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SECTION 1

A d ; i n t .  I ye Mul l — I 1I’vI- ’l 16 K h r :~ ~~p e eC h  Coder

1. t)

Under  the  eight month Adaptive Mult Ilevel 16 Kbps Speech

Coder contract , (DCA100—76-C—0002), GTE Sylvania developed software

fo r a h igh  q u a l i t y  16 , 000 b i t / sec  speech t r a n s m i s s i o n  t e rmina l

hav ing  an audio b a n d w i d t h  of 3000 Hz .  This  so f tware  was designed

to operate in a f u l l  duplex mode on two GTE Sy lvan ia  Programmable

Signal Processors (PSP) already owned by the Defense Communications

Agency .

As a benchmark to evaluate the voice quality of’ the Adaptive

Multilevel Speech Coder , r,TE ~y1variia also developed full duplex

software for Continuous Variab le slope Delta Modulation (CVSD).

This CVSD software enabled DCA to modify and optimize the internal

operating parameters of CVSD and to experiment with new CVSD

algorithms .

The development of these 16 Kbps voice coders was motivated

by the expected deployment of a 16 Kbps secure voice network .

A necessary part of any transmission network is the subscriber

terminal or telephone. For digital communication network the
I

transmitter terminal must convert the analog speech to digital ,

encrypt the data , receive Incoming data , decrypt It and reproduce

the speech.

Unfortunately, ~6 Kbps Is too low a data rate to send voice

without the use of data reduction algorithms and these algorithms

generally introduce audible distortion . The goal of these studies

was to improve the performance existing 16 Kbps CVSD terminals

and investigate the potential of new terminals employing the

principles of Adaptive Predictive Coding with Adaptive Quantization

(APCQ).
1
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2.

The significant; results of this contract are threefold:

1. The vel re qua l ity of’ CVSD can he improved t,hro ugh

relat I vely minor’ changes in the I nti-rnal pa r’ameter’s or t h r o ug h

the  use of new CVSD algorithms .

2. The APCQ c’der prevides voice quality that Is noticeably

superior t~ the best CVSD algorithms , and

3. The APCQ coder can perform well even in the presence

of channel errors exceeding 1 in l0~ .

These findings show that it is technically feasible to improve

voice transmission at 1’ Kbps over that obtained by using the

present CVSD terminals. Using the first result , relatively minor

changes in the CVSD telephone subscriber unit can provide voice

~ransmiss1on with l ess distortion . The second result , ind ica te s

that a new APCQ coder In the subscriber ter’minal could provide voice

transm ission with almost Impercept Ible d i s t o r t i o n . fdthough I~he

circuitry needed to Implement these ad~ p~~~~e multilevel coders is

considerably more complex than that needed for CVSD , studies performed

under this contract indicate that largescale integration technIques

car: minimize this difference In complexity.

In fac t , we show that  the  APCQ coder can be implemented around

an LSI microprocessor using approximately $700 in parts and about 142

watts of ~~~~~~ 
Moreover , the processing speed of this microprocessor

Is s u f f i c i e n t l y  f a s t  tha t  it can analyze and syn the s i ze  25 msec of

speech In 16 msec . Thus 110% of the time the LSI microprocessor can

perform other  func t ions  such as s y n c h r o n i z a t i o n , encrypt ion  and telephone

line control.

L - 5 -  __ - -—~-- .-—.----- -~~~-~ - --~~~~~ —-—-
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3.

( ) t’  c our se , (V ~~fl will always be I I’55 co stly to Implement t h a n

our des t gr  l u r ’  t h e  M ’CQ coder ’ . N~ v ; th I ’  I 1- 5 5 , d I’ : ;  1~~r l l’er’

implement ing the complete subscrib er ’ trr’rnina I w i th  the APCQ c Ier’

may cost no more t h a n  the  present  subsc r ibe r  t er m i n a l  employ ing  CVSD .

Th is equal ity  I n  cost occurs because analog to digital conversion of

vo ice Is only one of’ many features of’ the subscr iber terminal. Telephone

l ine con t ro l , ency pherment , and synchronIzat ion can significantly

impact the cost of the subscriber terminal. Our design , based around

a m icroprocessor , provides a cost effective method of implementing

these features in software by sharing microprocessor hardware with

t h e  APCQ coder .  The present CVSD terminal requires separate hardware

for  each f e a t u r e , thus raising its total complexity and cost.

Because of the improved voice quality provided by the Adaptive

Mult i level coders , further work should be performed to simplify the

algorIthms ,to Improve their hardware design ,and to test  t he i r

performance under realistic operating environments more fully.

-_-5 - ~~~~~—~~~~~~~~~~~~~~ -— —~—~- ~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~ ~~~~~~~~~~~~~ ~~~~~~~~~~~~~~~~~~~~~~
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f~ECTION 2

Softw are Simulations

2.0 lntro duct iorl

This study corc ;Isted of’ two parallel efforts for developing

full duplex voice processing systems . The simulation studies

investigated new techniques for coding speech and reducing the data

rate and the r~~a l— t ime software development Implemented the most

promising technique s and several CVSD algor’ithms on the GTE Sylvania

PSP for further evaluation and demonstration . This real—time sof tware

was delivered to the Defense Communications Agency for operation on

their two PSP’s built under a prior contract (DCA100—7 ’4—C—0058) with

GTE Sylvania.

Specifically , GTE Sylvania

Developed simulatio ns of adaptive predictive coders

with multilevel Quantizers(APCQ ) at 16 Kbps using several

forms of error signal quantizers.

Studied the performance of these APCQ systems in the

presence of’ channel errors

Wrote full duplex APCQ software for the DCA PSP’s.

and 
-

Wrote full duplex software for three forms of continuous

variable slope delta modulation (CVSD)

The remainder of this section w il l  describe the operating

principles of APCQ and the error signal quantizers and will provide

the results of the FORTRAN simulations . The following section will

than describe the operation of the real—time CVSD coder and the

real—time APCQ coder’.

L ~~~ ~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~ ~~~~~ ~~~~~~~~ - 5.
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2 . 1 ( perat  I r i j  Pr- I re Ipi ‘s of’ t h r -  PIPCQ T~-rm I nal

FIg ure 2 — 1 I l l u s t r a t e s  t h e  p r i n c i p l e s  of a speech t r ansmis s ion
1,2 ,3

based on adap t ive  p r e d i c t i v e  coding w i t h  adaptive multil ev el
11 ,5

q u a n t i z a tI o n  ( A P C Q ) .  The APC Q t e c h n i q u e  e st ima te s  or p red ic t s  the

present Input samples Sn from past history of’ the waveform , that is

n 
= 

~~~ n—l , ~~~~ - . . )

The r ’ -s Id un I I gnn 1 or ’  - e r r  I ;~rin 1 — s , a nnt~ with the
i i  0 fl

funct- ion P provIdes suf’f’ici ent. In f’or’mat- I on t’ci r’ the r ee( - 1  ver ’ to

regenerate  the  input  p r e c i s e l y .  In general , however , the error  signal

is quantized and is not sent exactly. This quantizatlon distort- s the

output speech so the choice of an appropriate method for quantization

is Important to good quality speech. A properly designed predictor

will produce an error signal having less dynamic range and smaller

var iance  than the  input . Thus a quan tize r  operat ing on the  error

s igna l  needs fewer bits/sample than one operating on the input , and

thi s tgnl flerint 1 y lowers t tie data rate.

The optimum predictor d e p e n d s  upon th e stat, 1st I cs ot ’ th ’~ Input

and thus the predictor parameters adapt as the input changes . These

parameters are chosen to minimize the mean—squared error e~ between the

predicted samples s~ and the actual samples s , over an analysis

interval or frame of length T which is typically between 20 and 25

ms long. This frame length is often called the band length. Once

ca lcu la ted , the p red ic to r  parameters remain fixed for the entire

in terval  but change from frame to frame as the Input statistics

change . Thus , during each analys is frarr s-
, the algorithms determine

the  predictor  parameters  from t h ’  ir~ ut data ~nd form the error signal

sequence by f i l t e r i n g  the i n p u t  d~~~~~ a l . ’ .

I
I

I
— —~~~~~-—-- - - - -“ -—~~~ S
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For sp eech , t he predIct5or l’unciIon P was t rokeri Into two

S t ’p at ’at.  t’ small er p t.ed I c tot ’s I at I I’ . ’ , IS  I I I us 1. co I. •d I r t  t ’ I ~u r’~ - -

The form of P1 acknowledges t h a t  sp eech  is o f t e n  q u a s l — p o r ’ i o d I c  w i t h

period N. Consequently , P1 estimates speech as Sn 
= 

~~n—M 
where the

pi t c h  gain ~ indicates  that  there  is either a gain change from period

to period or tha t  the  speech is not p e r f e c t l y  corre la ted  wi th  period M.

For calculation of the pitch period M we chose the average

magnitude difference function (AMDF)(6)

AMI)F( 1) — 
~~ 

- )

as a com~ ut a t iona lly  e f f i c i e n t  method for  i ts  es t imat ion  p i t ch  N. This

f u n c t i o n  has no m u l t i p l i c a t i o n s  and requires  l i t t l e  numerical  scal ing .

It also has a sharp null for that value of j which usually corresponds

[ to the period N.

• In speech , not all pitch periods are possible and thus the

terminal calculates the AMDF for those values of j  corresponding to

pitch frequencies between 70 and 3140 Hz. Accurate  p i tch ex t rac t ion

requires additional logic to test for false or multiple nulls , but since

later processing can partially correct for occasional pitch errors , the

period M is set to that value of j  corresponding to a minimum value of’

AMDF . To speed up the process ing  f u r t h e r , the  AMDF c a l c u l a t i o n  In the

APCQ system sums over  every third va l ue of the Input. This causes

spectra l  a l i aslng  and occasional  s h i f t s  in nu l l s  In the AMDF , but

l i s t en ing  tests indicate  no impairment In the q u a l i t y  of the resu l t ing

speech.  Furthermore , in ca l cu la t ing  the AMDF , the algori thms form
L partial summations which are then scaled and added to form the final

summation. Overflows are always clamped to the largest number of

the processor but this does not affect the minimum values needed

for pitch extraction .

—— ~~~~~~~~ - — - —  —~ - — ~~~ -5- — — - —  __
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To minimize the total squared error’ E = 

= 1 
(s~ — 

~~ r i— M ) 2 ,

we cart dtfferent~ late I-I with r csp( ’c t  to i and set the result to zero

giving r
a ~~~ &,S~

where T = the frame baud length in samples.

For periodic sounds , such as vowels-, a is close to unity, but for

noiselike consonants which have little correlation N samples apart , a

Is near zero .

The reduced waveform ,

— 8, —

or first error signal still contains sufficient redundancy such that

a second Nth—order predictor P2 can further reduce the output signal

energy , especially if the speech Is not periodic or if the period

is estimated incorrectly . This second predictor uses a weighted sum of

N past samples of the speech waveform to form the estimate

N
=

where the ai ’s are chosen to minimize the squared error

and are given by the solution to the matrix equation

= (~
wher e

r
= I’,_ 1,

= 1 ,? ,~ -

‘—I 
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9.

If we window t h e  reduced waveform so that it is zero outside the

interval l<n<T (stationarity assumption ), we have the autocorr ’lation

norma l equations

1 ( 

