  t o  a f i l e  



C 
C tkl~sFOH14 CODING PRUGRAR 
C 

PRUGHA*I A'PC 
C 
C D4TA DEFlNI'rIONS 
C 

PAHAMETEk HUFSIZE=512 I 

YAHAMLTLH MAXPAAAs25b I 

PAHAME'CEU MAXBITS=8 1 
PAHAMLI'YR USIZt=SlO 1 
PAHAMETEH UPBNO=lb383..LUnbNO=-163U4. ! 
PAHAMEI'EH XESs'Y', NU='N', SLASH='/' 

C LUNS 

10/04/7Y D. SLUAN 

2 nLCJCK SPEECH RUPPER 
MAX THANSFOHM S12E 
HAX OUANTIZEH BlTS 
Z**(MAXBITStI)-2 
D/A RANGE 

PAHAMETER F l L E I N ~ 1 ~ F l L E O U P ~ 2 , F 1 L E Q N T ~ 3 ~ I N D I R ~ 4 , K B D l ~ 5 , K B D D ~ 5 ,  
1 LPA=b,FlLEPLT=I 

EQUIVALENCE LlUST.IUSTB1, (t)UFFER,IBUFFER) 

DATA 
1 
2 
J 
4 
5 
b 
7 

C GET CnE INPUT AND OUTPUT FlLE dA#ES 
L 

10 CALL UECMCR('bAUDI0 FILES: *rUUTFlLE,*AUD',IHFlLE,'AUD', 

c UPEN [HE INPUT AUDIO FILE 
C 

;ALL UPUPEN(PILEIN,IOST,INPILEE r'READ'.NBLK) 
CALL MESSAC(,lOSTI 
IC'IlU6'I't).LE.OJGO TO 10 
NBLK=lAHS(IUST(211-1 
IF(NOLL.LE.IIGU TO 850 

C 
C READ I'HE INPUT PILE HEAOER (ALSO YHINTED ON LPRI 
L 

CALL ~ D U I N ( P I L E I N , l D S T . S € R E O , N U B L K I C L P R )  
IP(IOSTtJ.LE.OJGD TO 850 

L 

C DYtN CHE UUTPUT AUDIO FlLE 
C 

ddLK=-N8LK ! ALLOCATE A NUN-CDNTIGUOUS FILE 
CALL UPOPLN(FILEUUT,1UST,UUUIC'ILE, .'CREATE*,NBLK) 
CALL HESSAG(.IDSTl 
IC'(IOSIH.GT.OJGO TO 40 

C &HHUH IN OPENING OUTPUT FILE 
CALL UPCLOS(FlLPIN,lUST.'SAVE') 
CALL dESSAC(r1UST) 
GO TO 1U 

C 
C *HIT6 THE UUTPUT AUDIO FILE HEAVER (ALSO PRINTED ON LPR) 
" 
L 

40 CALL HUHUUT(FILEUUT,lUST,SPHEO.NBLK-1,LPRl 
IF(lUS'ltI.LE.UJG0 TO 750 

C 
C FIND UUT THE FHAdE LENGTH IN SAMPLES 



14UUMMY = O  
C 
C F I N O  OUT THL UUANTIZEH TYPE 
C 
b U  1FLLUNUU'~ .EU.Kb00)WH1TE~LUNUUT,12UOl  

HEAULLUNl ld r  ~ ~ ~ U , E N U = ~ ~ U J N C I I H , U T Y P E  
1YINCHH.NE. lJGU LO bU 
IF (UTIPE.hU.LAPLC .UH. OTYt'E.EU.GAUSS .OH. 
I UTYPE.EO.GAMM)CO 1 U  ' l u  
IFIOLYPE.hk; .UNIF .ANU. Q'l'YPE.NE.MULAh .AEiD. 
1 UTYPE.NE.ALAn1CU PO bU 

C 
C UPLtd Q U A N T I Z L H  F I L E  
C 
7 0  IC ' (OPIPE.EU.LAYLCIJ= l  

IF (U ' l ' IPL .6U.Uh IF  ) J = 2  
IV[UTYPL.EU.MULAWlJ=3 
IF(UTIPE.EU.GAUSSIJ:4 
lF[OTXPE.EU.cAMMlJ=5 
IF(U'I'YPL.EU.ALAII ) J = b  

C 
UPEN~UNl'P=~lLEONT,NAME=ONTNAMES(lrJl,TYPE='OLO',HEADONLY, 
I EHH~75U,FURM='UfdFUhMATT~ED' ,BUFFEHCUUNT=2I  

C 
C P I L L  I N  UUAN'LIZEU AHHAY "Q" 
C 

NLEV='L 
INDA'L - 

C 

DO 9 0  I = l , H A X t 3 l T S  
R E A D ~ F I L E ~ N ' L ' , L H R ~ ~ ~ O ) ~ O ~ J ~ , J = I N U X , ~ N D X ~ N L E V - ~ ~  
INUX=INDA+NLEV 

YO NLEV=NLEVIZ  
C 
C CLOSE U U A N T l Z L h  F l L E  ,. C 

C L U S E ~ U N I 1 ' = Y I L E U N T C L U S E o D I S P O S E = ' S A V E ' )  

C RLAD i4AhlclUM NUMbEH OY B I T S  TO at. ALLOCATED TO AN I N D I V I D U A L  C U E F F l C l t N l  
C 

1 0 0  IF[LUnUUP.EU.KBDO)wH1TE~LUNUUT,17OOl 
H L A O ( L U N ~ I ~ , ~ ~ U O , E R H = ~ O O , ~ N U = ~ S O ~ M A X A S N  
1YIMAhASN.LT.U .OH. MAXASN.GT.NAXBITS)GO TO 1 0 0  
I F I N A X A S N . E O . U ) M A X A S h = M A X b I ' r S  

C 
C HEAU U U A N l I Z E H  LUAUING FACTORS 
C ONE FUN EACH NUNHER OF B I T S  T H A l  COULD BE ASSIGNED 
C 
1 1 0  I F [ L U ~ U U ~ C . E U . K O U ~ ) W ~ ~ ~ . E ~ L U N U U ~ ~ , ~ ~ ~ O ~ W A X A S N  

R E A U ~ L U N ~ N ~ ~ S U U ~ E H R ~ ~ ~ O I ~ N O ~ ~ ~ U ~ ~ O S C A L E ( I ~ ~ I ~ ~ , M A X A S N ~  
C 
C DLFAULC VALUE FUR QSCALE I S  1.0 
C 

UU 1 1 1  I= l ,MAXASN 
I~~[USCALkllJ.LE.O.UlUSCALE~l~~1.0 

1 1 1  CUNTlNUC - 
C GET NOISE SHAPING PARAMETER 
C 
1 1 5  lF(LUNUUT.EU.KBDO)WH1TE~LUIdOUT,3LIOOI 

HLA0(LUhlN,15UU~ERR=11SSEhU=750)CAWMA 
1FICAMMA.LI.-1.0 .OH. GAMHA.GT.O.OIG0 TO 1 1 5  

C GE'l U l S f O B F l U N  FUNCTION TYPE 
L 

1 1 7  1YILUNUUT.EO.K~VOIWH1I 'E (LUNUUT,4000)  
H E A O ~ L U N I N , l 3 O O , E N ~ ~ 7 S U l N C H H , D T r P E  
IFINC~H.EU.O)UTYPE=QTXPE ! DEFAULT I S  OTYPE 
IC'(UTIPE.PrE.LAPLC .AND. DTXPE.NE.GAUSS .AND. 
1 UTXPE.NE.UN1O')GO 1 0  1 1 7  .. 

