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ABSTRACT: A t ransform coding algo- 
r i t h m  d e s i g n e d  f o r  t h e  m a s s  
s t o r a g e  of  v a r i a b l e  q u a l i t y  a u d i o  
s i g n a l s  is p r e s e n t e d .  The s to rage  
of both speech and music is consid- 
ered.  Automatic s i l ence  dele t ion and 
s i g n a l  o r d e r ,  energy, and bandwidth 
est imation a r e  employed t o  provide  a 
c o n t i n u o u s l y  v a r i a b l e  b i t r a t e  
a d a p t i v e l y  m a t c h e d  t o  t h e  
c h a r a c t e r i s t i c s  of t h e  i n p u t  signal .  
Tes t  r e s u l t s  show t h a t  t h e  algorithm 
o f f e r s  s to rage  savings  of more than  
75% over  linear-PCM coders,  and more 
t h a n  63% o v e r  e q u i v a l e n t  q u a l i t y  
log-PCM c o d e r s .  R e s u l t s  a l s o  show 
improved performance over  t h e  CCITT 
s t a n d a r d  w i d e b a n d  c o d e r .  T h e  
complexity of t h e  algorithm is such 
t h a t  it can  b e  implemented i n  r e a l  
t i m e  o n  e x i s t i n g  d i g i t a l  s i g n a l  
processors.  

1 . 0  I N T R O D U C T I O N :  T h i s  p a p e r  de-  
s c r i b e s  an adapt ive  transform coding 
a l g o r i t h m  d e s i g n e d  f o r  t h e  d i g i t a l  
a r c h i v i n g  o f  a u d i o  s i g n a l s .  T h e  
s to rage  of both speech and music is 
considered. The algorithm is designed 
t o  respond  e f f i c i e n t l y  t o  t h e  wide 
v a r i a t i o n s  i n  s o u r c e  m a t e r i a l  t y p e  
a n d  f i d e l i t y  f o u n d  i n  l a r g e  
h i s t o r i c a l  a rch ive  collections.  

Exis t ing audio coding algori thms a r e  
genera l ly  optimized f o r  t h e  transmis- 
s ion of a s ing le  source  (speech) a t  a 
f i x e d  b i t r a t e .  A v a r i a b l e  b i t r a t e  
approach however is much more a t t r a c -  
t i v e  f o r  t h e  mass s to rage  of mult iple 
s o u r c e  audio signals.  The proposed 
a r c h i v i n g  algorithm is based on t h e  
Adaptive Transform Coder (ATC) . B i t  
a s s ignment  is d e r i v e d  v i a  a Linear 
P r e d i c t i v e  Coding (LPC) f i t  t o  t h e  
D i s c r e t e  Cosine  Transformed (DCT) 

s i g n a l  c o e f f i c i e n t s .  T o t a l  b i t  
assignment is not  constant  however a s  
i n  e x i s t i n g  ATC a l g o r i t h m s .  
A s s i g n m e n t  is s i g n a l  e n e r g y  a n d  
b a n d w i d t h  d e p e n d e n t  t o  p e r m i t  
c o n s t a n t  q u a l i t y  coding of va r i ab le  
f i d e l i t y  material.  Automatic s i l ence  
d e l e t i o n  i s  i m p l i c i t  i n  t h e  
a l g o r i t h m .  The c o d e r  t h u s  a d a p t s  
a u t o m a t i c a l l y  t o  t h e  t y p e  a n d  
f i d e l i t y  o f  t h e  i n p u t  s i g n a l  t o  
maintain optimal s to rage  efficiency.  

Formal e v a l u a t i o n  r e s u l t s  show t h a t  
t h e  coded s i g n a l  is ra ted  ind i s t in -  
g u i s h a b l e  from t h e  o r ig ina l  i n  more 
t h a n  90% of a l l  t r i a l s .  On average, 
t h e  a lgor i thm provides s to rage  sav- 
i n g s  of more than  75% over l i n e a r  PCM 
(16 b i t ) ,  and more t h a n  63% over  
log-PCM coders .  Results  a l so  show 
improved performance over  t h e  C C I T T  
s tandard wideband coder. 