~~~~ II

and

R ft1 . . R,~ i a, 
- 

I?,

ft, H, • • -  !?N 2 a2 
—

RN_I R - 2  . . - ft , 
- 

a~ RN

This Is a symmetric Toeplitz matrix because the elements along

any diagonal parallel to the principal diagonal are identical. Efficient

solutions exist that supply the ai ’s and the mean—square energy U in
7

the difference signal. In addition , because the elements of’ the matrix

arise from an autocorrelation function , the stationary matrix solution

for the a1
1 s will yield a stable filter during synthesis , with the

r ecur s ive  f i l t e r s  shown In Figure 2—2. Unfortunately , the a1
1 s do not

make good transmission parameters because quantization or errors  in

transmission can cause the poles of the receiver filter given by

l/(1—Pl)(l—P2) to move outside the unit circle in the Z plane , causing

unstable wavefo”ms . Consequently, auxiliary parameters

called partial correlation (PARCOR ) coefficients K1 (which are the

negatives of reflection coefficients discussed by Atal) are

calculated from the a1
t s an d , as long as these PARCOR coefficients

P’~a~ c magnitude less than unity , system stability is assured .6’~

I
-~~~~~~~ - — 5  
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11.

rr -t the act ua I t e rm I rio 1 , Lrt s LI-ad of’ q u ar it  I z I ng t h e  error’ signal

as Figure 2—2 depIcts , the analyzer is reformulated and the quantizer

placed Ins ide  the filtering loop as shown in FIgure 2—3. Without this

quantlzer , this configuration has the transfer function (1—Pl)(l—P2)

as discussed earlier. With this new f’ormulation , however , we eliminate

t he  e f f e c t s  of smal l  e r rors  In  a c c u mu  I atlor t c au s e d  h i  the err-or-

quantizer. This occurs because the only input to the predictor Is the

quantized error signal and , consequently , the predictor at t h e  analyzer

ge nera tes  the  same p red ic ted  sequence as the rece ive r  does In  t he

absence  of’ transmission errors. Since it compares this predict ’-d

signal with the original Input , the analyzer can correct for distorti ons

caused by the error signal c~uantizer , altering the error signal

sequence. This would not be possible without the feedback arrangement .

There are numerous methods for quantizing the error signal ,

and Jayant provides a good discussion of adaptive techniques which

allow at least four levels or two bits per error sample (12). A major

portion of this study effort was devoted to Investigating various

quantizers and these will be discussed in Section 2.2

After computing the pitch gain a, the period N , and the PARCOR

coefficient Ki, the analyzer digitally filters the speech and quantizes

the error signal. Then the K1 ’s, a , M , the quantized error sequence

~~~ arid a normalization factor NORM , needed to perform the operations

in fixed—point arithmetic , are quantized and sent to the receiver where

the predictor coefficients are regenerated in an iterat4 ve fashion

by comput~ ng

(I, ’ (~~~~~ I — a , , ’ ek i~~ ~~~~~~~~~~~~~
a- ’ = ,, -

whe re a~~
(U represents  aj  on the  it h  I t e r a t i o n .
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The synthesizer then creates an output t i m e  wavefo rm

t . h at ;  Is bo th  I n - i l l  i~~~l ble  and p l e a s in g  to  I lst,en to. Moreover- , this

OU t p u t .  I:: r - ; j s ( I r l a h  1- i I r i se  os I t I  V ’ to  e rr - or : ;  1 c i  p 1 t e h (-x t r -oeLI (r ! hecaus -

he 1 2  r r ’ed ic t or  or t ,h~~~
- n-educed wave f o r - r n  and t t e  t u a n t i  zat  I (

~ri of the

error signal can partially compensate for wrong pitch values used In

the first predictor P1. In fact , if the pitch period M incorrectly

doubles , as often happens in pract ice , then predictions made by the

N c - s t  p r e d i c t o r  P1 or e mad e from two  pe n-I od: ; he  l o r e  I ristead of’ the

p rey  I (h A S  pe t ’  1 ,d . ‘Phi :; I ; ;  r i o t 5  ~ ;~I - r -  I o t i s  1 - t ’ r  r -  . I P ) l her ’ I i t c o r - r - ’ ct ,

va lues  for  M are chosen then different values o f ’  u ar id PA R CO R

coefficient s are also computed to compensate , in part , for this

error . Finally, the error signal , even though coarsely quantized ,

carries considerable information about the true pitch , should this

pitch be incorrectly measured . Thus the APCQ speech process can

function without severe degradation in noisy acoustic environments and

on many different speakers where accurate pitch extraction is difficult.

The AFCQ process can be modified to obtain other forms of

sp e ec h  coder’:; ‘u T ’r e r l t .  Iv be I r i j~ stud l ed  a n d  d i  :;eu:;s ’d in the I I t -r’ature —

These modification can yield Adaptive P u l se  Code Modulation (
~oders

( A P CM ) ,  Adaptive Differential PCM Coders (ADPCM), and Adaptive

Predictive Coders (APC). These configurations for a 16 Kb/s voice

coder are shown In Figure 2—14 . The major differences between the

different forms of coders are in the complexity of the predictor and

In the form of the error signal quantizer. For example , in Adaptive

PCM (APCM), there is no prediction , only the error signal quantizer

adapts to the input speech . In Adapt ive Differential PCM (ADPCM )

the predictor uses a weighted value of the previous sample to form

Its estimate. The weight never changes and its value Is typically

near 0.9.
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There is no p i t c h  predictIon . Aga in , an adaptive quantizer is

incorpora ted  w h i c h  adapts to the input . As already discussed , the

adaptive predictive coder with adaptive quant i zatlon (APCQ) has two

fairly sophisticated prediction s : the ~oeffh- I ent predicto r’ w ith

typically 14 w e igh t s  and a pitch pr ’dIel .or’ w i t  ii p 1 1  Hi ~o I i i  a .  The

pitch loop can be easily eliminated without reconfiguring the ci der

by setting the pitch gain ~ to zero . The Adaptive Predictive Coder

(APC) is identical to the AFCQ coder except for the  form of error

signal quantizer employed. Its quantizer has only two levels whose

amplitude changes once per frame interval . Its data rate is typically

6140o bps . The APCQ coder employs an error signal quantizer having

3 or more levels whose amplitudes change either once/frame of after

each sample. The data rate is correspondingly higher , typically

g600 to 16,000 bps.

I

1

- - 
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16.

2.2 Error Signal Quantizers

The des ign of the  error signal quantizer slgnificantl :j affects

the voice quality of the synthesized speech. Un der this cori t ract .

we have in v e s t ig a t e — I  several  types  of quantizers but corislder’ably

more work needs to be performed in this area to find a simple

quantlzer which performs well with channel errors ani which will permit

us to reduce the complexity of the adaptive predictor.

The significant feature of all the quantlzers Investigated is

the adaptively changing size , Q. For example , Figure 2—5

illustrates an 8 level quantizer. This quantizer takes an input signal

and converts  it to one of eight d i s c r e t €  levels .  The number of t h i s

level (000 to 111 in binary notatIon) ‘is sent to the  receiver  wh ich

converts it back to the desired amplitude value . Since the curve

descr ib ing  the  i n p u t/ o u tp u t  cha rac t e r i s t i c s  of the quan t i ze r  looks

like a staircase of step high Q ( f o r  un i fo rm q u a n t i z a t i o n) ,  Q is

commonly referred to as the step size. Until recently, these

quantizers were memoryless , and once calculated , Q never changed even

if the signal statistics changed. Unfortunately , if the input  to the

quantizer becomes large, the quantizer tends to saturate and not

describe the input well. In a similar fashion , a very low level input

may force the quantizer to always output its minimum step size and not

track the small variations in the input . What is needed is a quantizer

having memory which will increase the step size for large signals or

signals with large variance and decrease it when the input signals

become small or the variance becomes small.

All the error signal quantizers studied in this contract

changed their step sizes at regular intervals. By changing the step

I 
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sizes in t h i s  mann er , the quantizcr adapts to the changing variance

of its Input . Two d i s t i n c t  c lasses  of these  q u a n t i z e r s  e x i s t ;  those

tha t  change t he i r  step s ize  based on the  t r a n s m i t t e d  va lue  of ’ the  error

s ignal  and those tha t  change t h e i r  s tep  si  ~~ h:is -d on t h e  v a r ’ l r i nice of’

the unquantized error signal . P. No11 ’~~ has called the first form

“ba ckward ’t quantizers since they look backward over previousl y

quantized error samples to adjust their step size. He has labelled

the second form “forward” quantizers because they look forward over

the unquantized error sample to obtain their step size . The backward

quantizers need not send the quantizer step size to the receiver

because the receiver can regenerate this value by looking at the

transmitted sequence representIng the quantized error waveform . This

is not true of the forward quantizers . Here , since the step size is

based on thevalue of the unquantized error signal , the receiver

cannot regenerate It from the transmitted sequence. Thus , forward

quantizers transmit the value of the quantizer to the receiver. At

a constant data rate , coders having forward quantizers have slightly

lower audio Input bandwidth than do those having backward quantizers .

Under’ this contract , we determined that both forward and

backward quantizers can be made to work equally well in the presence

of channel errors . This contradicts the work of Noll who believed

that forward quantIzers which transmitted their step size would work

better. At the time of his writing , however , No ll was unawar e of

modifications to the backward quantizers which would improve their

tolerance to channel errors .

We will first discuss these backward quantizers and the

modifications needed to improve performance with channel errors .

Then we will describe the forward quantizers and the necessity to

send the step size .

_ _ _ _ _ _ _ _ _ _ _ _ _ _ _ _ _ _ _ _ _ _ _ _ _ _ _ _ _ _ _ _ _ _  
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2. 2 .1 The Jayan t Quant ize r

The Jayant quantizer adapts its step size Instantaneously ,

expand I ng or cord.r’aetlng its value each time i t  qu an t 1ze~ a new sample .

Figure 2.-5, illustrating an 8 level (3 bit/sample) quantizer , shows

the operation of this quantizer . If the incoming sample is in one

of the Inner quantizing levels , the quantizer step size is decreased

for the next sample. If the incoming sample is in one of the outer

levels , the step size is Increased instead. These changes are based

• on the quantized output and thus , the- Jayant quantizer is classified

as backward for there is no need to send the quantizer step size as

the receiver can regenerate It. The constantly changing step size,

which is attempting to track the input signal variance is given by

= M ( I k) ~~~~~~ _ 1

~it time k where the M(Ik) represent the multiplication factors for

the step size on the kth sampling interval and is the kth transmissicr

symbol. The adaptive quantizer formulation need not be restricted to

quantizers having only 8 levels. Any quantizer having more than 2 leve1~

can be made adaptive with the Jayant algorithm. In fact , a 3 level

quantizer is possible . This quantizer , which uses (1.6 bits/sample)

quantizer , expands the step size whenever its two outer values are used

and decreases the step whenever the inner value is used . The three

level quantizer is desirable whenever the data rates must not exceed

9600 bps , whereas the 8 level quantizer requires at least 16000 bps at

2500 Hz bandwidth ,

-5 - -5-- -5-- —- - — --5—-- - - - -  - — - 5 - - - -5-~~~~~ - - - - -5- -- 5 -  -- -— ~~~- -~~~~~~~~ -~~ -—~~~~~~~~~ -
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In general, for a given transmission rate, there is an

inverse relationship between the number of quantizer levels and the

audio input bandwidth . At 16,000 bps an 8 level quantizer (3 bIts!

sample) limits the audio bandwidth to about 2500 Hz, while a 5 level

quantizer (2.33 bits/sample) would permi t about 3200 Hz bandwidth

and a 14 leve l quantizer would allow more than 3300 Hz. Thus, using

a 5 or 6 level quantizer instead of an 8 leve l quantizer , the audio

bandwidth of the coder will increase from 2500 Hz but the quantizing

noise will also incre ase because fewer quantiz ing levels are

employed .

The Jayant algorithm performs well without channel errors.

Un fort unately, channel errors significantly Impair performance. To

see this consider

k
= M ( I

k
) 