C GET b l T  HATE 
C 
1 2 0  I F I L U N U U ' f . E Q . l ( t ) O O ) W R 1 T E ~ L U N O U T ~ l L I O O l  

R E A O ( L U I ~ ~ N , ~ ~ ~ ~ , E R H = ~ ~ O , E N L ) = ~ S O J ~ ) ~ T H A T E  
lFlBlCt4ATE.LE.U.O)GU TO 1 2 0  
BATE=NPAkA*b ITHATE/SFHEO 
TEWP=RATE*SFHEU/NPARA 
NFHBUC'=BUYSIZE/SAMPLES ! NO. OF FHAMES PER SAMPLE BUFFER 

C 
c PAHANYTEH YOU FHAME TU FRAME MEdOHY IN VARIANCE ESTIMATE 



H E A U ( L U N 1 N ~ 2 B U O t E H R = 1 3 0 ~ E N D = 7 5 U 1 N C H R R M  
IF(NCrlH.EO.U .OR. h.LT.0 .UH. N.G'f.24)GU TO 130 
'4P=M+l 
PITCH=.FALSE. 
IY(M.Ed.0IGU TU 145 

C 
C CEi PITCII ES'PIMA'LION PAHAMETEH 
C 
140 1F(LUNUUT.EQ.KMDOIHRITE~LUNUUU1 ' ,39O0)  

R E A U L L U N ~ ~ ~ , ~ ~ ~ ~ , E N D = ~ ~ U ~ N C H H , ~ ) D U I I M Y  
IF(UDUUHY.EU.NUIG0 TO 145 
lF(MDUMMI.NE.YES .AND. NCHh.GT.OlGO TO 140 
PlTCH=.rHUE. 

C 
C ilU'l'PUT COOlNG SCliEME PAH'I'ICULAAS TU '1'HE LINE PRINTER 
C 
145 nRITE(LPR,2JUUlNPARA,OTYPE,MAXASN 

~RITEILPH,235Ul(USCALE(Il,I=1,MAXASNl 
W R ~ T G I L P R , ~ ~ U U ) R A T E , T E M P  
rAlTE(LPU.2375lGAMMA.D'L'YPt:  
IF(M.GT.UIrRITE(LPH12500)M,PlTCH 
IF(~.CU.UJWH1TE(LPH,2bVOl 
IF(ALPHA.G~.U.OI~RITE(LPH,3SOOIALPHA 

C 
C PHEEHPHASIS - DEGWHASIS UPTION 
C 1 DEFAULT IS NU PHELMPHASIS - DYEEMPHASIS ) 
C 
150 ~ ~ ' I L U I ~ L I U P . ~ O . K ~ ~ U O ~ ~ ~ H I T E ~ L U N O U ~ P , ~ Y O U I  

H E A D ~ L U N I N , ~ U U U , E H R = ~ ~ : O , E N D ~ ~ S O ~ N C H R , F B R K ~ . F M R K ~  - 
L 

UELTAF=SFhE0/(2.*NPAHAl 
Y=o.u 

C 
UU 1bU I=l,NPARA 
'CAIN(II=I.U 
1F~FBR1(2.Cl'.FBHKll~GA1N(Il=~1.t(Y/FBRKll**2) / [l.+(F/FBHK21**2) 

C INITIALIZC SICMAOLD TO ZEHU 
SIGMAULU(Il=O.O 

1bU Y=P+DELTAY 
C 

I F ( C ' t l H l ( 2 . G T . F B H K 1 l L v R L T E ( L P H ~ 3 1 0 R K 2  
" 
L 

C PLOT BASIS SPEC'l'HUM OPTlON 
C 

YLOT=.FALSE. 
180 IF(LUtdUU'l'.~(r.KHO~~riRITE(LUNUUT,32Ui)l 

HEAU(LUN1N,13UU~hNU=750lNCHH,BUUMMY 
IF(BDUMMY.EO.NO .OR. NCHH.EP.UIG0 TO 185 
IF[BUUM*Y.IlE.YESICO 10 19U 
PLUl=.IUUE. 

C 

C 
C ASK 
C 
1 8 5  

C 

N B L K Y = - N F H A I E + I ( N P R R A * 4 + 5 1 1 J / 5 1 2 1  
CALL OPOYE~~FILEPL'C,IUST,'UP~:PLT.DAT'~~'CREATE',NBLKP~ 
IYllUSA'M.GT.UIGU TO 185 
CALL MESSAG1,IOSIl 
dHlTYILUNOJT.3J3Ul 

C SCHEDULE TASK 
C 

CALL SCHEDlHHS,MIN.SECl 

L 

11 1 idBSTP=l 
N ~ L U C 1 ( S = [ N Y A U A + I 2 7 1 / 1 2 8  
NbXTEY:NPARA*4 
NMEM=O 
NMS'C=2 ! STAHT AT BLOCK 2 (SKIP HEADER) 
NBB=BUFSIZE/2Sb ! NO. OF BLOCKS PER BUFFER 
t~HENEds,=(NFRAHEtNFHBUF-lJ/NFHBUF 
x2=0.0 
c2=0.u 

L 

C LNITIArE FIRST THANSFEH 
C 

CALL R E N I N T ( f I L E I H ~ B U F S I Z E ~ N U E r ( ~ N B L K ~ N B S T ~ 1  
C 

OU 300 BUFCNT=l,NRENEWS 
L 
C PROCESS A N6,d BUFFEU 



C 
CALL ~ENEW(BUFFEH,N,IUSTI 
If'(IUSTtl.LE.0lCO TO 750 
LAST=iU/SAMPLES ,. 

C 'IHANSC'UHM CHE bUC'FER 
C 

00 190 FHMCNP=l.LAST 
OPC'SEC=(FHNCNT-lI*SAMPLEStI 

1YU CALL 0CT(BUFFEH(OFFSETI,SAMPLESl 
C 
C irUAtiTIZE THC C'HAIIES 
C 

00 250 YHMCNf=I,LAST 
OFC'SET=(FHHCNT-l l*SAMPLES 
140UMMX=14!JUMMY+l ! INCREMENT UVEHALL FRAME COUNT 

C 
ZEHOC'Hd=.THUE. 

C 
DU 22U I=lrNPAHA 
TEMP~(~UFFEH(l+UFFSETl**2l*YGAINlIl 
ZEHOFHH=ZERUFHM .AND. TEf4P.EU.O.U 
IF(ALPHA.EQ.O.0IGU TO 220 
~Gf4P=ALPHA*SICHAOLD(1 l+BETA*TEMP 
SICMAULO(Il=TEMP 

Z I U  SIGMA(IJ=TEMP 
C 
C IF AN ENTlHL FHAMC IS ZEHU SKIP QUANTIZATION 

C PHEPAHE S1D6 1NFUHMATIUH 
C 

b 

lC'(.NUr. PLOTlGtJ TO 232 
C 
C #RITE BASLS SPECTHUM TO PLOT C'lLE 

CALL ~KllU(PlLEPLT,IUST,N9STY,Nt)YTEP,SICMAl 
NBSTP=dbSTP+NbLOCKS 
IF~IOSLH.GC.UIGO TO 232 
CALL *ESSAG(.lOSTl 
CALL 0PCLOS(~1LUPLT,10STv1DELETE11 
CALL MESSAC(,lOSTI 
UHITE(LUhUUI'r33001 
PLOT=.C'ALSE. 

