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An  Approach  to  the  Implementation of a Discrete 
Cosine  Transform 
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Abstract-An approach  to  the  implementation  of a di$crete  cosine 
transform (DCT) for application  to  coding  speech is described.  The 
approach is oriented  toward single speech  channel  encoding. In 
addition, a detailed computer  simulation  of  an  adaptive  transform 
coder is described. 

The purpose  of  the  computer  simulation is to  determine  the  internal 
precision at various  points  in  the  implementation  required  to  avoid 
subjective degradation. Specific recommtnendations  are  made on the 
required internal  precision in  the  implementation  of  the  discrete 
cosine transform. 

A breadboard  implementation of the DCT using SSI and MSI TTL 
logic based on the results of  the  computer  simulation  is  reported. 

A 
I. INTRODUCTION 

DAPTIVE transform  coding is, together  with  subband 
coding,  a  promising method of  encoding  speech at bit 

rates  below 16 kbits/s [ l] .  A significant  obstacle to  the 
widespread  application  of  transform  coding  is,  however,  its 
great  complexity. A computationally  intensive  portion  of  the 
transform  coder is the  front  end discrete cosine transform 
(DCT). In  this  paper  an  architecture  for  the  implementation  of 
a DCT is recommended. A detailed computer  simulation  of  a 
transform  coder,  including  the  bit  allocation  algorithm as well 
as DCT,  was performed  for  the  purpose  of  determining  the 
required  internal  finite  wordlength  precisions. 

This is a  critical  problem,  since  choosing too high  a  preci- 
sion  complicates the  iinplementation,  and, insufficient  preci- 
sion will result  in  degradation of speech  quality  beyond  that 
inherent in the  encoding  technique.  The  simulation was care- 
fully designed to accurately  reflect  these  finite  precision  ef- 
fects.  The  simulation was run on actual  speech  followed by 
informal  listening  tests to determine  the  effects  of  insuffi- 
cient precision. 

This  paper  does not consider the  implementation  of  the  bit 
allocation  algorithm  in  a  transform  coder.  The  bit  allocation 
method used  in the  simulator was that recommended  in [ l]  . 
The design of  the  bit  allocation  portion of  the  coder is the 
most challenging part, particularly from  an algorithmic stand- 
point. 
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As a ground kule in  this  study, it was assumed that a single 
channel was being encoded, as opposed to the  encoding  of a 
large group  of  channels  simultaneously.  The available circuit 
techniques  and device speeds  were  assumed to be  constrained 
by those available in MOS-LSI. The DCT  was actually  imple- 
mented using SSI and MSI TTL  parts using the  architecture 
recommended  here. 

The  proposed  implementation  architecture is described  in 
Section 11, and  the simulation and results  are  described  in  Sec- 
tion 111. A brief  description of  the  breadboarded DCT is given 
in  Section  IV. 

11. AN  APPROACH TO IMPLEMENTATION 
OF THE DCT CODER 

It has  been  recommended  that a  discrete  coside  transform 
(DCT) [2] is the  most  appropriate  fixed  (nonadaptive)  trans- 
form  for speech signals. I t  is  given by 

4 1 1 2   N - 1  

where X(rn), 0 < m < N ,  are the N speech  samples  in the 
block,  and G,(k) are  the  transform  coefficients:  The inverse 
DCT is given by  an analogous equation. 

Several approaches to  the implementation  of  the DCT were 
considered,  including  the  straightforward  implementation  of 
(2.1) using either  an  entirely digital or  a  partially  analog ap- 
proach using switched-capacitor  techniques.  “Fast DCT” 
algorithms  which have been  proposed [3] were also  considered. 
At  a  sampling  rate of 8 kHz,  the  multiply  rate  for  a  straight- 
forward  implementation  of (2.1) is only  a  modest  one  million 
per  second for  the  recommended value of N = 128 [ 13 . Thus, 
the  added  control  complexity  of  a  fast  algorithm is obviously 
not justified  for  a single channel  transform  coder  (although  it 
would be  valuable in  a  multichannel  application).  For  a single 
channel  coder,  the  switched  capacitor  techniques were not 
estimated to offer  an  appreciable die area  advantage over an 
all-digital implementation, but would  offer  a  significantly 
more  difficult design.  As a result we settled  on  a  straight- 
forward  digital  implementation  of (2.1). 