~~~~~~ _ 1  
= in M ( I ~~~ ) q

01=1

where I~ is the It h transmit ted character and M(I i) is the multiplier

corresponding to I~ .

Assume now t hat one trans mission error is made at time R-

causing

M(I~,) to be come M( 11,
’)

and

to become = M(I~
’) q2,_ 1

5.— -- - 5.--- -— — ~~~~~~~~~~~~~~~~~~~~~~~ 
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afterwards the new quant izer leve ls for time grea ter than £ become s

k , rM (I )
in M(Ii) M(rt ~ q~ [M1

L

L=1

or simplifying we obtain

— 
M ( I

&

’)

~~~~~ M (I
L
)

Consequen t ly ,  the effects of even a single channel error never die

out. In fact, an error causes a level shift in 
~~ 

by the fac tor

M(I t
’)/M (I L). Simulations and real—time Implementation show that

errors cause noticeab le fades and increases in output level. Only

when the quantizer saturates at Its maximum level or cuts off at

its minimum level does the quantizer again track properly. Thus,

the Jayant algorithm mus t be altered if it is to be useable over

real communication channels.

____ 
______
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2.2.2 The Modified Jayant Algori thm

Wilkinson and Goodman11 have recent ly shown how a simple

change to the Jayant algorithm can make this algorithm robust to

channel errors . Their modification was

k k-i
= M ( I ~~)q~~ 1 a = in M ( I

1
)
’
~ q

01=1

where I~~ is the ith transmitted symbol and M(Ii) is the multiplier

corresponding to I~ . Again if one channel error curves at time £

M(It) M ( I
L

’
)

and

r , k L
k k—i k— Is I M (I ~~~~~) I

a

= in M(I R,~ )
a q0 LM( 1~ i

or simplifying

1M(I~
?
)1a

= ‘ 

[
~~~~i~~~ 

J

Assuming a < 1, then for t imes k far removed from £ (k >> 94 .

+

The speed of this convergence depends on how near a is to 1. If L

is not too close to unit y ,  convergence is rapid.

Consequently , the effects of a single channel error decay

wi th  t ime for the modified Jayant algorithm and this algorithm is

much more suitable for use over communicat ions channels .

_ _ _  ---5- ~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~
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2 . 2 . 3  The Forney Quant izer

The Forney quantlzer5 was another attempt at creating a

backward quantizer which is insensitive to channel errors.

As shown in Figure 2—6,

= 2~~

where

Ck 
= + Ck

and

is aGk.,.l + Ml (I k)

Ck = BCk_l + 142(1k)

where specific

Ml(I k ) M2(I k) a & 8 are given in Figure 2—6.

Consequently, this quantizer also increases its step size when large

inputs occur and contrasts the step size during low level inputs.

The quantizer step size Is non—uniform and reacts rapidly to

occasional large spikes caused by pitch pulses.

Not ing t hat

k k—i
0k = ~ a M 1(I i )

i =1

and

k k—i
Ck = E M2(11)1=1

we have

= 2 
(~~~ 

a 1 4 ( 1 ) + 
1=1 

Bk i
( )

•

)

_____
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Figure 2—6. Forney Adaptive Quantizer 
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at t ime L assum e a channe l error causes

M1(I~,) 
-
~~
‘ Mi(It

’)

M2(It) 
-. M2 (I t )

then

= 
2(~~~ak_ i Mi (I i) + ak_LMl(I t~ ) + ~B

k_iM (I ) +

by adding and subtracting

and 8
k— t 1 4 ( 1 )

to the exponent

we have

= . ~a 
— 

(M~
(I
~
’ ) — M1(I,)~) 

. 

— 

(142 1L
’ —

a s k  >> £

for a < 1

and +

Thus the Forney quantizer also is Insensitive to channel errors

because after a channel error the step size approaches the desired

step size with time . Moreover, this algorithm responds more rapidly

to sudden changes In the inpu t than does the modified Jayant

algorithm.
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2.2.4 The Fixed/Frame Quantizer

Fixed/frame quantizers as originally used in APC algorithms’’2

calculate a step size for an entire frame of data. Since the receiver

cannot regenerat e thi s dat a from the quant ized error signal sequence ,

the step size must be sent to the receive r once each frame . Thi s Is a

forward type of quantizer as described by Noll.9’1°

The step size Q is a function of the RMS energy in the input

signal. The energy U is calculated during estimation of the predictor

coefficients and

Q = l/2(U/T )~~
2

where T = the frame lengt h and the factor  1/2 was determi ned

experimentally.

The fixed/frame quantizer Is Insensitive to errors because a

single channe l error effects only one value of the recons tructed error

signa l . Of cours e, if an error occurs in transmiss ing Q then an entire

frame of dat a is shi ft ed in level. Fortunately, the following frames

of data are unaffected.

I
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2.3 Fortran FIxed—F~oint ~irnul:~tIonis

The var ious  APC Q con f igu ra t ions  and error signal quant izers  were

investigated through FORTRAN fixed—point simulations intended to imp ’ement

the algorithms with the same numerical accuracy as the real—time software .

W r i t i n g  these codes In FORTRAN , perm itted us to lnv (’sttgat.e many designs

rapidly without the long debugging and check out times associated with

writing real—time software.