ASAIGNHENC 

HZHA'IE 
CALL ASSlGN(SIGMA,BITS,H,NPAHA,MAXASN,CAMMA,SFREQ,DTXPEI 

C INVEHSE 'L'HAlISF'UHM 'THE BUFC'EH 
C 

00 260 FHMCN'1:l ,LAST 
OFFSET=(FHNCN'r- l I+SAMPLES+1 

6 CALL I D C T ( B L I ~ ~ C ' E H ( O F F S E T ~ , S A M P L E S ~  
C 
C PLACE SAHPLES IN INTEGER OUTPUT BUFFER 
C 

00 270 I=L,N 
1 7 0  IHUFFEH(l)=CLlP(BUFC'EHClIl 
C 
C OUTPUL SAIIPLLS 'TO DISK FILE 
C 

NdXTtS=h*l 



CALL ~MlT~(FlLLUUT,lUST,NbST,I~t)YTES,IBUFYER) 
IY(lUS'l'U.l,E.O)GU TO 750 

300 h6ST=lIBSl'tNbM 1 UPDATE STARTING BLOCK 
C SIGNAL TU NOISE CALCULATIUh 

SNR=IU.*ALUGIO(X2/E2J 
nRlTE(LPH.2703jSNR 
dHITE(Ki3UU.17UUlSNU 

C 
C EAl'T 'CU CLUSE lNPUT, UUTPUT FlLE ( ANU PLOT FILE 1F NECESSARY) 
C 

CnLL MESSAG(,IOSTI 
CALL UPCLIJS(YILEOUT,IUST,'SAVE11 
IY(.NUI. PLJ'C)GU TO 850 
CALL MESSAG(,IUSTl 
CALL UPCLIJS(FIL~PLT,IOST, 'SAVE'.) 
G O  TO 850 

i 

C EXI'C TU CLUSE IIIPU'C, DELETE UUTPUT FILE (AND DELETE PLOT FILE 
C IF NECESSARY I 

1 CALL MESSAS( oIUS'E1 
CALL UPCLUS(PlLEUUT,IOST,IUELE'CE') 
lF(.NUl'. YLOEIGU TO 850 
CALL MESSAG(,lUSTJ 
CALL L)PCLUS(FILEPLTrIUSTr'DLLETE') 

L 
C CLUSE LNYUC FILL 
C 
I 5 U  CALL MLSSAG(r1UST) 

:ALL OPCLUS(FIL~lN,IilST,'SAVL') 
CALL MESSAC(,lUSTl 

C 
C OPTlilN TU P H K L S S  ANU'CHER SCC OF DATA IF AN INDlRECT FILE 
C IS SPECIFIED 
C 

IF(LUHIN.NE.IIUOIR)GU TO YUU 
kLAO(LUNlh,l300~EhUZ9001~ChR,BUUMMY 
CLUSE(lJh L'I'=LPHl 
Ik(bDUMMY.EU.SLAS~IG0 TO 10 

Y O U  IF(GfiCR.ElJ.NU .AND. LUN1N.NE.IhDIRICALL HEQUES[RADSO('...MCH')) 
CALL EXI'I' 

L 
C FORMATS 

t'OHMAT(/'6FHAME SIZE: 'I 
FlJUflATIAlUJ 
FONMAT(/'SUUANTIZER TYPE: ' 1  
F U R M A P ( L J , ~ O A ~ ~  
FURMA'C(ll ENI'EU',12,' OUAN'CIZER LOADING PARAMETERS' 
1 /'S(STAHTING FROM I B1T OUANTIZERI: 'I 
FOHMAT(<MAXHITS>ElO.OI 
FURMAT(/'SLNTEH MAXIMUM BIT ALLUCATION: 'I 
FORMAT(/ ' SBIE RA'IE (BI'ESISLCUND) : ' I 
FURMAT(' NUMMEH OF PARAMETERS PER FRAME:',I4,SX, 
1 'OUAdTlZER TYPE: ',Al,SX,'MAXlMU~ BIT ALLOCATlON:',121 
FURNAT('0UUANTIZCR LOADING PACTORS: ',<MAXBITS>Y10.31 
FUHMAT('0NOISE SHAPING PARAMETER:',FB.3,5XI 
1 'DlSTUKFlON FUNCTlUN TYPO: '.All 
FUHMA'I('UTOrAL NUMtlEH DY MATS PER FkAME:',17,lOX. 
1 'TOTAL BIT RATEI~,TU.OJ 
FURMA'Il'UPHEUlCTOh UHDE~:',I~,SXI'P~TCH ESTlMA'CION:'rL2J 
FUHMAT('0NU BASIS SPECTRUM YSTIHATION') 
FORMAT(/'OSlGNAL-TO-NOISE RA!ID =',G13.6/1 
YORMAT[P.IlO) 
YUHMA'E(/'SEhTEH FREOUENCI BREAK-POINTS FOR1, 
1 PHEEMPHASIS-DEEMYHASIS: 'I 

. - .  
~UUMAT(/';P~OT FILE? 
FOHMAT(' **+ PLOT FlLE UYLEIED * * * ' I  
FURMAT(/'SYRAME TU FRAME MEMOHY PARAMETER: ' 1  
FURMAT('0FHAME TO FRAME HEMOHY PARAMETER:'.F7.41 
PORMAT(/'SYHEDlCTOR ORDER: 'I 
FOHMAT(/'U+** NON-POSITIVE VARIANCE DETECTED *+* ' /  
1 ' YRAME:',l6,' PAhAMETER:',16,' VARIANCEl'rGl4.41 
YURMAT(/'SdUISE SHAPING PAkAdETEH: ' 1  
FUHMATL/'6PlTCH ESTlMATlUN? 'I 
FURMAI(/'SDlSTOHTIUN PUNCTIUN FUR HIT ASSIGNMENT: 'I 
YljRMAP('UPHESENI' TlME IS ',dAlI 
FURHAT(/'$&NTEk STARTING TIME: ' 1  
FURMA'C~I(12,lX)l 
CNU 



SIIBHOLIrINE ASSIGN~SIGMA,BITS,Bl'~SPF,N,MAXBITS,tiAMdA,SFREO,DT~PEl 

1 2 / 0 3 / 7 9  D. SLDAN 

HUUTINE TO ASSIGN A PORTION OF BITSPI '  B I T S  PER FRAME TO EACH 
UY TdY N PAHAMLTERS. r H E  ASSIGNMENT I S  DONE I N  AN OPTIMAL 
(LE. MLNIMUH MSEI NAY I F  THE PARAMETERS ARE INDEPENDENT RANDOM 
VAHIAMLES. 

SIGMA - 
r ( I T S  - 
BITSYC' - 
N - 
MAXBITS- 

GAMMA - 
SFRCQ - 
UI ' IPE - 

VAHIANCE VECTOR 
NUMMEH OF B I T S  FOR EACH PARAHETEH 
( CAN BE O F U H L O N  VARIANCE PARAMETERS 
TUTAL lJUMBEH OF B I T S  PER FHAME 
NUHUEH UF PAHAMETERS 
MAXIMUM 8 I T  ALLUCATIUN TO A PARAMETER 
( NUTE: MAXBITS MUST BE LESS THAN OR EQUAL TO 8 I 
NOISE SHAPING PAHAMETEH 
SAMPLING FHEOUENCX 
DENSITX TXPE FOR OISTUHTIUN FUNCTION 

DTIPE= ' L '  PUR LAPLACIAN DENSITY 
DTXPE= ' N '  t'OH GAUSSIAN UENSlTY 
DTXPE= ' U '  FUR UNIFORM OUANTIZER 

DESIGNED FOH GAUSS1,AN DENSITY 

PAHAMETEH LUWFHEO=lZS.O 1 FHEOUENCX TO START B1T ASSIGNMENT 
PAHAf4E'PEH MAXPAHA'256 
B I T E  OTXPE 
l N I E G 6 H * 2  BITS(tiJrlNDEX(MAhPARA*8).B1TSPF 
HEAL S l G ~ A [ N J ~ P ( M A X P A R A * d I ~ U I ( ~ U , 3 1  