2.0 A U D I O  ARCHIVES: The a r c h i v i n g  
a l g o r i t h m  d e s c r i b e d  i n  t h i s  p a p e r  
has  been designed t o  meet t h e  needs 
of a l a r g e  h i s t o r i c a l  audio a rch ive  
c o l l e c t i o n .  S u c h  c o l l e c t i o n s  a r e  
found i n  t h e  museums of major c i t i e s  
around t h e  world. Coder design was 
based on one such archive,  containing 
50% speech and 50% music -- comprised 
o f  i n t e r v i e w s  w i t h  a r t i s t s  a n d  
d a n c e r s ,  p o l i t i c a l  d i s s e r t a t i o n ,  
n a t i v e  songs and dances, etc.. Audio 
se lec t ions  a r e  held on a wide v a r i e t y  
o f  s t o r a g e  m e d i a ,  i n c l u d i n g  wax 
c y l i n d e r s ,  s h e l l a c  and v i n y l  d isks ,  
c a s s e t t e s ,  and v a r i o u s  v i n t a g e s  of 
r e e l e d  t a p e .  T h u s  t h e  
source  material  v a r i e s  i n  qua l i ty  and 
f i d e l i t y  o v e r  a w i d e  r a n g e .  A 
t y p i c a l  museum c o l l e c t i o n  c o u l d  
e a s i l y  conta in  10000 t o  20000 hours  
of material.  
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Each se lec t ion is copied onto modern 
1/4 inch analog magnetic ree l - to-reel  
t a p e  b e f o r e  p r e s e n t a t i o n  t o  t h e  
public. These 1/4  inch copies must 
cu r ren t ly  be  re-recorded every 5 t o  8 
y e a r s  due t o  t h e  aging of t h e  analog 
s t o r a g e  medium. T h i s  is  a t i m e  
consuming and e x p e n s i v e  t a s k ,  and 
g r e a t  i n t e r e s t  i s  b e i n g  s h o w n  
throughout  t h e  audio archiving f i e l d  
i n  t h e  p o t e n t i a l  economies t o  b e  
r e a l i z e d  t h r o u g h  d i g i t a l  o p t i c a l  
storage.  The algorithm presented i n  
t h i s  p a p e r  h a s  b e e n  d e s i g n e d  t o  
r e s p o n d  t o  b o t h  speech and music 
s i g n a l s  of  w i d e l y  v a r y i n g  q u a l i t y  
t h u s  p r o v i d i n g  an a l g o r i t h m  t o  be  
u s e d  i n  c o n j u n c t i o n  w i t h  o p t i c a l  
s to rage  media t o  reduce t h e  c o s t  of 
re-cop ying archive  col lec t ion materi- 
al .  

3.0 THE ALGORITHM: The algorithm is 
b a s e d  on t h e  Adap t ive  Transform 
Coder [1,2], and t h u s  requ i res  t h a t  
t w o  b i t s t r e a m s  b e  mul t ip lexed  and 
stored:  

1) The Main Information Bitstream, 
ca r ry ing  quantized s igna l  
t ransform coeff ic ients ;  

2) The Side Information Bitstream, 
ca r ry ing  t h e  s igna l  s p e c t r a l  
es t imate  (used t o  ca lcu la te  
quan t i ze r  b i t  a l locat ions  and 
s t e p  s izes) .  The s i d e  information 
bi ts t ream a l so  c a r r i e s  t h e  
s igna l  o rde r  and s igna l  energy 
est imates.  

The alqorithm is out l ined i n  Fig. 1. 
I n p u t  s i g n a l  s a m p l e s ,  x ( n ) ,  a r e  
buffered i n t o  blocks of l eng th  N=256 
samples. The inpu t  s igna l  block is 
t h e n  windowed by a c o s i n e  r o l l o f f  
window, w ( n )  , p r e - e m p h a s i z e d ,  and 
normalized by dividing by t h e  t o t a l  
block energy, V, t o  produce a block 
of normalized samples, x" (n) , where: 

f o r  0 <= n <= N-1; (3.1) 

a = 0.7 (pre-emphasis fac tor) ;  
N = 256 (block length) .  