The b lock  diagram of the APCQ coder is shown in Figure 2— 7

w i t h  a more de ta i led  ind i ca t ion  of the processing at the analyzer

(transmitter ) shown in Figu re 2-3. FIgure 2—8 indicates the general

flow of data in the analy zer with Figure 2—9 indicatIng the data

flow of the synthesizer (receiver). These flowcharts indicate that the

speech stored on digital tape is read in a frame at a time , processed

by the  f i x e d — p o i n t  a lgor i thms , and recons t ruc ted  and placed on an ou tpu t

tape for l i s t e n i n g . The I/O is handled by the digital tape handlers

written by GTE Sylvania prior to this contract. Thus the I/O for the

simulation was straightforward , and effect was placed on the scaling

and normalization needed to perform the processing operations in fixed—

point  a r i t h m e t i c .  Appendix  A provides a complete listing of the fixed—

point simulation software with  f low chart s indicating the scaling and

normalization operations in each arithmetic function .

2.4 Simulation Results

2.4.lCoder Performance without Channel Errors

All of the speech coders of this contract attempted to preserve

the time waveform shape. As a result , a rea sonab le performanc e measur e

for these systems is signal—to—noise ratio (S/N) as defined in Figure

2—10 Informal listening tests of these coders indicate that

listeners generally prefer those systems having higher S/N ratios over

those having lower ratios . The computer simulations developed S/N

I
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29.

IN ITIA LIZE IERROR OUANTIZER ,
FI L T ER PARAM E T E R S , CALCU LATE REDUCED
WAG TAPE WAVEFORM
HANDLERS V .  5 - ~ 5n-M

ASK USER WHI CH
SENTENC E HE WANTS CALCULATE N + I

PROCESSED & WHERE ON AUTOCORR ELATION TERMS

OUTPUT TAPE TO PUT RESULTS 
R K 

— 129—K 
~ 

Vn V K+l

ASK ORDER OF COEFFICIENT K • I 2 . , , N + I
PREDICTOR . N 

_____________________

ASK WHETHER PITCH LOOP
PRESENT (~~ = 0) OR ABSENTa — 0)

o—.I 
I~~~~~LVE FOR N

COEFFICIENTS VIA
LEVINSON RECURSION

READ IN AL GORITHM
SPE ECH FRAME

QUANTIZE &
DEQUANTIZE FARCO R

PREEMPHASIZ E COEFFICIENTS
SPEECH 6 dR/OCT

r CALCULATE ERROR
SIGNAL - QUA NTIZE VIA
MU Ll . LEVEL QUANTIZER

CODE TRANSMISSION
RENORMALIZE DATA PARAMETERS
IN FILTERS

CALCULATE AMDF 
~~~~~~~~~~~~~~~ R

TO

SELECT M WHICH
MINIMI ZES AMDF(.I)

COMPUTER PITCH GA IN
128
E 5n 5 n—M

n 1a -  128 2
r~~I 

5n—M

_ _ _ _

QUANTIZE a
QUANTIZE M
QUANTIZE NORMALIZE R
DEQIJANT IZER a

Figure 2-8. Analyzer Flowchart of Fixed-Point Simulation for APCQ Coder
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30.

RECEIVE
PARAMETERS FROM

ANALYZER

DECODE a, M, NORM A LIZER ,
PARCO R COEFFICIENTS ,
ERROR & DEQUANTIZE

FILTER THRU RECURSIVE
COEFFICIENT PREDICTOR

F ILT ER T HRU
PITCH PREDICTOR

DEEMPHASIZE
SPEECH 6 dB/OCT

J DENORMAL IZE DATA

T STORE SYNTHESIZED
SPEECH ON

MAGNETIC TAPE

NO~~~~~~~~~~~~ ES 
~~ RECO RD ORIGINAL

Figure 2-9. Synthe sIzer Flow Chart of the Fixed-Point
Simulation for APC Q Code r
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ratios for each non—overlapping 25 msec speech segment . These ra t ios

were then averaged to o b t aL i  a cumulative S/N ratio for an ~nt1re

sentence. It Is these cumu IatIv~ S/N ratios t h r t l .  are used I n  our

results presented In the graphs or Figur es  ? l 1  through 2—12 .

Figure 2—11 shows the performance of APCQ systems using an 8 level

Jayant quantizer operat ing at 16 kbps. This data was obtained by

averaging the cumulative S/N ratio obtained for each sentence over a

total of six Input test sentences containing both male and female

voices .  Each test  sentence contained about 100 analysis frames and

thus , each point  on Figure 2—11 represents the average of 600 frames .

Referring to Figure 2—11, the performance increases wi th  increasing

predictor order and with the Inclusion of a pitch loop . The zeroth

order predictor without pitch is equivalent to APCM . This system

performs roughly 2—3dB worse than the CVSD system we have chosen as

our benchmark . Other simulations performed as part of this study

indicate that ADPCM has a S/N equivalent to APCQ-.l (APCQ with 1

predictive coefficient ) without pitch . As Figure 2—11 indicates,

APCQ— 1 (without pitch) is roughly equivalent to CVSD . The addition

of a pitch loop adds between 1.5 and 2.0 dB to the S/N performance.

2.4.2 Coder Performance with Channel Errors

Figure 2—12 shows the performance of these coders in the presence

of channel errors for the Jayant , Modified Jayant , Forney and fixed

frame quantizers . Controlled random bit errors were applied to all

transmitted data equally . The coder used to evaluate these

quantizers was a first order adaptive predictor (APCQ—l ) without

a pitch loop . In preparing the data of this Figure , only one test

sentence was used due to large amount of processing involved . Using

selected points taken from other test sentences showed similar

trends In performance.
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S/N RATIO IN dB

QUA NTIZ ER
TYPE

18
~~~~~~~~~~~

FIXED ~~~~~~~
(NEW STEP SIZE/
FRAME OF 25 MSEC) 7 — ___

MODIFIED JAY A NT_- - \ 
.__

~~~~~~~~~~~~~~~~~~~~
:S.

~~~~.

.. :\

-L 
6 \

1~ 
-

~~~

0 ~~~ io_2\ \ ~~— 1 BIT ERROR RATE

-2 
\ \

\ \
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-6
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I

Figure 2-12. S/N of Diffe re nt Quantizers versus Bit Error
Rate (1st Orde r Adaptive Predicto r W/O
Pitch Loop)
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As can be seen from Figure 2—12, the Jayant quantizer , CVSD and

the Forney algorithms are within 1dB of each other in the absence of

channel errors. Under this condition , the fixed/frame quantizer is

3dB below the performance of these other quantizers and the

modified Jayant quantizer is 1dB below the fixed/frame quantizer .

The Jayant algorithm , however , is extremely sensi t ive  to channel

errors . Its performance falls off rapidly when errors occur . This

quantizer produces noticeable distortion at error rates as low as

l0~~ and is unacceptable at BER ’s of l0~~ and above . The Forney

quantizer is more robust , maintaining good performance at ~~~~

fair performance at lO
_2 

and unacceptable performance at l0~~~. While

starting at a lower performance level than the other quantizers , the

fixed frame quantizer does not degrade rapidly with increasing

channel errors. In fact, it provides better performance than either

the Jayant or Forney quantizers at error rates higher than io 2.

The modified Jayant quantizer using a decay factor of 0.96 had

a S/N that was always below the fixed frame quantizer, but at error

rates above lO
_2
, was higher than the FORNEY quantizer. Note that

CVSD , the simplest system , exhibited the best performance against

channe l errors un til error rates exceed lO
_l
.

Based on the simulation data of Figure 2—12, the fixed frame

quantizer was chosen to evaluate the performance of the APCQ system

with more complex predictors. Figure 2—13 shows how APCQ systems

using a fi x ed f rame quant izer  perform against channel errors over the

same sentence ma ter ial as Figure 2—12. In th i s  f igure , the channel

errors are imposed uniformly on the transmitted data Including the

pitch M, pitch gain a, the PARCOR coefficients and the quantizer

step size as well as on the quantized error signal sequence.
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FIgure 2-13 . 16 KBPS Speech Coder Per formance vs. Rand om
Channe l Bit Errors ( BER )
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At low error rates , a fourth order APCQ system with pitch

outperforms CVSD by 3dB. As bit errors are imposed , the APCQ

system loses Its advantage over CVSD. At high error rates , the

presence of the pitch loop becomes detrimental to APCQ performance.

At error rates between l0~~ and io
2, the APtQ system with fixed/frame

quantizer and CVSD have similar S/N rates. Note that the simplest

system (i.e., APCM) outperforms CVSD at error rates of 10
_i

. This is

shown by the bottom curves of Figure 2—13 wIth predictor order equal

to zero and no pitch loop present . Figure 2-14 provides an alternate

method of graphing some of the data given in Figure 2—13 . These

curves compare the channel error performance of a fourth order adaptive

predictor , with and without pitch , to CVSD . At low error rates ,

fourt h order system s are superior to CVSD. At higher error rates ,

CVSD is either superior to APCQ with pitch or comparable to APCQ

without pitch.

These results indicate that system performance is a critical

funct ion of channel error rate. As low errors occur , the complex

APCQ systems outperform CVSD at 16 Kb/sec . For high channel error

env ironmen ts , CVSD is superior . If high quality is the objective in

low error environments , then the APCQ system provides the designer

with a superior voice digitization technique .

Based on these simu lat ion resu lts , GTE Sylvania and DCA

agreed to develop a final system using a fixed frame quantizer. To

Increase the audio bandwidth from 2500 Hz to 3200 Hz , the 8 leve l

quantizer was reduced to a 5 level quantizer. This lowered the S/N

ratio of the APCQ system approximately 3dB from those presented

in Figures 2—11 through 2—14.

2. 14. 3 Improved Error Signal Quantizers

The modified Jay ant algorithm , however, did not become

available until after we made this decision to implement with the
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f’~xed/frame quantiz~ r. Moreover as FIgure 2—12 Illustrates , Its S/N

Is always lower t h a n  the other quantlzer :;. Neverthe1e~ s, Ir i rormal

listening tests conducted after the decision to implement with the

fixed/frame quantizer Indicated little if any degradation between

the Jayant and modified Jayant quantizers without channel errors .

Even more important was the discovery that the distortions

introduced by the modified Jayant quantizer were less objectionable

than those introduced by the fixed/frame quantizer. Consequently,

during the last weeks of the contract , additional simulation runs

were performed to observe the behavior of the modified Jayant algorithm

further -

Figure 2—l5&l6 illustrates the performance of the APCQ coder

with channel errors inserted into the transmitted data using the

modif ied  Jay an t quant izer . The S/N ratios behave about the same way

as the fixed frame quantizer in the presence of channel errors. Thus

for error exponents greater than l0~~ , the systems having no pitch

predictor and a low order coefficient predictor performed better than

the systems with a pitch loop and high order predictions. The simple

systems are better since the channel errors occur on the pitch

parameters and predictor coefficients and these must significantly

affect the S/N ratio. On good channels (BER < i0~~ ) the S/N ratio

improves as the predictor becomes more sophisticated .

The S/N ratio of the APCQ coder with modified quantizer is

always lower than that for the fixed/frame quantizer. The perceived

voice quality, however , is generally higher because the types of

distortion are different.

Thus the S/N curves while Indicative of the expected performance

of a technique are not always directly related to voice quality .

I
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I
S/N OF ADAPTIVE PREDICTIVE CODERS USING 8 LEVEL
MODIFIED JAYANT QUANTIZER

20
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CVSD@ 10~~ BER—~ P%TCH LOOP
CVSD @ 10~~ BER _!t 

-.-
.
~~~~ ~~~— 1 0~~ BER