C 
CU%MUN/UKAHEA/P,INDEX 
C U ~ M ~ H I C U H K E C T / G C O R ~ H A X Y A H A )  !CORRECTION AHHAX vnon TCSINFU 

C 
C T H I S  OArA STATEHENT I N I T I A L I Z E S  THE DISTORTION DIFFERENCE AHHAY 
C 

OACA UK/b .JbbE-1 ,  2.4596-1, 8.295E-2, 2.505E-2,  b.Y9bE-3, 
1 1 . 8 6 1 t - 3 ,  4.tlObE-4, 1.2216-4, 
2 3.O0UE-1, 3 .238 t -1 ,  1 .217E-10  3.9116-2.  1.127E-3, 
3 3.042E-3, 7.914E-4,  l .Yk3E-4,  
4 6.366E-1, 2.44bk-1,  B.136E-2, 2 .590E-20  8.050E-3, 
5 3*0.U/ 

C 

1YIN.GT.MAXPAHA.UH.UAXBITSSG1' .8 lSTOP ' B I T  ASSIGNMENT ERROR' 
C 
C SELECT DISTUHTIUN FUNCTION 
C 

I Y ( D T X P E . E U . ' N ' I I ~ I  
I F ( D T Y P E . E U . ' L ' I l = 2  
IY IDT~PE.EO. 'U ' I I :3  

C 
IFCDTXPE.EU.'U' .AND. MAXBITS.GT.5ISTOP ' MAXBITS>5 FOR UDF' 

C 
C Z6HU B I T S  ARHAX 
C 

UO 1 5  J = l , N  

C CALCULATE STAH'TING INDEX I'UH B I T  ASSlGNMENT 
C 

LOdJ=IFIX(2.*LilWFHEQ*N/S~HEO) 
C 

0 0  3 0  J = l r N  
s=o.o 
IF[J.CE.LUuJJS=SIGMA(JI  
lF(GAHHA.LT.O.0IS~S*(CCOH~JI**GAMHAI 

C 
C CALCULATE WARGIIUAL HETUHNS 
C 

0 0  3 0  L= l ,MAXBITS 
1 S u e = J t ( ~ - l  J*N 
I N U E X ( I S U B J = J  

3 0  P ( I S U B l =  - S * U U ( L , I l  
" 
C SORT L I N E A R  AHHAX P I N  UECHEASING OHDEH KEEPING 
C rHACK UF PEHMUPATlUNS I N  I N l J E I  
C 

CALI, V S U R I ' P ( P , N * H A X B I T S , I N D t X l  
C 
C ASSIGN B I T S  ONE BY DNE I N  OHDEH UF SUHTED P ARRAY 
L 

UO 4 0  J = l , B I T S P F  
I S U B = I N D E X ( J l  

4 0  B l T S ( I S U B ) = B I T S ( I S U H ) + 1  
RETURN 
ENU 



SUBKUU' I ' IN6 AUTUIN,HIMP,A,ALPHA.HCI  
2 1 / 0 9 / 7 8  U.SLUAN 

C l l l S  SUaHOU' I ' lNE CALCULATES THE PREDICTOR C U E F F l C l E N T S  AND THE 
HEFLLC ' I ' I I IN  C U E Y F I C I E N T S  U S I N G  I'HE A U r D C U R H E L A T I U N  TECHNIOUB.  

N - U I M E N S I U N  U F  AUTUCURHELA'I ' IUN VECTOR 
H  - A U T U C U H H E L A r l O N  VECTUH 
MP - hrUf4t)ER U F  PREUIC'I 'OH AND R E F L E C T I O N  C O E F F I C I E N T S  
A - v E c r o n  o r  PHEDICTOH COEF'F~CIENTS 
ALPHA - N U n M A L l Z A T l U N  YACTUH 
HC - HYC'LEC' r IUN C O E F l C I E d T S  

D I M E N S I O N  A ( M P I . R C ( H P 1  
O l M E l d S I O N  H ( N 1  

A l M l N C t l J = H C M  
ALP f iA=ALPHAtHCM*S  
IF (ALPHA.LE .U .O l  CU TO 0 0  

0 C U N T l N U E  
C  
C  
b u  H E r U R t I  

END 



C 14/07/78 D.  SLOAN 
C HUUTINE TU UU A DISCHETE CUSlNL THANSFOHM IN PLACE 
C USING A CUMYLCX N/2 POINT FF'I' 
C HCFEkENCEZ M.J. NAHASIHHA AND A.M. PE'CETSON 
C lEEE TKANS. ON COHM. VUL. 2 6  NO. 6 JUNE 1978 
C I - IN THE AHHAY UF DATA SAHIJLES UN INPUT AND THE 
C AXHAY UY UCT SAMPLES ON UUTPUT 
C N - IS 'THE SIZE UF THE IRANSFOHM 
C 
C N.B. N HUSP 8 6  A YOHEH UF 2 NUT GhEATEH THAN 2048 
C 

PAHAMETLH Y 1 B I 2 = 1 . 5 7 0 1 9 6 3 2 7 , H H 0 0 T 2 = 0 . 7 0 7 1 0 6 7 8 1 0  
REAL X(N1 

C 
ANCsPlBXZ/N 
CC=CUS(ANGl 
SS= -SIN(ANGl 
FACTOH=P.O/N 
N F F T = N / ~  
NFYTZ=dFFT/2 

C 
C PEHMUIt llJYUT AHHAX 
C 

CALL MCIPZ(XIN,~I 
DO 10 I = l r ~ F F 1 ' 2  
TMP=X(ltl4FFTl 
X(l+NFPCJ=X(N-It11 

1 0  X(N-I+lJ=TMP ., 
C 'TAKE HEAL FF'T 
" 

C CUMPLEX MULTIPLY AND SCALING 
C 

ClSCC 
s1=ss 
X(lI=X(Ll*FACTUH*HHUUT2 
X(NFFT+ll=X(NFFtill*FACTOR*HHUOT2 
00 20 1=2,*C'C'T 
hl=XlIl 
r I=X(I+I~FFC) 
h(Il=(Cl*Xl-S1?YIl*FACTOH 
X(ItdfFTl=-(Cl*YI+Sl*XII*YACTOH 
T M ~ = C ~ ~ C C - S I * S S  
sI=C1*SS+SI*CC 

20 Cl=TWP 
C 
C PEHUUTE UUTPUT AHHAX 
C 



S U n H J U l ' l N E  I D C T ( X , N )  
C  
C  H U U T l N E  TlJ UO A  1 N V E R S L  D l S C R E T t  C U S I N E  T H A N S F U H M  I N  P L A C E  
C  U S I N G  A  C O M Y L E b  N / 2  Q U I N T  T k ' T  
C  H E t ' t K L N C E :  M.J P r A H A S I M H A  A N D  A.M Y E T E H S O N  
C  1 P E E  TRANS.  ON CUMM. VOL.  1 6  NO. b JUNE 1 9 7 8  
C  
C  X  - T H E  A H H A Y  O F  D C T  S A M P L E S  ON I N P U T  
" . A N 0  THE O A T A  SAMPLES ON OUEPUT 
C  N  - I'HE S I Z E  O F  T H E  T H A N S Y O R M  
C  
C N.b. ' M U S I  l3E A  P O d E H  Uk' 2  N U E  C H E A T E R  T H A N  2 0 4 8  
C  