T h e  b l o c k  e n e r g y ,  V, is s t o r e d  a s  
s i d e  information (as  a 16 b i t  quant i -  
t y )  

The normalized s igna l  block is t h e n  
Discrete Cosine Transformed (DCT) t o  
p r o v i d e  a s e t ,  T ( i ) ,  of t r a n s f o r m  
coeff ic ients :  

N - 1  r 7 

7 1 (2n+l)  (pi)  i[ 

f o r  o <= i <= N-1;  (3.2) 

where, 
c( i )  = 1, f o r  i = O ;  

JT, f o r  1 <= i <= N-1;  

An a d a p t i v e  quant iza t ion process  is 
employed a t  t h i s  s t a g e  of t h e  algo- 
r i t h m  t o  e f f i c i e n t l y  a l l o c a t e  b i t s  
between individual  transform coef f i- 
c i e n t s  and t h e  coder s i d e  information 
bitstream, i n  a way which reduces  t h e  
perceiv ,ed  e f f e c t s  of q u a n t i z a t i o n  
no i se .  A l l  q u a n t i z a t i o n  parameters 
a r e  c a r r i e d  by t h e  s i d e  information 
b i t s t r e a m  i n  t h e  form of a smooth 
spectrum estimate. 

For  each inpu t  s igna l  block, auto- 
c o r r e l a t i o n  v a l u e s ,  r( i) ,  a r e  u s e d  
v i a  Levinson/Durbin recurs ion [3] t o  
g e n e r a t e  a Linear  Predic t ive  smooth 
e s t i m a t e  of t h e  i n p u t  s i g n a l  spec- 
trum, v ( n ) ,  us ing t h e  s tandard recur-  
s i v e  equations: 

a a (i) = - k ( i )  ; 
1 

a .  ( j )  = a ( j )  + k ( i )  a ( i - j ) ;  
1 i-1 i-1 

( T h e  r e c u r s i o n  b e g i n s  by s e t t i n g  
e(O)=r(O) s o  t h a t  k(1) = -r(l)/r(O).) 

T h e  a p p r o p r i a t e  a u t o c o r r e l a t i o n  
values  t o  b e  used i n  Equation (3.3), 
a r e  ca lcula ted  d i r e c t l y  a s  a c i r c u l a r  
a u t o c o r r e l a t i o n  of t h e  i n p u t  s i g n a l  
using: 



The Levinson/Durbin recurs ion r e s u l t s  
i n  a n  o p t i m a l  ( f o r  minimum mean 
s q u a r e  p r e d i c t i o n  e r r o r )  se t  o f  
p r e d i c t o r  coe f f i c i en t s ,  a ( i )  , a t  each 
stage.  To form t h e  smooth spectrum 
e s t i m a t e ,  t h e  a l g o r i t h m  p e r f o r m s  a 
2N-point Discrete Four ier  Transform 
on t h e  f i l t e r  coe f f i c i en t  s e t ,  af ( i )  : 

1, f o r  i = O ;  
a f ( i )  = - a ( i ) ,  f o r  1 C =  i <= Np; 

0, f o r  Np+l <= i <= 2N-1 ;  

where, Np = t h e  number of p r e d i c t o r s  
u s e d  t o  form t h e  smooth spec t rum 
estimate. 