CVSD @ io
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~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~ 
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— — — 110 BER
6 — — — J
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— _J~~ E-DICTOP.

-i OR~~~~ 
— 1
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-4 - 16 KBPS SPEECH CODER PERFORMANCE VS. RANDOM
CHANNEL BIT ERRORS (BER) .

2077-76E

Figure 2-15. S/N of Adaptive Predictive Coders Usii~ 8-Level
- Modified Jayant Quantizer
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20 4TH ORDER ADAPTIVE PREDICTOR
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—2 - BIT ERROR RATE 8523-75E

I
I
I FIgure 2-16. S/N of CVSJ) and 4th Orde r Adaptive Predictive Coder

(Modified Jayant Quantizer) versus Bit Error Rate at 16 Kb/s
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The modified Jayant quantizer has high voic e quality but f’airly

low S/N ratios .

The modifl -d .fayant quaritizer hecau:w It does not degrade as

Liii- 1) red I ctor heenrne:~ ~ e~;~ corrip ] -x o f ’  rer ~; th - potential of

simplifying the APCQ system dramatically .
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Real-Time Software

3.1 Description of’ APCQ Program

3.1.1 General Discussion

The real—time APCQ program written ~n ~wzembly language enables

the EDM to collect , ana lyse , t ransm it , receive and syntheize speech data

in full duplex mode . The sequence of operations involves initialization

of the syst em parame ters , set—up of the interrup t processing, acquisi-

tion of synchronization , processing of speech via the APCQ algorithm ,

transmission and reception of parameters an d rec onstruct ion of speech .

The APCQ algori thm implemented Is a fourth order adaptive pre—

dictive coder with a pitch loop and a five— level fixed frame quantizer .

Each speech sample is predicted as a weighted linear combination of four

past speech samples. The error signal, computed from the difference of

the actual and the estimated speech sample, is then quantized into five

levels by the quantizer shown in Figure 3—1 with level estimated from

the RMS power of the error signal which remains constant throughout a

whole frame of speech data.

The key to correctly sequencing the operations is the use of two

Interrupts in the EDM : the spee ch side In terrup t and the line side

Interrupt . The speech side interrupt is set to interrupt the computer

at regular intervals and transfer control to software (starting at

Locat ion 0) ,  which inputs one speech sample into the computer and out-

puts one speech sample from the computer. Careful count Is kept of the

number of samples read in; and when  a frarrv - ~~ r J aI . ;j h:j~ h- i - r i  I iij .ii L

Indicator (transmit flag) is set showing the analysis can begin .

The line side interrupt also regularly Interrupts the computer

arid transfers control to software (starting at Location 1), which out-

puts modem clock (five—volt levels from a flip—flop ) and one bit of

transmission data. At every eighth interrupt it inputs eight bits of
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Figure 3-1. Characteristics of a 5-Level Quantizer
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received data which have been accumulat ing in an eight-bit shift

register. When it receives a frame of input data, it sets an indicator

(receiver  ready f lag)  showing that  syn thesis can begin.

Since the program operates in less than real—tIme , it executes

instructions in a wait loop while it Idles. It leaves the wait  loop to

analyze speech whenever It sees that the transmi t ready flag has been

set by the speech Int errupt . Af te r  ana1y~ is it returns to the wait loop

where it will leave again for the synthesis when the line side inter-

rupt raises the receive ready flag. In addition , it also interrupts the

sync flag and leaves for the sync search routine whenever the flag is

set. Natura l ly ,  the speech and line interrupts are funct ioning even

during execution of the wait loop . Speech is input and output at each

sampling instant , and data is sent and received at 16,000 bps.

3 . 1 . 2  InItialization and Wai t Loop

When the program is started, it immediately goes to an initial-

ization mode where all parameters and counters of analyser and synthe-

sizer filters are cleared. It then goes into the wait loop shown in

flow chart Figure 3—2 and waits until one of three flags, namely :

transmitter ready flag, receiver ready flag and sync search ready flag

is set where it performs the corresponding processing. At the end of

the operation , the program returns to the wait loop to use up the Idle

time left over. Reinitialization can always be achieved by setting one

of the front panel switches.

3.1.3 Synchronization

After received 80 bauds (1.5 second) of data, -the sync search

ready flag Is set where the program goes to sync search loop shown in

Figure 3—3 .
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Figure 3-2 . Initialization and Wait Loop
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4 8.

To understand the synchronization process , it is necessary to

describe the format of the transmission data. Figure 3—4 shows

that  the t ransmission baud consis ts  of’ 312 bits arranged In the

following manner: 280 bits for the predictor error signal , one

synchronization bit which is always set to a one , t hree bits for fourth

PARCOR coeff ic ient , three bi ts for t he third PAR COR coeff icient , four

bits for the second PARC OR coeff icient , four bits for the f irst PARCOR

coeff icient, three bits for the pitch gain ALPHA , six bits for the pitch ,

four bits for the RMS power of’ error signal, three bits for the normalizer

an d a second one bi t for sync hron izat ion which Is also always a one .

The receiver develops a histogram of the received data , count ing the

times a one is received in each of’ the 312 bit positions . After 80

frames (approximately 1.5 seconds) the receiver examines the histogram

for positions of two values near 80 (the values may be slightly less

than 80 because of transmission errors) which are 31 bit positions

apart . From the position of the sync points , the software then knows

where the last bi t In the frame Is located, and It shifts the received

sequence so that the first bit of the baud lines up with the first

storage location. Once synchronization has been achieved , t he locations

of the synchronization bits are saved and compared with that of

subsequent sync searches to determine the necessity of shifts in the

following received sequence. 
-

3 . 1 . 4  Line—side Interrupt

Figure 3— 5 describes the program flow whenever the clock

interrupts the computer for data transmission or reception by trapping

to Location 1. First the flip—flop which drives the modem clock is set

•
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INT ERRUPT LOOP
LINE SIDE _________

LINE—
CLOCK
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UNE$ SET?

RESET 
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_______________________ 8 BITS
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FIgure 3-5. Line Side Interrupt
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or reset depending on whether  the in te r rup t  was even—numbered or

odd—numbered . Whenever it is set , one bi t  of data is also sent and

the  receiver buffer is interrogated to see if eI~ ht bits of data have

been received . If’ received data is ready, the  sof tware  i np u t s  the

data , compiles the histogram , and , whenever the baud Is complete ,

• sets a receiver ready flag. Every 80 bauds It sets a flag Indicating

that a synchronization search could begin if’ desired .

R .1.5 Speech Side Interrupt

The speech sIde Interrupt  is straightforward , as shown in

- - - Figure 3—6. When the computer interrupts and traps to Location 0,

it reads in one speech sample , reads out one sample , an d when the

buffer is full , sets the transmit ready flag . The speech data Is double—

buffer ed to prevent loss of data dur ing ana lys is.

3.1.6 Speech Analysis and Synthesis

Flow charts of Figures 3—7, 3—8 , 3—9 and 3—10 descrIbe the

operations of the analysis of the APCQ coder . Upon entry to the analyser

the Input data is first normalized . Then pitch is computed via the AMDF

function as shown in Figure 3—5. Next the pitch gain ALPHA and the redue~d

waveform are calculated as Illustrated In Figur e 3-7.

In Figure 3—8 the autocorrelation coefficients of the reduced

waveform are determined that are later used to compute PARCOR coef-

ficients via the matrix inversion routine shown in Figure 3—9 from

wh ich ac tual predictor coeff icien ts (a ’s) are derived as in Figure

- 
- 3—14. Finally , the RMS power of the error signal is calculated and

used to quantize error signal and coded Into seven bit words as shown

J 
In Figure 3—10.