There  are  two possible methods of calculating the N trans- 
form  coefficients from N successive speech  samples. 
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Fig. 1. Block diagram of a per-channel transform coder. 

1) Calculate all N transform  coefficients  simultaneously, 
keeping, at any  time, N partial  accumulations. As each  speech 
sample arrives, update  each  of  the N partial  accumulations. 

2)  Store  in  memory a  block  of N speech  samples as they 
arrive.  Simultaneously,  calculate  the  transform  coefficients of 
the previously stored  block.  This is done  by  calculating one 
transform Coefficient per  sampling  interval, using all N stored 
speech  samples. 

The  considerations in choosing  one  of  these methods are 
as follows. 

1)  Method  2  requires  storage  locations  for 2N speech 
samples,  including  those  currently being received, as  well  as 
the last  block on which  the  transform coefficients are cur- 
‘rently  being  calculated.  Method l requires no storage of 
speech  samples. 

2)  Method 1 requires the storage  of N partial  accumula- 
tions, while method 2  has no partial  accumulations.  Both 
methods require memory  for N transform  coefficients  for  stor- 
age  while the adaptive quantization side information is being 
calculated. 

3 )  Both  methods results in 2N sample  periods  of  delay.  In 
the case of  method 1, the  first  block is used to  calculate the 
transform  coefficients,  and  the  second to  calculate the side 
information.  For  methsd  2,  the  first block is,used to store  the 
N speech  samples, and  the second is used t o  calculate both  the 
transform  coefficients  and  the  side  information. 

4) Method 2 is compatible with. adaptive  feedforward 
quantization [ l ]  in  which  a  quantization scaling factor to be 
sent to the receiver as side information is calculated for  the 
block  of  speech  samples  before.  the  transform  coefficients are 
calculated.  This  adaptive  quGtization results  in  a  normaliza- 
tion of the  transform  coefficients, resulting  in  a  reduction  in 
the  number  of  bits  of precision in  the  accumulation  and  stor- 
age of  transform  coefficients  and  in  the  subsequent  adaptive 
quantization algorithms  which  operate  on  a  per-transform 
coefficient (as opposed to block) basis. In method  1,  on  the 
other  hand,  the  transform  coefficients are  calculated  prior to 
reception of the  entire  block  of  speech  samples.  Thus  the 
accumulation  requires  greater  precision. 

In view of  these  considerations,  the  fourth  point was con- 
sidered  overriding, and  method 2 was chosen.  This  choice  also 
results in’fewer  bits  of  required  memory,  in view of  the fewer 
number  of  bits of  precision  required  for  speech  samples as 
compared to  partial  accumulations  and  transform  coefficients 
which have not been  adaptively  quantized. 

This  choice  results the  configuration of  Fig. 1. It  is 
assumed that  the speech is first  encoded using the p = 255 
encodiig law commonly  used  in  telephone  networks.  This 
type of  coder is  widely  available in  monolithic  forin  and  has 
adequate  precision and  dynamic range for  this  apphcation. As 
the speech  samples  are  read into  an N-sample buffer,  the  adap- 
tive feedforward  quantization algorithm  (the box labeled 
“adaptive gain”) calculates  some measure of the average 
speech  power.  This  measure is then  mapped  into a scale factor 
in the  box labeled “scale,” which is applied  before  accumula- 
tion of the  transform  coefficients  and is ais0  transmitted as 
side information. As the samples are read from  the N-sample 
buffer,  they are  converted into a true  floating  point represen- 
tation (which is  very  similar t o  p = 255).  Prior to  accumula- 
tion, we must  multiply by.the values o f  the  coshe as in (2.1). 
Since the cosine  has a well-defined level, it can be  stored in 
ROM in a  fixed point  representation.  The  multiply  with the 
speech  sample  can  be  performed  only on  the mantissa of  the 
speech sample floating  point  representation.  The  resulting 
values  are then normalized  by  adding the previously deter- 
mined scale factor to  the  exponent,  and  the resulting value is 
converted to  fixed point  prior to  accumulation.  The  accumula- 
tion  of  the N values then  determines  ,one  transform  coefficient 
as in (2.1). The  accumulation of these N values occurs  during 
one  speech  sampling  interval, and  the N-sample  buffer is read 
N times in order to determine  the N transform  coefficients. 