The DFT r e s u l t  is inver ted  and scaled 
t o  p r o v i d e  t h e  s m o o t h  s p e c t r u m  
estimate,  v(n) : 

G ------------ 
v (n)  = DFT[af(i)]  ; 

where,  G is a s c a l i n g  f a c t o r  which 
f o r c e s  (from Equation (3.2)) : 

T h e  n u m b e r  of p r e d i c t o r s  used  t o  
g e n e r a t e  t h e  spect rum estimate, Np, 
is var ied  based on t h e  c u r r e n t  s i g n a l  
o r d e r  e s t i m a t e .  S i g n a l  o r d e r  is 
determined us ing t h e  Final  Predic t ion 
E r r o r  (FPE) c r i t e r i o n  introduced by 
Akaike [4]: 

f o r  1 <= i <= Nmax; 

where, 
e, 

N 1 

Nmax, 

i, 

is t h e  c u r r e n t  predic t ion 
e r r o r  (Eqn. (3.3)) ; 

is t h e  transform block 
length;  ' 

is an upper  l i m i t  on t h e  
range of model o r d e r s  
considered feas ib le  given 
a p r i o r i  knowledge of t h e  
s i g n a l s  t o  be  coded; 

is t h e  o rde r  of t h e  model. 

The algorithm ca lcu la tes  t h e  value  of 
FPE(i)  a t  each  s t a g e  of t h e  Levin- 
s o n / D u r b i n  r e c u r s i o n  (Eqn.(3.3)). 
The FPE(i) a r r a y  is then  searched f o r  
a minimum. The v a l u e  of j, which 
p r o v i d e s  t h e  minimum FPE(j) is t h e  
s igna l  o r d e r  estimate. The number of 
p red ic to r s  used is t h u s  s e t  t o  Np = 
j. T h i s  p r o c e d u r e  a d a p t i v e l y  a t -  
tempts t o  quant i fy  t h e  po in t  of dimin- 
i sh ing  re tu rn ,  where improvements i n  
s i g n a l  q u a l i t y  r e s u l t i n g  from t h e  
addi t ion of f u r t h e r  p red ic to r s  is not  
w o r t h  t h e  e x t r a  b i t s  r e q u i r e d  t o  
s t o r e  those  predic tors .  The predic-  
t o r  c o u n t ,  Np, is s tored once p e r  
block a s  s i d e  information ( a s  a 4 b i t  
quant i ty) .  Np is l imited t o  a mem- 
b e r  o f  t h e  s e t :  
( 0 , 1 , 2 , 3 , 4 , 5 , 7 , 9 , 1 0 1 1 1 1 1 3 1 1 4 1 1 5 1 1 6 , 1 7 1  
18). The smooth spectrum es t imate  is 
s to red  v i a  a set of Np log-area quan- 
t i z e d  r e f l e c t i o n  coeff ic ients ,  k( i )  , 
(Equa t ion  3.3) u s i n g  t h e  log-area 
funct ion [5]: 

f  (XI = log[ !:?I f o r  a c= x <= b. 
1-x 

The f u n c t i o n  l i m i t s  ( a ,b ) ,  and  t h e  
q u  a n t i z e r  b i t  a l l o c a t i o n s  f o r  each  
r e f l e c t i o n  coeff ic ient  were optimized 
us ing a rch ive  t e s t  data.  

To determine t h e  t o t a l  number of b i t s  
t o  b e  a l l o c a t e d  i n  quant iz ing t h e  
b l o c k  t r a n s f o r m  c o e f f i c i e n t s ,  a  
s e a r c h  of t h e  spec t rum es t imate  is 
made f o r  t h e  index j, where: 



N q ----- 
v ( i )  <= 100 f o r  j <= i <= N-1. 

The v a l u e  j is t h u s  t h e  frequency 
index a t  which t h e  s igna l  power spec- 
trum drops  (and remains) below q% of 
t h e  t o t a l  energy of t h e  block (q=5 
was  u s e d  d u r i n g  s i m u l a t i o n  r u n s ) .  
The block bandwidth est imate is thus:  

j Fs 
f = ------ 
max 2 N Hz ; 

where,  F s  is  t h e  inpu t  s igna l  Sam- 
pl ing frequency. The bandwidth e s t i -  
mate is  damped t o  p r e v e n t  a u d i b l e  
changes in b i t  al location.  The block 
b i t r a t e  goal, GI  is determined d i r e c t -  
l y  from t h e  damped bandwidth e s t i -  
mate, Fd, us ing t h e  following l i n e a r  
relat ion:  

(Values of v=0.0072 kb, and 2=15.42 
k b / s ,  w e r e  d e t e r m i n e d  e m p i r i c a l l y  
us ing a rch ive  t e s t  data.) 