— Figure 3—12 and 3—13 describes the operations of the synthesizer

where all transmitted parameters are decoded and speech is reconstructed

by inverse fI1tering~ -
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Figure 3-7. Analyzer for APCQ Code r 
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~~~~~~~ E~~ TIQ N

r~=~ I_ _ _
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FIgure 3-8. Autocorre lation Calculation
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FIgure 3-9. CalculatIon of PARCOR Coefftcienta (K1) aa~ RMS Pt~ er
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FIgure 3-10. Error Signal Calculation and Quantization
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Figure 3-11. Tran smIssion Data Construction
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Figure 3-12. Data Reception, Decoding and Dequantlzatlon
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SUBRO UTINE QCAT & QACR

F 
a 1 K 1/4

_ _ _ _
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I I 1 ‘ I
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a. b.FO R J 1,2 ... i— 1
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FIgure 3-14 . Converti ng PARCO R Coefficients to A’s
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SUBROUTINE OAMPF

PITCH
CALCULATION
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FIgure 3-15. AMDF Pitch Calculation
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SUBROUTINE
QSRT

SET LOWER & UPPER LIMITS
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~~~~
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_ _ _ _ _ _ _ _ _ _ _ _ _ _

YES

fx=~~
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FIgure 3-16. Subroutine (~~RT
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63.
3.2 Operation Procedures for the APCQ Program

3.2.1 Connecting the System

a. Connect the EDM ’s to each other either in back—to—back

mode shown In Figure ~-17 or through a 16,000 bps mod em

as shown in Figure ~— iR .

1. Use the terminal marked “Dato ” on the rear of the CPU to

connect to the modem or the other EDM .

2. Place the toggle switch to appropriat e RS—232 or MIL—188

interface position as required

3. Strap the modem to operate from the external

transmit clock or the leading edges of the data

b. Connect the handsets or audio tape recorders to the

proper input and output jacks at rear of CPU

3.2.2 Readi ig in the EDM Software

a. Place all switch register toggle switches in the

up position

b. Power on the PSP and card reader

c. Depress the “PM CLEAR” sw itc h to c lear program memory

d. Set T1NORMAL/TEST PMIR” switch to “NORMAL”

e. Set “RUN/STOP” switc h to “STOP”

f. Load the binary deck and depress the “MOTOR” and

then “START” switches on the card reader

g. Cards (load PM, load DM, PMMA checksum, DM chec ksum )

are read In. Card reader halts before it gets to PMIR

checksum cards

h. Depress “STOP” switch on card reader
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1. Set “NOHMAL/TE~T PMIR” switch to “TEST PMIH.”

Depres s “MANUAL INST” switch

j. Restart the card reader by depressing “MOTOR ” and

“START” switches

k. After the whole deck is read , set “NORMAL/TEST PMIR”

switch back to “NORMAL”

1. Set “INTERRUPT PROGRAM/DISABLE ” sw itch to “INTERRUPT

-5 PROGRAM ”

m. Set “RUN/STOP” switch to “RUN” to start executing

the program .

3 .2 . 3  I n i t I a l i z ing  the EDM

After the program has been running, relnitialization

can be achieved by simultaneously holding switch register

toggle switch 15 In the (lown pos it  tori for each EDM and then

returning it to the up position .

-- -- - ______________________ 
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3 . 3  DescrI ption of Continuous Variable Slope De lta Modulat ion Program

3.3.1 Basic Principles of Operation

CVSD repre sent s one of the simplest voice digitizers known,

since there are relatively few mathematical operations per input sample.

Figure 3—19 depicts a digital implementation of a CVSD transmitter and

receiver operating on the DCA EDM’s. The Input speech is first con-

verted to digital by a 12 bit A/D converter after lowpass filtering

through an elliptic fi lt er having a 3 dB frequency of 3200 Hz.  The CVSD

algorithm subtracts an estimate of the Incoming samp le from the Input

and quantizes the difference or error sample to +1 if the error is posi-

tive and —l If negative. The quantized value Is encoded for transmis-

sion by the mappIng 1 into 1 and —l into 0. The algorithm then uses a

two state process to construct the estimate for the next Incoming sample .

The first stage computes a quantizer gain factor by Interacting with

time constant T1 and uses this factor to adjust the level of the

quantized error signal. The second stage filters this new error signal

through an integrat or having time constant T2 to produce the new speech

estimate. The CVSD receiver then reconstructs the ±1 bit stream of the

transmitter ’s error quantizer . Thi s dat a excites the same quantizer

gain and error signal integrator (which formed the speech estimate at

the transmitter ) and generates the synthesized speech after D/A conver -

sion and low pass filtering.

With varying gain in the error signal, the system adap ts to

the slope of incoming speech wave form . Severe slope overload oc~.urs

with Insufficient quantizer gain perceived as muffled speech with drop

of volume. On the other hand , excessive gain will cause overshoots

which introduce granular noise Into the synthesized speech. In this

study, three slope adaptation stretegies are Investigated : 
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Figure 3-19. Transmitter and Receiver of CVSD-B
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3.3.2Standard Three Bit Memory (CVSD—B)

Figure 3—19 shows the block diagram of the CVSD—B transmitter

and receiver. By employing a three bit shi ft register , memories of’

the present and past two error samples are retained and utilized

to estimate the incoming speech. Whenever the three bits of the

shift register are identical (11]. or 000), a waveform with st eep

slope is usually present . Then a spike of amplitude A is introduced

into a single pole smoothing filter with coefficient a1. Whenever

the three bits are different, the logic introduced a zero into the

same f ilter shown as :
I A , if shift register = 000 or 111

f(j) = a1 f(j—l) + 1~O , otherwise (3—1)

Then the filter output for a constant input amplitude A or 0 is

given by

f’(n) =11A
~ (l—a 1~~~ ) ; if shift register 000 or 111

I n (3—2)a
1 ; otherwise

When f(j) is added to a small bias ~~, the result is a gain factor

for multiplying the ±1 data coming from the error quantizer . This

new waveform then generates the speech waveform by exciting a second

single pole integration f ilter with coeff icient a2.
In order to determine the amplitude of’ A that yields the best

system performance, a parameter called compression ratio (CR) which is

defined as

CR = I max + 6 here f = A (3 3)
6 max 1-a1

was Inves~ Igated . This compression ratio is related to A by

A (]._a1)*tS* (CR—i) (3~~ )
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With fixed 6 and a1, the amplitude of the spike A is directly

proportional to the compression ratio . With a higher value or

compression ratio , the system tracks the incoming waveform with a

smaller slope overload .

As shown in Eq. ( 3—~4 ) ,  high pulse height A can also be obtained

by raising the bias value 6. Hence a high 6 tends to y ield a better

estimate to a fast changing input waveform . But in the presence of

a slow varying waveform , such as silence intervals betwe en speech ,

the main excitation component to the integration filter is 6 which

yields an oscillatory reconstructed waveform with a value +6 .

Hence large 6 tends to Increase the granularity of’ the processed

speech .

Besides the above parameters , the t ime constants T1 and T2
of the gain and prediction filters also contribute to the

reconstruction of speech waveform. A large value for the time

constant T1, which Is related to the coefficient a1 by

= —TIm a1 ( 3— 5 )

Where ,~~- is the transmission rate tends to have a smoothing effect

on producing the quantizer gain which decreases the sensitivity

to channel errors. A small value for time constant T2 which is

given by

T2 = —T/ ln (a 2 ) ( 3 — 6 )

prod uces a more energ etic tracking of the input wave form .

I
I
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3 .3 . 3  Forney and Qureshl ’s 3 Bit Memory (CVSD—C)

Another strategy for updating the quantizer gain using

exponeritials is shown in Figure 3—20. This algorithm uses a 3—bit

shift register with the last bit corresponding to the present error

-5 
sample. The content of this shift register are used to generate pulses

of different length which excite a smoothing filter. Table 3—1 provides

the amplitudes of’ these pulses as a function of the shift register

contents.

Content of Shi f t  Register S Value

00 0 3/16

001 0

010 —5/128

011 5/6~4

100 5/6~4

101 —5/128

110 0

111 3/16

Table 3-1: Pulse Heights for FORNEY CVSD Quantizer

The output of this filter after addition of a small

b ias 6, is used as the exponent on the expansion 2~~. For

implementation purposes, an approx imat ion to the exponent ial

expression is given by

+ QKF ) = 2 (I QK) (l+QKF ) (3—7)

where IQK = integer part of the filter output and bias

QKF fract ional part of the filter out put and bias

The result of this exponentiatlon Is then used to excite an

integration filter . Because exponentials are used for both

increasin g and decreasi ng the quantizer , a faster gain can be
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achieved within a relatively short time , resulting in a better dynamic

range of the system and better tracking of rapidly increasing and

decreasing waveforms.

3.3. )4 Jayant’s One Bit Memory (CVSD-D)

Figure 3—21 Illustrates the Jayant slope adaptation logic.

In contrast to the two previous algorithms , t he Jayant met hod

uses only one bit of memory . Every time an error sample is generated ,

it Is compared with the previous quantized value . If they are differ—

ent , the present quantizer level is multiplied by a factor Q < 1. If

they are the same , it implies a continuous rising or falling waveform.

Then the present level is multiplied by a factor P > 1. They are used

to excite the integration filter to obtain an estimate of the Incoming

speech waveform .

3. 14 Discussion of Real—Time Code

The real time software of CVSD Is straightforward when com-

pared to APCQ program codes. The sequence of operations involve the

initialization of speech and line side interrupts , speech process ing

using one of the quantizer gain update strategies as discusse d in

Section 3.2, transmissIon of error code and synthesis of speech

afterwards.