As the N transform  coefficients  are  calculated, they are 
stored  in  an  N-sample  buffer.  Simultaneously,  the  adaptive 
quantization side information is calculated.  Then,  as  the N 
transform  coefficients  are  read from  the  buffer,  they are  coded 
using the  appropriate  step size and  number  of  bits  of  precision, 
as determined  by  the  side  information. 

Several aspects of  the  transform  coder  implementation 
deserve to  be discussed in  more  detail.  In  the  following  sec- 
tions  we discuss the adaptive gain algorithm, the p = 255  to 
floating  point  conversion,  and  the  generation  of  the  cosine, 

A, p = 255 to Floating Point Conversion 

The conversion  of  a p = 255 sample to floating  point to 
expedite a  subsequent  multiplication  has  been  used  in [4] . In 
this  section  the  details  of  this  conversion are developed. The 
E.i = 255  output level is given by  [SI 

X = i L ( I / +  16.5)-  16.5 (2.2) 

where X is the  output (analog) level corresponding to  p = 255 
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code (L, V), L is the segment number, 0 < L < 8, and  Vis  the 
level on a  segment, 0 < V < 16. The  effect  of  the sign bit  has 
not been  incorporated  into (2.2). We can  find  a  floating  point 
representation  for X by setting it equal to 2L V ' ,  where L is the 
exponent  (the same as the segment  number) and V' is the 
mantissa. Solving for V ' :  

V' = V + 16.5(1 - 2-L). (2.3) 

It  is straightforward to see that 0 < V' < 32, and  that a full 
precision  representation  of V' would  require 13 bits.  However, 
if  we  used only 5 bits,  the accuracy  in V' would  be 20.5, 
which  would  result  in an accuracy  in X of +2L- ' .  This is ex- 
actly half a p = 255 step size, since on segment L the  step 
size is 2L.  Thus,  a 5 bit precision on V' results in a  maximum 
error of half a step size in the I-( = 255 law,  and  adding bits to 
V' reduces the  error  correspondingly. 

The  actual  conversion  from V to  V' can be  done  by simple 
combinatorial logic. .It  should also  be apparent  that if the 
original speech  should  be  encoded in  fixed  point  rather  than 
p = 255, the conversion to floating  point  would also be  ad- 
vantageous,  although  slightly  more  complicated. 

B. Adaptive Gain 
It  i s  recommended  in [ 11 that  the  input speech  samples  be 

normalized  by  their sample  variance prior to  calculation  of  the 
transform  coefficients.  However,  once  the  speech samples  have 
been  expressed  in  floating point  form,  it  should  be  adequate 
(and  much  simpler) to  normalize them in  terms  of  the  expo- 
nents  only.  In  particular, if we calculate the sample mean  of 
the  exponents in the  block  of N speech  samples 

where Li is the  exponent of sample i, and  then  subtract L from 
the  exponent of  each  speech  sample, the  block will be  norma- 
lized  such that  the average exponent is zero. This is roughly 
equivalent to normalizing by  the geometric  mean of  the  block 
of speech  samples. Also note  that Li is the same as  the segment 
number of the p = 255 sample, so that  this  normalization 
factor can be calculated  directly from  the p = 255 samples as 
they are  being  stored  in the buffer (as shown  in Fig. 1). 