The t o t a l  mainstream block b i t  al loca- 
t i o n  r e q u i r e d  t o  meet t h e  b i t r a t e  
goal, is: 

N G P  
B = ------ b i t s  

Fs  

where, p is a s i l ence  dele t ion multi- 
p l i e r  of t h e  form: 

and, t is a s i l ence  dele t ion th resh-  
o l d  f a c t o r  ( a  v a l u e  of t=1000 was 
used  d u r i n g  s i m u l a t i o n  r u n s ) .  Si- 
lence  dele t ion is t h u s  achieved us ing 
a graduated approach which r e l i e s  on 
t h e  f a c t  t h a t  d i s t o r t i o n  is l e s s  
eas i ly  detected by t h e  human e a r  a t  
low s i g n a l  l e v e l s ,  t h a n  a t  h i g h e r  
s igna l  levels .  

Given t h e  t o t a l  block b i t  assignment, 
b i t  a l locat ion amongst t h e  transform 
c o e f f i c i e n t s  is performed under  t h e  
assumption t h a t  t h e  coef f i c i en t s  can 
b e  approx imated  by an independen t  
i d e n t i c a l l y  d i s t r i b u t e d  G a u s s i a n  
source,  us ing [2]: 

Each b i t  a l locat ion is then  rounded 
t o  t h e  nea res t  in teger ,  and t h e  calcu- 
l a t i o n s  of Equat ion (3.13) a r e  per-  
formed a g a i n ,  t h i s  time considering 
on ly  t h o s e  c o e f f i c i e n t s  which were 
assigned b ( i )  > O  b i t s  dur ing t h e  f i r s t  
i t e r a t i o n .  This b r i n g s  t h e  rea l ized 
b lock  b i t  a s s ignment  c l o s e r  t o  t h e  
d e s i r e d  goal, B. Evaluation r e s u l t s  
demonstrated t h a t  t h i s  two s t e p  i t e r a -  
t i o n  p roduced  b i t  assignments c lose  
t o  t h e  op t imal  a l l o c a t i o n s  a t t a ined  
by integer-optimized methods (such 
a s  t h a t  proposed by Segal l  [6]), with 
s ign i f i can t ly  l e s s  calculat ion.  

The t r a n s f o r m  coef f i c i en t s  a r e  then  
u n i f o r m l y  q u a n t i z e d  u s i n g  t h e  b i t  
a l l o c a t i o n s  b ( i ) ,  a n d  m u l t i p l e x e d  
with t h e  s i d e  information ( re f l ec t ion  
c o e f f i c i e n t  s e t ,  k (i) ; s i g n a l  mean 
energy, V; and s igna l  o r d e r  est imate,  
Np) be fo re  being wri t ten  t o  t h e  mass 
s t o r a g e  medium. ~ u a n t i z e r  s t e p  
s i z e s  a r e  adjus ted  once p e r  block t o  
match Max Gaussian - optimized values  
[71. 

The decoding algorithm performs t h e  
fo l lowing  f u n c t i o n s  t o  r e v e r s e  t h e  
operation of t h e  encoder: 

1) re-generate  t h e  smooth spectrum 
es t imate  using k ( i ) ,  and Np; 

2) re-calcula te  quan t i ze r  s t e p  
s izes ,  and b i t  al locations;  

3) recover  t h e  quantized transform 
coeff ic ients ;  

4) i nverse  DCT t h e  transform coeff- 
i c i en t s ,  and s c a l e  t h e  r e s u l t  
us ing V, t o  produce t h e  ou tpu t  
signal .  



F u l l  d e t a i l s  on c o d e r  d e s i g n  a r e  
avai lable  i n  [9]. 