P A R A M E T E R  P1~XZ=1.57079b327rHHU~T2=0.70710bbIB10 
R 3 A L  X ( N 1  

C  
A N G = P I 8 i Z / N  
C C = C O S ( A N C I  
S S Z S l N ( A N C 1  
NYC"I'=W/2 
N F F T Z = N F F T / 2  

C  
C  P t H M U T E  I k P U T  AHRAY 
C  

00 1 U  I : 2 , N F Y I 2  
' l M P = A ( l * N f t ' T l  
A ( l t ~ V F T I : X ( N - I + 2 1  

1 u  X i N - l t 2 J : T t i P  
C 

C  P H E Y A A E  U A T A  
C  

c1=cc 
s1=ss 
X l 1 l : X ( 1 l * t l R O U T 2 * N  
X(PrFYTtIl=XlNFFT+ll*HHOOT2*N 
DO 2 0  I = Z , N F F T  
X I = X l l  J * N  
X I = A L l t N t ' F I ' J * N  
X l l J = ( X l * C l i l I * S 1 ) * U . 5  
x ( ~ ~ N Y F T I = ( x ~ * S ~ - Y ~ * C ~ I * U . ~  
T W = C l * C C - S l Z S S  
s 1 = C l ~ * S S t S l + C C  

20 C l = F d Y  
C  
C  r A K E  H E A L  I N V E R S E  Y F T  ,. 

C A L L  H Y Y T l X , h , - 1 1  
C 

L 

0 0  30 I = I , d F F I 2  
T M P : X l I i N F F ~ J  
X ( l t N Y k ' f l = X ( N - I t 1 1  

3 U  A ( d - l t 1  l='CMP 
C A L L  M T I P 2 ( d r N . - 1 1  
R E C U H N  
C N V  



S U M H U U l l h E  ~ l l P 2 ( A , N , I F t l )  
C 1 4 / 0 1 / 1 1  J .  CUSTA 
C 
2 l t ' u > U  TKA l ibPUSLS I l l E  M A l k l A  A ( I , N / ' L )  I N  PLACE 
C I ~ N < U  THAdSYUSES lllt MAl 'U lX  A L L / 2 , 2 1  I N  PLACE 

SU~JHUJCLNE U U A U ~ I Z E ( X , U , L E V E L S )  
C 1 9 / 0 4 / 7 9  D. SLUAN 

C HOUTINE 1I-J U U A N I I Z E  X U S I N G  OUANCIZEH O 
C X - U I  INPUL' :  bAHIAMLk. TO ME UUAN' I IZED 
C - UN UUFYUI': O U A N T l z E D  V A H l A B L E  
C 0 - UUANI'ILEW ANhAX OF OUTPUT L E V E L S  (MHEAK P O I N T S  ARE 
C H A L F  * 4 Y  dETWEEh OUTPUT L E V E L S )  
C L ~ V L L S -  NUMdEH I-JY L E V E L S  1 L  uUANT1ZEH 

HEAL U ( L B V L L S 1  
lNCEGLH+k!  L,U 



SUBHUUl ' lNE H f ' t  T(X,N,  I f ' N l  
C 1 3 / 0 8 / 7 8  D. SLUAN 
C 

C H O U r l h E  fU  DU A REAL F Y T  I N  PLACE 
C SEE HLTHFil l  D E S C H l P r l O N  YUH DATA OHUEHING 
C 

C ?. - DATA AHHAY 
C rrU'l'E: N SHOULU BE A PUn'EH OF 2 RANGING FROM 2 TO 2048 
C N - D I M E N S I O N  OF I 
C lYEr - I N Y L I r  PARAMETER TU u E l ' t ; h M l ~ E  D I H E C T I D N  OF THE TRANSFORM 
C I F  I F N  > 0, X I S  CUNSIDEHEU AS THE T I M E  S E H I L S  Oh I N P U T  
C AND THE FREQUENCY P O I N T S  ON OUTPUT 
C I Y  I F N  < 0, X I S  CUNSIDGR AS THE FREQUENCY P U l N T S  ON I N P U T  
C AN0 THE T I M E  S E H I E S  UN OUTPUT 
L 

HBAL X(NJ  
IF lN .LC.2  .OR.  N.GT.204UIH!LTUHN 

C 
N B I Z = N / Z  
I Y I I F N . L ' ~ . 0 I C O  'TO 1 0  

L 
C A L L  M T I Y Z ( h r N . t l l  
C A L L  VFFTlX,A(NBY2tI),NbY2~tll 
C A L L  H L T H Y H ( X , X ( N B Y 2 t l l r N t ) Y 2 , + I l  

C 
HETUNN 

L 

l u  C A L L  R L T h P M ~ h , X ~ N B Y 2 + l l , N B Y 2 , - 1 l  
C A L L  V F F T l h , h l N t ) X Z t l ) , N M I 2 , - 1 )  
C A L L  M L I P Z ( X , N , - 1 )  

C 
NETUHN 
EN0 



1C' I P N  I S  CHEACLH 'CHAt4 ZEHU, T H l S  SUBROUTlNE COMPLETES THE UISCHETE 
C'UUHIEH THANS~'UHM OF I * N  HLAL OATA POINTS. THE FIHS'C STEP I N  ' T l l l S  
PdOCESS I S  TU HEAhHAkGE THL LIATA SU THAT I T  I S  STUREU ALTERNATELY 
IN THE A H H A ~ S  A AND x .  L C Y  'I'nE INPUT HEAL SEQUENCE BE 
A l l l , ~ ( Z J , . . . , A ( l * i d l .  THSSE VALUdS AHE STORED I N  THE AHHAXS X ANI) 
I 111 THE t 'Ol8LUnlhC URUEK. 

A(II - r i l l  
A 1 2  I - Y ( 1 1  
A 1 3 1  - X ( l N C t 1 1  
A ( 4  I - Y ( I N C t 1 1  . . . . . . 
A l 2 * N - l J  - X ( l N C * ( N - 1 ) t l I  
A ( l * l l J  - f ( l N C * ( N - 1 ) t l I  

T H t  NEAT SI'EP I S  TO I'HANSFLlHM 'Cl4E UA'CA U S I N G  A COMPLEX DISCRETE 
P U U K I E H  'fHAdSFUHM OF L E N C I d  N. THE F I N A L  STEP I S  TD CALL T H I S  
SUBHUU'CldE 1'0 CUMYLETE THE THANSPUHM. L E T  THE N t 1  COMPLEX 
UUCPUT VALUES BE (AH(l),Al(lllr...rlAR~Ntl),AI~Ntl)l. THESE 
u u r p u r  VALUES ARE STUHEO A S  YULLUWS. 

A H ( 1 1  - X ( l 1  
A H ( 2 1  - X ( I N C t I 1  ... ... 
AN(NJ - X l l d C * ( l d - l l t l l  
A H I N t I l  - I ( I 1  
A I ( Z J  - X l l N C t l l  
A l ( 3 1  - Y ( I N C * Z t l l  ... . . . 
A L ( N 1  - Y l l U C * ( N - 1 ) t l I  

NOCL Pt iAI '  A H l N t l J  I S  STOHEU I N  THE PLACE THAT WOULD NORMALLY BE 
HL5LdVEO FUR A l ( 1 1 .  THLS I S  POSSIBLE S I N C E  A l l 1 1  (AND A I ( N t 1 1 1  ARE 
KdO*d  A P H I U H I  r O  BE ZEHU. A T Y P I C A L  C A L L I N G  SEQUENCE I S  AS FOLLOWS. 