C. Generation of the Cosine 
From (2.1), we  see that  the cosine must  be generated at  the 

4N points  uniformly  spaced  on  a circle shown  in Fig. 2. Obvi- 
ously,  only N + 1 values in  one  quadrant need be  stored in the 
ROM, and  the  others  can easily be  inferred  by  symmetry.  In 
addition, since N will undoubtedly be a  power of  two,  it is 
convenient to  store  only N values.. Fortuitously,  the  three 
angles marked  with  a  question  mark  can never occur  for N a 
power  of  two'  (this is  suggested by (2.1) and  has  been verified 
by a computer program for N = 128). This  implies that  the 
ROM need  only have N addresses. In  addition, angle zero is 

- ROM ADDRESS 
N - 4  ? N-I 

\ 
\ / 

N-4 7 N - 4  

Fig. 2. 4N angles  for  which  cosine  must  be  generated. 

SIGN 

ACCUMULATOR 

MAGNITUDE - 
COSINE 
VALUE 

Fig. 3.  Cosine  value  with  address  generator  (shown  for N = 128). 

only  addressed  in  calculation  of the k = 0 transform  coeffi- 
cient,  and  hence ROM address  zero  can  contain the value 
2-lI2 rather  than  unity.  The ROM addresses are then  shown 
on the diagram for all four  quadrants,  and  the  required signs 
are also shown. 

From (2.1), the ROM address  can easily be  derived from 
the  quantity 

Z(m, k) = (2m + 1)k modulo 4N (2.5) 

where m is the sample number in the  block,  and k is the 
transform  coefficient  number. If N is a  power of  two,  the 
modulo  operation is simply  accomplished by using finite  pre- 
cision  arithmetic  in  the  address  generation  and  ignoring  any 
overflow. Of course, k is  simply generated by a counter.  The 
Z(m, k) can  be  generated  sequentially  from the relation 

Z(m+ l , k ) = Z ( m , k ) + 2 k  (2.6) 

as shown  in Fig. 3. The  accumulator simply adds 2k to  the 
last value of Z(m, k) at  each  new speech  sample.  The  resulting 
9 bit  address  (for N = 128) specifies which of  the 4N points 
i s  desired on Fig. 2 .  The  two  most significant  bits  specify the 
quadrant.  The exclusive-or  gate then  determines  the  correct 
sign bit.  In  quadrants  one  and  three,  the seven least  significant 
bits are used as the ROM address, and in quadrants  two  and 

1 This  was  pointed out to  the  authors by H.-H. Lu. four  the  two's  complement of the 7 bit address is used. 
. .  
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Fig. 4. Transform coder simulator architecture (L = bit length, B = 
binary point location). 

111. GOAL OF COMPUTER SIMULATION 

The  quality  of  the  speech  processed  by a transform  coder 
should  depend  only  on  the  bit  rate  of  the  transmitted  speech 
as  determined  by  the  bit-allocation  algorithm.  Determining 
the  minimum precision  required to implement a transform 
coder is important in order  to  reduce  to  a  minimum  the 
memory requirements and complexity.of the transform  coder. 

The goal of the  computer  simulation i s  to  determine  experi- 
mentally  the  required  precision  at  each  point of the  transform 
coder.  In  particular,  it is important  to  determine  the  required 
precision to implement  the  discrete  cosine  transform since 
most  of  the  memory  needed  for  a  transform  coder lies  in 
implementing  the DCT. 

Since the  simulator was not  a goal in itself but  a  tool  to 
determine  required  wordlength  precisions,  one  compromise 
was made  to  accelerate  the  implementation of the  transform- 
coder  simulator.  The  compromise lies in the use of a 12 bit 
uniform  coder  instead  of  a p = 255 coder. A 12 bit  uniform 
coder  interfaced to  a PDP 11/40 computer was available, 
greatly  simplifying the  collection  of  digitized voice samples  for 
processing  through the  simulator. . 

A. Architecture of Computer Simulator 

Fig.  4 shows the  architecture of the  computer  simulator. 
As mentioned  previously,  there is one basic difference,  the use 
of a 12 bit  uniform  coder.  This  substitution  causes  another 
small  change.  The  adaptive gain  is calculated using the  ex- 
ponent  instead of using the p = 255 segment number  and 
scaling. The  result  of  these  two  processes is, however,  identical. 