4.0 SIMULATION RESULTS: The va r iab le  
r a t e  a r c h i v i n g  algorithm was t e s t e d  
through a 32 b i t  f loa t ing  point  For- 
t r a n  s i m u l a t i o n .  Formal e v a l u a t i o n  
r e s u l t s  on 12 audio test f i l e s  repre-  
s e n t a t i v e  of mater ia l  found i n  h i s to r -  
i c a l  a r c h i v e s ,  showed  t h a t  coded 
s i g n a l s  were ra ted  indis t inguishable  
from t h e  o r ig ina l  i n  more than  90% of 
a l l  t r i a l s .  Coder b i t r a t e s  v a r i e d  
from 31.2 kb/s f o r  t h e  simplest  s ig-  
n a l  (a  400 H z  tone) ,  t o  96.3 kb/s f o r  
t h e  most complex (wideband jazz group 
w i t h  m u l t i p l e  v o c a l i s t s )  -- ( b o t h  
s i g n a l s  w e r e  s a m p l e d  a t  16 kHz). 
Music f i l e s  included narrowband (3500 
Hz) ,  and wideband (7 kHz) piano, pan 
p i p e ,  a n d  m a l e / f e m a l e  v o c a l i s t s ,  
sampled a t  16kHz and 8 kHz. Other 
f i l e s  contained narrowband, and wide- 
band male and female speech. 

Tes t s  on a narrowband female speech 
segment, showed t h a t  whether sampled 
a t  8 kHz, o r  16 kHz, t h e  algorithm 
produced essen t i a l ly  t h e  same b i t r a t e  
(44.4 v e r s u s  42.7 kb / s  r e s p e c t i v e -  
ly) .  Both of t h e s e  r a t e s ,  a s  expect- 
ed, were s ign i f i can t ly  lower t h a n  t h e  
measured s to rage  r a t e  f o r  t h e  wide- 
band v e r s i o n  of t h e  same segment: 
66.3 k b / s .  S i m i l a r  r e s u l t s  w e r e  
f o u n d  f o r  male speech ,  and music. 
The coder t h u s  demonstrated its abi l i -  
t y  t o  opera te  a t  a f ixed,  high Sam- 
pl ing ra te ,  y e t  s t o r e  only t h e  funda- 
m e n t a l  i n f o r m a t i o n  r e q u i r e d  t o  
re-const ruct  t h e  signal .  

On average,  t h e  coder was found t o  
o f f e r  s to rage  savings  of 75% over  t h e  
o r i g i n a l  l i n e a r  PCM (16 b i t )  f i l e s ,  
a n d  6 3 %  o v e r  e q u i v a l e n t  q u a l i t y  
log-PCM coded f i l e s .  

Other  benchmark t e s t i n g  showed t h a t  
t h e  a rch iv ing  algorithm was ab le  t o  
p r o d u c e  h i g h e r  q u a l i t y  r a t i n g s  a t  
lower b i t r a t e s  than  t h e  CCITT s tan-  
dard  wideband coder [8], i n  3 o u t  of 
6 t e s t  f i l e s  (31.2, 43.8, and 44.4 
kb/s v e r s u s  64 kb/s). I n  t h e  o t h e r  3 
c a s e s ,  t h e  a r c h i v i n g  a l g o r i t h m  in- 
creased its b i t r a t e  by up t o  27% over  
t h a t  of t h e  CCITT coder ;  however,  
poor r a t i n g s  f o r  t h e  CCITT coder i n  
t h e s e  c a s e s  show t h a t  t h e  inc rease  
was  c l e a r l y  n e c e s s a r y  t o  main ta in  
h i g h  s i g n a l  q u a l i t y  (17%, 17%, and 
18% ident ica l ,  v e r s u s  92%, l o o % ,  and 
100% ident ica l ) .  

The archiving algorithm t h u s  respond- 
ed well t o  t h e  bandwidth and complexi- 
t y  of t h e  inpu t  s ignals ,  providing a 
c o n s i s t e n t ,  h i g h  q u a l i t y  o u t p u t .  
F u l l  d e t a i l s  on t e s t  r e s u l t s  a r e  
avai lable  i n  [9]. 
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