N S L = I u C * ( N - l l t l  
C A L L  VPFT(X,Y I N E L I t I N C l  
CALL  H L ' T H F M ( d r Y r N E L r t l h C I  

INVLASE U l S C h L T E  FOUHIEH THANSFOHM - 
1k I F N  I S  LESS THAN ZEHO, T H I S  SUBROUTINE PREYAHES THE DATA FOH 
SYALUA~TINC AN INVEHSC D I S C H E I E  FOURIER TRANSFORM THAT RESULTS I N  
l * ~  HEAL UA'CA VALUES. LET THC d t 1  CUdPLEX I N P U T  VALUES B E  
(AH(1l~AII1Jl....~~AR~Nt1l,AI(N*I)). I F  THESE VALUES ARE TO HLSUL'C 
I N  A REAL SEQUENCE AFTER THE lNVERSE DISCRETE FUUHIER THANSFUHM, 
A l ( 1 1  AND A I ( N t 1 )  MUST BOTH BE ZERO. PHE H E M A l N l N G  2*N DATA 
VALUES 1 N t 1  HEAL COMPONENTS ANU ri-1 IMAGINARY COPIPONENTSI AHE 
S IUHED 1 N  THE AHHAYS X AND X AS FuLLOnS. 

A H ( 1 1  - ill) 
A H ( 2 1  - X l l I J C t l )  ... ... 
A H l d l  - X ( I N C * ( N - I I t l J  
A H ( N t 1 1  - 1 1 1 )  
A l ( 2 1  - I ( I N C t 1 1  
A l ( 3 J  - l l I N C * Z t l )  . . . . . . 
A I ( N 1  - I [ I I V C * ( N - ~ ) + ~ )  

hOCE THAT A H ( N t 1 J  I S  STUkEU I N  T d E  PLACE THAT WOULD NUHMALLY BE 
HLSEHVED YUH A l ( 1 1 .  T H l S  SUBHUUTINE I S  THEN CALLED TO PREPARE 
THE UMTA PUH THE lNVEHSE DISCRETE PUURIER THANSFOHM. 'THE UUTPUT 
OF 'THE l N V t H S E  TRANSFORM CONTAINS THE 2 2 N  OESIHED HEAL OATA P U l N T S  
STOHEO ALTEKNATELI  I N  THE AHHAYS X AND Y .  L E T  THE 2*N HEAL DATA 
P O I N T S  8 6  A ( I ) , A ( 2 1 , . . . . A ~ 2 * k l .  THESE ARE STUHEO AS POLLUWS. 

A t 1 1  - X l l J  
A 1 2 1  - ill) 
A I 3  1 - X l I N C t l I  
A 1 4 1  - I I I N C t l )  . . . . . . 
A l 2 * N - I 1  - X ( I N C * ( N - I l t l l  
A ( P * N I  - i l 1 N C * ( N - l l t l l  

A T Y P I C A L  C A L L I N G  SEQUENCL I S  AS FOLLOWS. 
N E L = I N C * ( N - l l t 1  

C A L L  NL'CHC'H(X,~,NEL,- lNC1 
C A L L  VFPT(X,Y,NEL,- INCI 

h YALULS, THE ODD NUMBEHED ELKMENTS OF AN ARRAY OF HEAL DATA 
OH 'THE HEAL PAHT OF CUMPLEX DATA 
N VALUk:S, Tt iE EVEN NUMBEHEO ELEMENTS OF AN AHRAY OF HEAL DATA 
UH I t I L  ~ P ~ A C I N A H X  PAd'C Ut' COMPLEX UAPA 
'THE AHHAYS X ANU Y AAE LACt l  DIMENSIUNEU NEL, WHERE 
N L L = I N C + ( N - l l t l ,  AkD N I S  THE NUMBEH OF P O I N T S  I N  'THE 
CHANSFLIHM. FOR INC-1 ,  NEL=N. 
I N P U T  PAHRME'CEH, EOUAL I'U t I N C  FOR THE TRANSFOHM, 

EUUAL TO -1kC FOR THE INVERSE TRANSFORM, 
I H E H E  I N C  REPRESENTS THE INCREMENT BETYEEN ELEMENTS OF THE 
AHRAYS 1NUHMALLX 11. I F  I H C  I S  EUUAL TO 1, A L L  ELERENTS OF THE 
A K K A X S ' X  AND x ARE usw IN PROCESSING THC DATA. IF INC IS 
CHLATEd THAk 1 EVLHY IUC-TI4 ELEMENT Ut' EACH ARRAY I S  USEU 1 N  



C  P k O C E S S I N C  I ' I IE LJAl A. 
C  N.0. 'L'rlE FAS'L' C'UUHLEH I kANSFOHM ALCURITHU REQUIRES THAT 'THE LLNGTH 

(IF THE THANSC'ORW, N ,  t)E A  Pr)rJEH OF THO. 
C  

01 t4ENSIUN . A ( N L L l , Y ( N E L J  
UA'L'A P 1 / 3 . 1 4 1 5 9 2 6 5 4 /  

C 
C  1 Y I ' ~ l A L I Z A ' L ' l U N  

I N C = l A B S ( I Y N J  
~ ~ = ( N & L + I ~ N C - I ) J / I N C  
A H G = P I / F L U A T ( N )  
C C = C u S ( A n C )  
S S = - S I N ( A n C J  
c1=cc 
s1=ss 
1 ' W = h ( l )  
I ( l ) = T t 4 t X l l l  
i ~ l l = ~ N - x ~ l l  
ICI IFN.C' I ' .OJ GU PO 2 0  
c 1 = - C I  
S b l - S S  
X ( l J = 0 . 5 * X ( I J  
Y ( l I = O . 5 + 1 ( 1 1  

C  
C  C u n P L E 1 E  PIIE THANYUHM U k  PhEYAHE FUH THE l N V E R S E  THANSFOHM 
2 0  h H = l H / 2 ) * I N C t I  

J S P = l N C + I  
IF(JSr .G'L ' .NHI  GO TU 5 0  
K s N I l N C - ( I N C - 1 1  
UU 4 0  J : J S ' I , I * H . ~ ~ C  

A H i J = X l J l t X ( K J  
A H l = X ( J I t I ( 6 J  
A I U = Y ( J l - Y ( h 1  
A I I = X ( J J - X I K J  
h X = C I * A k l + S l ? A l l  
Y : = S l + A H I - C l I A I l  
X ( K J = U . 5 * ( 1 Y - A 1 0 1  
Y ( J J = U . 5 * ( Y Y + A I U J  
X ( K J = O . 5 * L I H O - X h I  
h ( J J = 0 . 5 * l A k O t X X l  
T m = C I ? C C - S l * S S  
S l = C 1 * S S + S l * C C  
C I = T 1  
K = K - I L C  

4 0  C O n T I N U E  .- 
u n i L ' u H ~  
C  

ENU 



SUUHUlJ l ' I l 4 .5  S l N F O ( S L G M A , N P A k A , M )  
1 S / U Y / 7 Y  U. S L U A N  

U U l J l l l i E  1'0 A J L H A G L ,  DC:CIMATE A N 0  L I N E A R L Y  I N T E H P O L A T E  L O G  S I G M A  V A L U E S  
S E L  P h E  Z L L l n b K l  A h D  N U L L  P A P E R  U N  'TRANSFORM C O D I N G  

S I G M A  - VAHIAI ICE V E C T O R  
N P A k A  - N U M B K H  U F  P A R A M E T E U S  
M - A V I i H A G E  U V L R  M  P A H A M E T i H S  (1s. S U B S A M P L E  V A H I A N C E  M Y  H I  