As before , the two Interrupts, namely the speech and lines ide

interrupts are used. The former obtains its signal from a 12—bit A/D

at a constant rate and then output a 12 bit processed sample for a

12—bit D/A . The latter governs the transmission of data. At every

interrupt , it outputs a transmitter clock pulse and decodes one bit of

received information . At every 8 interrupts, It inputs a new eight

bit receiver word . The program transfers control to a wait loop after

it finishes performing either transmitter or receiver functions . Since

there is no framing necessary in the CVSD algorithm , synchronization

is not needed.
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3.14.1 Wa it Loop

F i gu r  ~— - 7  ~ t iuw ~ :i I ’ low chart, or t . lu  w a i t  loop . I ts

funct ion, as mentioned earlier , i~ to use up a l l  the t ime 1 ’f’t over

after processing operations . It also sequences the transmitter and

receiver operations by examining the transmitter and receiver ready

flops and examines the front panel to see if initialization Is desired .

3.14.2 The Line Side and Speech Side Interrupts

Figures 3—23 and 3—214 describe the software operations

when interrupts occur. The function of these interrupts are

discussed in Sections 3—114 and 3—15.

3 . 1 4 . 3  Speech Analys is  and Synthesis

Figures 3— 2 5 and 3— 26 describe the software operation of

the transmitter  and receiver of CVSD—B . It allows a selection of

transmission rates (9 .6 kBPS or 16.0 kBPS ) ,  t ime constants in gain

filter (6.3 msec , 10 msec , 20 m s e c) ,  time constants in prediction

filters (1 msec , 2 msec , 10 msec , 20 msec) and compression ratios

(10, 20, 60, 100, 150, 200). Figure 3—27 and 3—28 show the software operation

of Forney and ~ ‘eshi ‘s CVSD—C . Figures 3—29 and 3-30 describe the operation of

CVSD-D transmitter and receiver where one bit of men’ory is used.

3 .5 Operating Procedures of CVSD Program

3 .5 .1 Connecting the System

Connect the EDM ’s to each other or through a modem as

detailed in Section 3.2.1.

3.5.2 Reading in the  EDM Software

Read in the CVSD program as shown In Section 3.2.2.

3•c~~ Init ializat ion of the EDM

After the program has been executing , reinitialization can be

achieved by simultaneously holding switch register toggle switch 15
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9

CLEAR AL L.
TRANSMITTER AND
RECEI VER PARAMETERS

WAIT S

EXAMINE FRONT
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BIT 15 YES
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NO GO TO
I NIT

NO BIT 7
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SET COUNTERS FOR YES
9.6 KBPS TRANSMISSION RATE

I SET COUNTERS FOR
KBPS TRANSMISSION RATE

YES READY TO
XMIT?

CLEAR XMIT NO
READY FLAG

READY TO NO
RECEIVE ?

GO TO
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CLEAR RECEIVER
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GO tO
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Figure 3-22. Initialization and Wait Loon 
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-

.

INPUT SPEECH
SAMPLE FROM
WDØ

OUTPUT
SPEECH SAMPLE
FROM D/A Ø

RETURN
2088- 76E

Figure 3-23. Interrupt Loop Speech Side
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CLOCK
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~~~~~~~~
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8 BITS

NO
FLAT 0 SET?

- UNSCRAMBLE
1 BIT

YES

• RESET SET
FLAG O FLAG O

_______  ______________ 
RETURN

________1

~ 

-

IS
ET MODEM CLOCKj 

~ 
~~~~~~~~

LOCK

1

[ 1 BI T
]

2083-76Er
Figure 3-24. Interrupt Loop Line Side
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Figure 3-26. Receiver for CVSD-B
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TRANSMITTER
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NO
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COMPlIMENT TRAN
IRAN - (IRAN) ’ ESTM -
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WAIT

I OBTAIN FOR
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20757S*

Figure 3-27. Transmitter for CVSD-C
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2073-71E

Figure 3-28 . Receiver for CVSD-C
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TEMP TIEVI. 1 [TEMP = -TLEVL
NO 

_ _ _  _ _ _TRAN - I

T RA N-O ______________
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Ftgure3-29. Transmitter for CVSD-D-- 
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OBTAIN
RECV

OUTR = 1

Tc2~~ouTR + TEM P I
NO 2? 

_________________RECV = PRECV

•75.QL EV 
YES 

- 

GO TO
WAIT

QLEV -
1 .25.Q LEV

LIMIT LEVEL
4~~QLEVS ~Q00

SAVE PRECV
PRECV = RE CV

YES 
RECV~~O

FTEMP _ _QLEV
I 

_ _ _ _ _ _ _ _ _ _ _ _

TEMP = 01EV

2067-76E
p

FIgure 3-30. Receive r for CVSD-D
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in the down position for each EDM and then returning it to the up

position .

3.5.14 Program Options

The CVSD program enables select ions of two transmission rates,

three slope adaptat ion logics , six compression ratios , three time

constants for gain filter and four time constants for the predictIon

filter . The EDM switch settings and their functions are summarized

as fo llows :

1) InitializatIon

BIT 15 down = initialization
up program execution

t ii) Transmission Rates

• BIT 7 down = 16.0 kBPS
up—  9.6 kBP~

iii) Slope adaptation logics

a) BIT 8 and BIT 9up = standard ‘—bit (CVSD—B)

BIT 2 BIT 1 BIT 0 Compression Ratios

0 0 0 10

0 0 1 20

0 1 0 60

0 1 1 100

1 0 0 150

1 0 1 200

BIT Li BIT 3 Gain Filter Time Constant

0 0 6.3msec

0 1 10.0 msec

1 0 20 .0  msec

i
-U
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BIT 6 BIT 5 Prediction Filter Time Constant

o 0 1.0 msec

0 1 2.Om sec

1 0 10.0 msec

1 1 20.0 msec

b) BIT 8 down and BIT 9 up = Forney and Qreshi ’s 3—BIT (CVSD— C) 
-

c) BIT 8 up and BIT 9 down = Jayant ’s 1-bit ( CVSD—D )

I
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3 .6 I/O Speech Filters

Under th is contract , GTE Sylvania supplied L~ identical I/O

Speech Filters , two for eac h DCA PS?. The I/O speech filters

are pass ive , low—pass elliptic filters that exhibit an essentially

flat passband characteristic (0—3200 Hz at less than 0.5 dB

ripple) followed by a very sharp transition region occuring Just

below their 3 dB attenuation frequency. These filters , supplied

by ESC Electronics Corporation , Pallisades , N.J., are very stable

and possess a very low noise figure as a result of their passive

design . The mechanical and electrical specifications insure

compatibility with the DCA PSP’s and they can be plugged into

card number 1 of the PS? without any modifications . Figure 3—31

provides the frequency loss characteristics of the filter (ESC

part number ESC143F61) whose input and output impedance is 5000 ohms .

These f ilters have a pin arrangement assure that will be inserted correctly

into the PC board . Care should taken , howev er , to not damage the

filter pins when Inserting or removing the filter from the card .

I
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~~~

- r-ee—.’ ite ~~~~~~~ devices

widely r r q tl a bl e in current technology ~ t ipolar speeds. *11

devices itt our design ~ rc ~?— the—shet r ~..,  W.~~ and UI
Schottky ~ I~ n 1~~r chips.

The ~~~~~ ALU, the ~~ 2931, i~ elieved ~~~‘- b’ the most

powerful micro processor ch it ava ilable ~~‘ the rr~~sc. -t  t i me.

It ~~~~ all military specifications and -
~~~~~~ function at ~

clock rate of ~.66 ~~~~~~~~ or i~~ ns cycle tim .

One key feature of the processor is Its ;~ word 2—port t L W .

T!~ RAM serves as an or-~~-Jr’ re~~~s’er rile. 2—p ’rt — -“-
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easy to sce.ss ~~ reglsl.r the ~~~ il*e.  In 4dIt*~wi,

PJi ~ rw is the  ~ r~~Ist.r 1 ~I teh t~ 1ht r~t1t’J * r i*~irI$~ ~~~~~

., i t  )
~

. I I.’~,l ~~~~ ii .1 I~~~. .~~i I... - fl-a it’*~.~ ls~4 IJ’

~ tOi~h ‘i~~’~~’m I~ .~lij Jpi. I ‘ I,’.~i .  ~

the s ignal tt~ of ~~~~~ i0 :r ::~ ~~~~ •- Lii :f ~,t•~r ~,_ :0 ~on

be esp iatnand fo l low ing. Input da~* ~ z- red fr om 4at~
m.mor ,v to than P Pus (~~t~ Pus) as~s lit~~~c~ ty t A r r I ~~irr,

They i~ •Ithr~ ~~~te .t In en’ of th* locatiot- In U . -s~ ri

~AM or i t r oc :’ly fee.! Ut. LW. wh1C i~ ) the It ~~~
logie s t operations . Y ~ itpu l ‘ n 1Li~ &sn t r  ~~e ~~~ e k

the processor for r4r~~er LW ‘~~ itu$*t.1~t OI~
0 .

~ be

to t P~~ 0 regIster or ~~~~ ~~~~ regI~ !~~ li ’t* ~~~~~~~~ the refore ,

be brough t ~~~-I. to data ~~~ T~~~$ the ~~ 
-

m.’1T~I~r F  address pointer ~e ~~~~~~~~~~~~~~~~ data from n~~n. ,ry .

rh. branching hardware, Is not - . ... 5~ ‘r~a-. &.~~~

t r ~~~k~ St the result of Ut. t~ri,vious~~~~1. L I  Drsnec:

cuted i’ the ‘i  of the cycle following i’ ~~~~~~~ ion

taInliç trip ~ ‘wt~ t. “ ‘ - Is u* remilt of pipel law’4 Ij t ietIc1r4 ~~‘1~cø~) .