1 )  DCT Scaling Factor: The DCT scaling  factor is defined 

to be 

2 
- where N = block  length. (3.1) 
N 

The 2/N factor  comes  from (2.1).  By introducing  the 2/N 
factor  after all the  partial  coefficients have been  accumulated, 
leading  zeros are not carried  through  the  entire  discrete  cosine 
transform. 

Since N is a power  of 2 ,  multiplying  by 2 /N simply  shifts 
the  binary  point.  For  the  simulator,  the  location of the  binary 
point is a very important  parameter  and  must be maintained 
properly  for  each  coefficient  throughout  the  simulation  (Sec- 
tion 111-B discusses number  representation).  In  actual  hardware 
the  location of the  binary  point is implicit,  thus  eliminating 
the necessity to multiply  by 2/N. 

Thus, even though  there  appears to  be an  additional  change 
in architecture  from  Fig. 1 (at  point I in  Fig. 4 )  this  change 
is necessary  only  for the  simulation  and  not in a  hardware 
implementation. 

B. Number Representation 

The  heart of the  finite  precision  computer  simulator is the 
ability to specify  the  number  of  bits  in  a  coefficient  and  the 
location  of  the  binary  point.  The  location of the  binary  point 
is very important since it  determines  the  tradeoff  between  the 
range of numbers  that  can be represented  and  the  precision. 
Adding a bit to  the  left  of  a  binary  point increases the range 
and  reduces  the  probability  of  an  overflow,  Adding  a  bit  to 
the  right of a  binary  point  increases  the  precision. 

For  each  coefficient,  the  binary  point  and  bit  length  must 
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be  specified. The  binary  point is defined relative to  the most 
significant bit.  For  example,  the  coefficient  1.01  would be 
represented  as L = 3 and B = 1 ,  which  means  a  wordlength  of 
3 bits and 1 bit to  the  left of the  binary  point.  In  addition, a 
sign bit is required.  In Fig. 4 at points A-T the  minimum 
precision  needed to implement  a  one-channel  transform  coder 
is shown.  The  required  wordlengths  as  indicated  in Ffg. 4 are 
given by 

total  wordlength  in  bits = L + 1. ( 3  4 

This  precision was determined  from  the  simulation as de- 
scribed  in Section 111-D. 

The  simulator uses  signed magnitude  arithmetic  for ease  of 
implementation.  Signed  magnitude  arithmetic  creates  one 
problem  that does not exist  with two’s complement  arithme- 
tic:  there is a  duplicate  representation  of  zero.  For Coefficients 
with  bit  lengths less than 4 there is a  significant loss of  in- 
formation.  For  example, a Coefficient with  two  bits  can only 
represent  three  distinct values with signed magnitude  arith- 
metic as opposed to  four  distinct values with two’s comple- 
ment  arithmetic. 

Since  most  of the  transmitted  coefficients are short,  an 
average length of 2 for 16 kbit/s  speech,  the  redundancy  fac- 
tor is important.  To  determine  the  minimum  required preci- 
sion for  the DCT for  16  kbit/s  speech, a higher bit rate is 
necessary to compensate  for  the  redundant  zero. 

C. Overflows 
One  of the critical  problems is  overflowing a  transform 

coefficient  during  accumulation.  An  overflow is defined to  be 
a loss of  most  significant  bits  due to an  insufficient  number  of 
allocated  bits to the  left  of  the  binary  point. An overflow  can 
occur at  two critical  points.  One is during  the calculation  of 
the DCT or IDCT and  the  other is during  the scaling of  the 
transform  coefficients  before  truncating to a  specified  bit 
length  for  transmission. 

Overflows during  the  calculation  of the DCT or IDCT  can 
be easily avoided by allocating  bits to  the  left of the  binary 
point.  One  subtle  point to  consider is that  it is  possible for a 
transform  coefficient to exceed  its  final value during the 
accumulation  of  partial  transforms.  This is due to  the possi- 
bility  that several positive  partial  transforms are accumulated 
before negative partial  transforms  or vice  versa. 