H E A L  S I G H A ( H P A H A 1  

I F ( d . C ' I ' . N P A H A ) K E T U R N  
O E L T A = F L U A T ( M l  

A V L H A G E  U V L H  M  L L E M E N T S  

0 0  1 0 0  I = l , i d P A H A . M  
S U N r D . 0  

D U  1 0 0  J = I , I + M - l  
1 0 0  S U M = S U M t S I G M A ( J )  

I'EMt'=-HU.0 
I F ( S U M . C l ' .  l.UE-35llLMP=ALUC(SUM/VELTA) 

YOU S I G M A ( I l = I ' k ; M Y  
l F ( M . L U . N P A R A ) G U  T O  3 5 0  

C  
C L I N E A R  I h T L H P U L A T l U N  U F  L O G  S I G M A  V A L U E S  
C  

U U  3 0 0  l = l , d P A H A - M , M  
A=lSIGHA[ltMl-SICMAL1))/DEL'~A 
u = ~ ~ l t M l 4 S I C M A L 1 l - I * S l G M A L 1 t M l ) / D E L T A  

uu 4 u U  J = N P A K A - M ~ ~ , N P A H A  
4 U U  S I G 4 A ( J I : S  

k E T l J K N  
C N U  



SUHHUUPINE TCSINFOLSICMA,NPAHA,M,S~HEQ,P1TCHl 
C 2 8 / 0 2 / 7 9  D. SLUAN 
C S l u t ;  INk'UHMA'I ' lUN YOU THANSFUHN C O U I I ~ G  
C HEYLHENCY: A  VUCUDER-DRIVEN ADAP'TA'C l U h  STRATEGY 
C FUH L U s - H I T  HATE AUAP'TIVE 'TRANSFORM 
C C u O l l r G  UF  SPEECH 
C 
C  SIGMA - VAHIANCE VCCTOR 
C NPAHA - hUMdLH UF PAUAMETEHS 
C M - NUMBLH UY PHEOlCTUH C U E F F I C I E N I S  + I 
C St 'HEU - SAMPLING FHEOUENCl 
C  P I T C H  - L U C I C A L  VARIABLE D E T E H M I N I N G  P I T C H  E S T I M A T I O N  
C 

PAHAUEPEH f iAXPAKAm25b 
PARAMECEH I P I t C H = b O .  ! MINIMUM P I T C H  FREOUENCY I N  HERTZ 

H L A L  S ICMA(YPAHA)  
C 

COMMUN /~KAHEA/A(25l,kC~2S),X(ll 
CU4MUN/CUHHECT/GCOULMAhPAHAl 

C 
lF(M.GT.25)SCOP ' TOO MANX PHEDICTOH C O E F F l C I E N T S '  ,. 
N P l = N P A H A + l  
NP2=NPAHA+Z 
I2:NPl 

C  
OU 1 0  l = I , * t ' A H A  
X I I ) = S I t i M A ( l I  
X ( l Z J = O . u  

10 1 2 = 1 2 t 1  

C TAKE H L A L  l tYVEHdE tY 'P  I N  PLACE 
C 

C A L L  H Y Y T ( h , i r Y I , - 1 1  
IY(.IJi)'l'. P1CCH)GO CU l b  

C  
C  LUCATL S tCUNU MAXIMUM OF AUTUCUHHELATION FUNCTION 
" 

XAAXZ-1.E30 
L I ~ I P = ~ l N U ( l P I X ~ S F H E O / M P I T C H 1 , N P A H A l  

C GEdCHAI'E U P T I M A L  ( M l N I M U M  SQUARE EHROHI PHEVICTOR 
C 
C  N U I L :  THE A ( 1 J  AHE THE A N A L Y S I S  Y I L T E H  C O E F Y I C I E N T S  
C 
ID n l = n  
1 7  C A L L  A U C U ( 1 4 P A H A . X , M l , A , A L P H A I H C )  
C 
C CnCCK FUN AN UdSTAHLE Y I L C E R  
C 

IY(ALPHA.GT.0 .OH. MI .LE.3)CU 'TO 1 8  
C  
c FILTLH IS U N S T A ~ G E ,  UECHEASE URUEH e r  I ANU T K Y  AGAIN 
C  

n l = n l - 1  
GO TU 1 7  

C  
1 8  1 2 = N P 1  

UU 2 0  1=1,NPAHA 
X ( I l = U . U  
l F ~ l . L E . M ~ A ~ l ~ = A ~ I l  
X ( l Z J = O . O  

2 u  1 2 = 1 2 + 1  
C  
C TAKE HEAL PYT I N  PLACE 
C 

C A L L  H F F T I X , N P 2 , + 1 1  

C  STORE T H i  " L l h E A H  PREDICPED SPECTHUMn 1 N  SIGMA 
C 

1 2 = h P I  
X ( I ' I l =U .U  

C  
DO 30 I = l , I l P A k A  
S I G ~ A ~ I ) ~ A L P H A / ( X ~ I l * * 2 + X L l 2 1 * * 2 )  
G C U R ~ L J ~ S I G M A ( I 1  

3 0  1 2 = 1 2 + 1  
l i ( . N U C .  P1TCH)CU TO 6 0  





V E H l C  l J / l O / 7 Y  P. K A B A L .  
r n l S  b 0 M H I J U C l N E  C A L C U L A T E S  T t l E  U I S C H E T E  F U U H I E H  T H A N S f O h H  OH T H Y  
I N V L H S 6  U I S C H E I ' L  K O U H L E H  THANSFUHM OF A  S E T  OF CUMPLEX NUMHEHS U S I N G  

~ ~- - -  
I r l L  P A S T  F U U I t I B H  THANSFOHM ALCUHI 'CHM UEYELUPEO b l  G. S A N U E  ( M I X L U  
H h U l X  4  A N 0  H A U l X  2,  S C E  W.M. GENTLEMAN AND G. SANUE,  F A S T  F O U h l E H  
1 k A h S k ' U H M S  - F U H  F U N  A N 0  P H U ' I I ,  i Y b b  P A L L  J U l h T  COMPUTER 
C U r l E H L h I C E l .  'CHL C A L C U L A T I U N  I S  OUNE I N  P L A C E ,  T H A T  I S  T H E  O U T P U T  
U A T A  H E P L A C E S  T H E  I N P U T  UATA.  T H E  M - ' I H  COMPLEX O U T P U T  D A T A  P O I N T  
OF THE IY P U I N C  U I S C R E P E  Z ' U U H I L H  THANSF'ORM I S  

J I S  l H E  1 M A t i l ~ A H l  OPERATDH,  ANU C I ( K 1  I S  T H E  K - T H  COMPLEX I N P U T  
DACA P i l l h l .  S L M l L A H L Y ,  T H L  K - T H  CUMPLEX OUTPUT U A T A  P O I N T  U Y  T H E  N  
P D l N 1 '  I I d V i H S L  U I S C H E T E  F O U H I E H  CHANSFUHM I S  

L 
C  k ( K - 1 1  
C  C U L K J  = ( 1 / ! 4 )  SUM C l ( M 1  m 

# = I  
C  
C  I H L S  1 M P L C M C N ' l A T l i J N  O F  T H E  YAS'I' F U U H I E R  T H A N S F O h M  C A L C L I L A T E S  
C  1 H L  t X P U k t l i I 1 A L  Y U N C ~ I O N  H E C U H S I V E L Y  1 N  U H D L H  TO GET CHEA'I'EH 
C S P r L L ,  Al '  T H E  EXPLIVSE O F  SUME L U S S  OF P R E C I S I O N .  T H E  S U B H O U T I N E  
C  A H G U h E N T b  AHC A b  F U L L U U S .  
L 

C  A  - A H H A i  UP LtNG' In  N  C U N T A l N l N t i  T H E  H E A L  PAH'I' O F  T H E  DATA.  
C  I - AHHAY O F  L E N G T H  N  CU141 'A lN l ldG T H E  I M A G I N A R Y  P A R T  U F  T H E  D A T A .  
C N C L  - NUMMEH D F  C L E M L N T S  1N EACf1 OY T H E  ARRAYS X  AND Y .  

N E L : I N C * L N - l l i l ,  WHERE N  I S  T H E  NUMBER OF P O I N T S  I N  T H E  
I 'HAhbFUHol. N  MUST ME A  PUvlEH OF TWO NOT GREATER T H A N  1 0 2 4 .  

C  ~ L I H  IMC-I, NEL-N. 
I N  - I lYPUC P A H A M E T E H ,  E U U A L  I U  t I N C  YIJH T H E  I H A N S Y O H M ,  

C  t U U A L  1'U - 1 N C  Z'UH T H E  I N V E R S E  THANSYUHM. 
C  I n C  H E P H C S E N T S  T H t  I N C H E M E N T  M E T u L E N  D A T A  E L E M E N T S  
C  ( S U H M A L L Y  1). 1 F  I N C  1 5  E Q U A L  TO 1, EVEHY E L E M E N T  OF T H E  

AHHAYS I( AND 1 I S  USED. d H Z l r  I N C  1s CHEATER T H A N  I, CINLX 
C E V L N I  I N C - T H  E L E M E N T  Ot '  E A C H  AHHAY I S  USED. 
C  

ULf4CNS1UN X ( N E L 1 ,  I ( N L L J ,  K L ( l U 1 ,  K 1 ( 1 U I ,  C A ( 5 ) .  S A ( 5 1  
a U U I V A L E % C L  L K E (  l J , K E O l ) ,  ( K E (  2 1 , K E 0 2 ) ,  ( K E (  3 I r K E O 3 ) ,  

thL( 4 ) , k E 0 4 J ,  l K E (  5 I . K E 0 5 1 ,  ( K E (  6 ) r K E U b l ,  
+ ( L L (  7 ) , K E U 7 ) ,  L A E L  I ) . K E U I ) ,  ( h E (  Y 1 , K E U Y ) .  
4 ( K S ( I O 1 , K C l U )  

L u U l b ' A L i N C t  ( K 1 (  1 J , K 1 0 1 1 ,  ( h i (  2 ) , K 1 0 2 1 .  ( K 1 (  3 1 . K 1 0 3 1 ,  
4 ( K l [  Q 1 , K I U Q ) .  ( K l (  b ) , K 1 0 5 1 ,  ( K X (  b l , K I U b l ,  
4 [ & I (  7 J , K l U 7 J ,  ( K l l  B ) . K I O B ) ,  ( K 1 (  9 1 , K 1 0 9 ) ,  
* ( K l ( l O I . K l 1 U )  

u A T A  I I P / - Y Y ~ / , ~ N C P / - Y ~ ~ / , L G ~ N M X / ~ U / , P ~ ~ / ~ . ~ B ~ ~ ~ ~ ~ U ~ /  

C C H t C K  I F  I'IIL I N X I l A L X Z A T I U N  H A S  ALHEAUY H L E N  UDNE 
L N C = ~ A B S ( ~ ~ ' N J  
N = ( N t L t ( l h C - 1 ) 1 / 1 N C  
1 F  (N.Lu. l tP  .AIIU. 1NC.EU. INCP)  GU 'TO 2 5 0  

C t . l h U  CHL L U C A H l ~ H M  L H A S E  2 )  U F  T H E  NUMMEH Ut '  P O f N T S  
my-2 

UU I 0 0  L U t i l l i = l  ,LG2NMX 
I F  ( ~ P . E U . N )  GO CU 1 2 0  
~ i P = n r t N p  

1 0 0  C U a l ' l r i U E  
NP:-9YY 
GU L'u 1UOU 

C  
1 L U  I N C P = l N C  

I N C 2 = l i . r C t l n C  
I N L = I I ~ C * N P  

C  6 ~ 1  UP T n t  I I N S C H A M ~ L I ~ L  L U U P  P A H A , l E l E H S  ( N O T E  Tt1A.P THE V A H l A l L E S  
C  h t - J  A h U  6 1 - J  A A E  E Q U I V A L E N T  'PU K E ( J 1  AND K l ( J 1  H E S P E C T I V E L Y I  

& L U l = i " l  
I ( I U l = N l / ?  
UU 2 0 0  J:i!,LGINMX 

& L ( J ) = 6 l ( J - l )  
h l ( J J = M A A U ( L C ( J ) / Z , I k C )  

ZUU C U N I ' I N 0 L  
C  
C S E T  UP T t l L  I a l l l A L  V A L U k S  F J H  T t I E  H E C U R S I V E  C A L C U L A T I U N  O F  
C  T H E  I ' A I U U L E  F A C T U H S  

FN:N 
I F  ( L U C Z N . L L . I J  GO T U  2 5 0  
F n Q = P l L / F I d  
LOGJN:LUCZN/ I  
UU L J U  A = l , L U G 4 N  

C A ( L J = C O S ( F M ¶ J  
S A ~ K l = 5 l N ~ F I l 4 1  
~ 1 4 = 4 . u + ~ n 4  

1 3 U  CUIJ I ' INUE 



L 

L 5 U  i t '  L l F N . G T . U l  GU T O  321) 
C 
C YUH I ' t lL I N V E K S L  I H A I V S V U H M  U N L I ,  
C k ' U H h  T H E  C l l A P L E X  C U N J U C A T L  Ut '  ' I ' r lE I d P U T  D A T A  

uu 3 U O  l = l , l ~ l , l l ~ c  
k ( l J = - Y ( l J  

3UO C U N T l h U t  
C 

3 l u  1C ( L c l t i 2 1 u . L E . l J  C U  f U  b S U  .- 
C  
C  C A L C U L A ' L L  'THC; H A U l X  4 F A S T  Y U U H I L H  T H A N S Y U R M  

u u = * 1  
U O  - b O U  K - l  , L U G 4 N  

M = r 1 4 / 4  
C C = C A ( L )  
S S = S A ( L J  
C1:l.U 
S1'0.U 

C  
OU 5 0 0  J = l , M , I l 4 C  

l F ( J . t u . l l  t i U  I'U 3 4 0  

C 

C 
C  P I C 6  U P  ANY E A l ' H A  P A C I ' U H S  U Y  TUU 'TU C O M P L E T E  T H E  T R A N S F O R M  

1 Y  ( L U G 2 N . E U . Z I L U C 4 N J  GO 'LU 1 5 0  
0 5 U  U U  I U U  I = l , d I ,  L R C Z  

J = I * I N C  
A H U : X ( I l t I ( J J  
A L O = l L I l t Y L J J  
h ~ J l = . A ( l J - h ~ J )  
I ~ J J = I ~ l ) - 1 l J l  
X l  I J:PHU 
I ( I ) = A I O  

1UU C O N ~ I N U G  

C U N S C H A n t i b E  C l l E  O U T P U T  A H R A Y S  
7 5 0  J J = l  

0U 8 0 0  h 1 0 =  1 . K E l U . K l l U  



C C G C C G C C C  

TI C 

C C C C C C C C C  

S T ~ = L C ~ O O ~ C  z C ~ C C C C C C C  

l , - t C C C C C C c C  
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