Overflows during the scaling of  the  transform  coefficients 
are very critical. The  purpose  of scaling the coefficients 
before  truncating to an assigned bit  length is to remove all 
leading  zeros.  However, the algorithm to determine  the  proper 
scaling factor is  based on linearly  interpolating  between  the 
averaged side information Coefficients [ l ]  . As a  result,  the 
scaling factor  for a  particular Coefficient may cause a  trans- 
form  coefficient to  overflow. 

In  an  attempt  to reduce the overflows during scaling, the 
simulator  counts  the  number  of  overflows  for  each  block of 
transform  coefficients  after  each  coefficient is scaled.  If the 
number of  overflows  exceeds  a  predetermined  tolerance, the 
transform  coefficients are  rescaled with a smaller  scaling factor 

TABLE I 
SIMULATION RESULTS (“WHY DO I OWE”) 

Label Simul 1 Simul2a Simul 3 

D 15 5  4 
F 30 14 
G 

12 
15 9 8 

I 30 18  15 
J 30 10  10 
L 30 10 10 
0 30 5  4 
Q 15 9 8 
P 30 14  12 
R 30 18 15 

SNR (dB) 16.57 16.16  14.87 

a  Values  recommended for minimum  required precision as shown in 
Fig. 4. 

(each Coefficient has  one less leading  zero  truncated).  This 
process is repeated  until  the  number of overflows is below the 
tolerance,  The  number  of  fewer  leading  zeros  truncated is sent 
to  the receiver as side information. 

In [ I ] ,  the logz of the variance of the  transform coeffi- 
cients is proposed as the side information.  In  an  attempt to  
simplify the algorithm, the simulator uses the  number of 
leading  zeros for  each  coefficient  instead  of  squaring  the  entire 
transform  coefficient.  This is very  similar to using the  ex- 
ponent of  a  floating  point  number. 

D. Simulation Results 
Three  phrases  low-pass  filtered at  3500 Hz  were used for 

processing. The  three  phrases are  “Why do I owe,”  “Why not 
be  louder”  and  the  letter “e.” 

The  strategy  for  determining  the required  precision was to 
first  set all bit  lengths to  the  maximum allowable by  the 
simulator.  The  number  of  overflows  allowed  during scaling of 
the  transform  coefficients was  varied until  the  SNR was 
maximized.  Three  overflows  per  block  of  128  appeared to be 
close to  optimal  for all three samples. 

The  next  step was to  reduce the precision at each  point in 
the  coder,  starting  from  the  maximum  wordlength  of 30 or  15 
depending on  the coefficient,  until  there was noticeable  degra- 
dation in the  SNR  and  quality of the speech  (the latter  deter- 
mined  by  informal  listening  tests  comparing  the original un- 
coded  speech  with  the  processed speech). 

Table I shows the resulting SNR  (not segmental  SNR) for 
three simulations using different  wordlengths.  Each  of the 
three  simulations were conducted  at  16  kbits/s.  Simulation 1 
uses the  maximum precision  allowed by  the  simulator. Simula- 
tions  2  and 3 show  a  threshold at which  performance, as meas- 
ured  by  SNR,  drops dramatically with a small reduction  in 
coefficient  precision. 

The labels in  Table I correspond to  the labels (A-T) in 
Fig. 4. Only the values that changed  from  simulation to 
simulation  are  shown. All nonlisted values are  those  shown  in 
Fig. 4. In Fig. 4 “L” denotes  the  length  of  each  word in bits 
and ,“B” denotes  the  location  of  the  binary  point relative to  
the  most significant bit. 
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Fig. 5. DCT/IDCT hardware architecture. 

tnsform  coder output  bit rat .e used  for  the  simula- 
tions was 16  kbits/s. This  bit  rate  does not take into account 
the side information  or  the  inefficiencies  due to the use  of 
signed magnitude  notation.  These  two  factors have an op- 
posing effect.  Including  the  side  information  would  increase 
the  bit  rate  for  the same SNR while using a more  efficient  rep- 
resentation  of  coefficients  would  decrease  the  bit  rate  for  the 
same SNR. 

Once  the minimum'  required  precision  for  16  kbits/swas 
determined,  simulations were conducted to determine if the 
same  precision was also  adequate  for 24  kbits/s.  The  SNR  for 
24 kbits/s  using  the same precision as shown  in  Fig. 4 was only 
0.7 dB lower than  the  SNR  obtained  with  the  maximum  preci- 
sion  allowable by  the  simulator  at 24  kbits/s. This  result  indi- 
cates  that  the  precision as shown  in Fig. 4 is sufficiently  con- 
servative to  allow for  improvements  in  the  coding  algorithm at 
16  kbits/s  without being  limited  by  the DCT implementation. 

IV. BREADBOARD IMPLEMENTATION 

The  DCT-AQF  section of the  transform  coder was imple- 
mented  with SSI and MSI TTL  hardware. Because similar 
functions are required  by  both  the DCT and  IDCT, the  hard- 
ware that  performed these  functions was operated  at  twice  its 
normal  frequency so that  data  from.both  the DCT and IDCT 
could  be  interleaved.  Hardware that is shared  by  both  the DCT 
and IDCT includes  the  memories,  the  cosine value generator, 
the  multiplier,  the  floating  point  to  fixed  point  converter,  the 
accumulator,  and  the overflow  detection  circuitry. 

The  hardware  implementation  architecture  is  shown in Fig. 
5. Fig. 5 clearly  shows the  shared  structure  for  the DCT and 
IDCT. The  word  widths  recommended  in Fig. 4, derived by 
the  software  simulation, were used for  the  implementation 
except  for  three  modifications. 

The  first  modification  involved  the  cosine value generator 
PROM. The PROM has 8 bit  word  widths  representing values 
less than  unity.  Each of  these values had  its  least  significant 
bit  rounded to account  for lesser significant  bits,,except  for 
the  second  through  sixth values. These should have been 

rounded to  1 .OOOOOOOO but, because the  multiplier  used  only 
numbers less than  unity, these values were truncated  to 
0.1  11  11  11. This  error  should  be  insignificant  because,  at  most, 
this  represents  5/128 of  an accumulation where the least 
significant seven bits  are  truncated. 

The second  modification involved the  floating  point  to 
fixed  point  converter. Because 'of  the  time  required to  input 
a value to  the  accumulator,  only  shifts up  to six  positions  were 
allowed.  This is also  of  minor  consequence  because the  adap- 
tive quantization  of  the  input  makes  the  occurrence  of seven 
shifts  highly  unlikely. 

The  third  modification involved the  accumulator. It was 
determined  that an  additional five chips  would  be  needed to 
implement  a full precision  accumulator  with 24 bits  instead 
of  18 as suggested by  the  simulations.  Therefore,  the  addi- 
tional  cost was determined to  be  worthwhile  in  light  of  the 
fact  that  the  hardware  could  be used  for other  purposes  than 
16  kbit/s  transform  coding. 

The  circuit  implementation  required  139  assorted SSI and 
MSI TTL  integrated  circuits,  as well as seven  MOS integrated 
circuits  (codec,  filters,  and  memories).  Three  power  supplies 
were required (-5 V, +5V, and  +12 V). A  16.384 MHz clock 
was used. 

The  performance in looped  operation,  the DCT output 
connected to  the IDCT input, was found  to be limited  only to  
that of  the  input  and  output  coder-decoder,  with  a  2  block 
(32 ms) delay.  Fig. 6 shows a mainly 920 Hz input  spectrum 
and  the  resulting  output  spectrum. The  SNR as calculated 
from  the  output  spectrum, using a  10 Hz window  with  a 
spectrum  analyzer, is approximately  38 dB which is charac- 
teristic  of  a  codec. 

From  the  implementation  of  the DCT and IDCT it became 
clear that  most  of  the  cost was  in the  multiplications  and 
format conversions  and not  in  the  accumulation of the  coeffi- 
cients.  This  result is partially  due to  the  fact  that  semiconduc- 
tor  memories  are available  in units  that  are  powers  of  two  (i.e., 
a  16  bit  accumulator  would have  saved significantly  more 
chips  than  an  18  bit  accumulator). 
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Fig. 6. (a) Output  spectrum (10 Hz window). (b) Input spectrum (10 
Hz window). 
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