All the ~4ii~-.tI~ w ~~ c~*r~1 1~~ by “~~~ ~~ 2s~ t~~eti eve

~~~(rutIzed to l~. 3~ ~~~~
- s1r~Ie ltmae cIo~k.

E~~imates ~ f’ I.SI Ia~ e vttstIon of M~~c1 ~;Lcri i m’
This section presents the transmitter “t °r s t ’ ’- - of ‘ f~e

APCQ algorithm . All -
~~
‘

~~~~~~~
‘- of the transmitter ~~~~~ 

.7 ~~•

~ ez~~~les. Overall ~~r:ng and —

cf the entir” APCQ implementation are ~rr - Ied. ?I~t a l1y ,  the

cost and power of the LSI processor based on counted chips ~~
documented .

~$.3 . l  APCQ Imp lementation

t.SI design Implementation of APCQ Algorithm ~ ~~~~~~~~~~~ o~

I __ ~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~



lmp~em.mtsiion of 15t *~~~~ •I.~ -rl I*.m - .r

wttt.r op.rU iom* a.r. lt t.o hi ~~‘$g~~.’.t %ui~~~.

jrn tnier~~~t

t I’4 .1 5 t~ t s~~$I~~~ i~~t

I,

i. P~ % ~~~~~~~~~

r -
~~~ ~~~ ~~.

w
~~~~~~~~~~~~~~~~~~~~~~~ $t t  4 I$~ 

‘
~ ~~~~~~~~

4~’~f$ t r +~~ i i ~~I&$~ ~
~~~~~~~ sc43int.IaeP. 5~~

~ Ielemt

~~~~~iaat iw’ )r  I Q

tr u i  1 •aI~i~l*tI~~
r • •- ~ ~: ; 1 ~~~~ I~~~~Ion

~
s’ti~ r~’ 5.5 APCU ~ r 

~~~~~~~~ ~~~~~t~i’ Ititi~

th taSk in the $$‘. ‘ c? I t4~~~ p1,te4

sof twsre for ~*~‘~~ ‘I ) r t  In th e  loop ? c ’ p
~~~f’ (Lt •

~~~ software t~ -~~- Involve r i~~el csi- ;s~ Ions ~~~~ data ~~~~~
S

“~~~
g’ C~:t i Ou 1$tiOfls ire p rf,,r .4 In ~~~~~~~~~~~~~~~~~~~~~ loops. ;~~ ~~ -r ~

proc~~~~r will handle the loop ~J I.’c~ r~ f’, eQc~~r ; .  ~~~~~~~~~~~~~~~~~~~~~~~~~~~

the overall timing and memory -
~~~~~~ bo •stl*sted ~ e t f -~~~ req~~~~

in the I), the macro ~~~~~~~ r an’J ~~~~~~~~~~ ~~~~r’~~a’i.

The use cf  the ~‘~~~r r r 0 ~~~~- 1* : — ‘
~~~~~~~~

- ‘
~~~~~~ con cT 4 ’ nr~t~ 1Y

in P’igure 5—5 along with the ~ -r -~ ‘I -n$l traaework ~~~

~~~~~~~~~~~~
-; map . Within this organization . th’~ -~ -ro r r - r~saor ‘ ‘

as the na~~er computer. and ‘~~
-
~~ LP ~ progr—~ ble r ! ~~~aI

r’r~~~~~~~~~r for dof --c ~ the -ost iez cam~ ~ 0 I r n ~ r°’~~ir ed ~y
processing algorithm.

_______________________
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~WL15 tee’ . f - t R 4 ~- (ir f i~~~~~(i .r~ ’- ~~zi~ - ‘?- ~~ 
•
~ 

~~~ ~~~~~~ ~~~~ 
¶ 

~~~
( ,

;~~~~- •~~~~. !.. ~~m • 
, i — a -  , . :*.I Ii u$.. ~~~~~ ~~~~~~~~~~~ :.~ ~ ~ lm ,

~ t ~ h ~~~ ? t .  S. . rItà I~ r40 1 *.  
- I.0

~~. • . I •
~ I — ~I ~ ~ • I

It.* 1Ity . tiot~. 
S.
~~w~si f lit  ~ 

-~~~0~ t i  I ~!~~1 U;~- mztcr I roe .sjor

ta ~~v~t i.t •~~~~~~~. t~~ U ~~~~~~‘ ~~. ~~~~~~ ~u l u r . r wa1tt! . ,~’ for

on~ or thy ?P’ s ~~ S.~-

The m~’ r ~ proces - •- the,i — t ’ a  -~~~ ! t- 
~ 1 r f  T r r c . -~~~ . r

t~~ f~~~~~i .• t f ’-~ ~ 4b! .~~ 
i t q g~srtm4 t ,r5 Into 

~‘ ~-st  ar.’a ‘and

cl.arir~ t~ic ‘uoe !~~~.d i~. ‘
~

-

~~~~~ :1 f~~~ .-•~ rir~at~~i ~~~~ pro-

CC55~~~f t~ th  i ’t ~~r ~~~~ If .‘~s t y )  ~~ll ~hen ~~~ ~~ swap

~~~~~~~ perforrn th’~ es i le t  rout 1~~~.

The n~~~ro processor (v ’~’r ~t-a~~~Inr f r r  access to I

.-  
~.

- sir~a) ‘~~iCti s.-~~ ~t ‘i,4.’ ttc- z ) CALl. m d

clears tPt~i ’ “~‘~ at flop .

~~‘e that .he ~~m - r -  p~ r ~)w~ys does all ~~~~~ work

it -
~~~~~ . until both ~w~; ~r’~as are :ven oV~r ~ th LI and .

~‘ n e  given ô- - “ -- .~ a swat area . P~ ma cro processor r~~ .- ’- r~~~

a ’~~ from Lt (when appropriate) ~~~~~~~ 7’~~t~n~’ ~r th ~~~~~i LP

CALL .

The U . in i~~ ~~~~ simply obeys the CALL w~~ r, given

access to a ~swap area”, coapl ’-r ’ - -  .
~~~ subroutine (such as

an ~~~~~~~~ or ~~‘~~- ‘rr”lation ) 
irri ~-‘~n r”~ ~rn Ing a - -~-ss tO ~~~~~~‘.‘

r n i- r r r - - ’~~s-~r .

Tw~ leve~ of t n t er r ’~r~- proces ing ~r’~ ~r~~~~~ ’~1 at

the LE’ , one v’~.r IHP~T’ T’~~ service and one t o  ~~~r r r ~~’t 1~~t~

~r~n fer - monI’-~~r In erfac” for ‘ ‘-“  and debugg I~w

operations . Thes~ or’erat~~~-- s are ~~~~~~~~ to  ~~~~~~~ L~ ~ie

to Its speed In the fl-- -” case and due Its r~’a1y access

to fast registers in the second case.

~~~~~~

-

~~~~

-

~~~~~~~~~~

- -

~~~~ 

~~
, -~~~~

-----~~~~~~- -~~~-~~~~~~~~- . - - . _
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— -‘- .—— -‘,—•.. —.•~~. ~~~~~~~~~~~~~~~~~~~~ - -

1
This f ramework ~r o ~ ¶ i : ~ f - r- full resource use w1~ hin

the co n rt ri e s of any giver o r~izat I r s  ~~ f ~ pro cessin~

hm ‘4 lth  h ’ th  h~- r~ t r ~ro ~~~~~~~~~~~ and 10’

w o r k1 t~~ s1mu 1tmeo i~;1y ;.
~~~~ ‘ ~~ v~~r 

r ) : s l h l I - . W i t h  t h I n  proto-

col as ~i k ~~r-~~~r~d , ;-: pr oc .~ b e l o w  ‘ -~~ ‘~ -r. t  r’ ’~t~ on th’-

LP ~;u h r n i ~ in~~ ~or ~~~~~~~ AP~~Q ~i i r i t L ~’ : .

The fu r i e t ~ r~ ii ~ct~.v I ~ -; ~~~~~ - ; r - ~ )r ~ - o r  Processor

¶~ u~;ei to anal~’ze the APCQ lerrer .tatio n . All transmitter

~~~~r i t  io n s o~ the APCQ ‘~o J & r  ~‘-r ~- a na ly :~ - ’i and ~~~~ le s of

the more ime cor ’~r~~o~- tos ks -
~~~

-- ~r - z ~ ~- 1 or~ the following

pages.

j



100.
a. A~ to ~~~~~~~~~~ ~t’on ~~~~~~~~ t !ot~

1~1gur’- 5—t I~ P !. ‘- r.~.e ’ ~ ~b ~t ’. 1~.
- I’ -e 3~~ ;e r ~ $

f~ t he Isnie~r I t~~~~~; ~ • he ! t ~ ~t ~e4 rr~) ~*t I ‘-

.:.,,i.. , ,•.. m~ ) t ~~ J !~~ j ’ te  ‘ •
~i i I P  1’ i 1~1!.qI y I~.;-~ ~~~~i~i’

‘h’  ??~~I’ Y t  L t iP  t i t h*  - Is  I - I s  Ih~ II I.

p1 !~~~r I !‘ ‘ r ~
- . ih &— ~ r ~~~ ,rP ~~~~~ -e r;. $~ t~~~J •

The ~‘—~~ t rt ’sul ’ 1~ ~u I~~t ’~ In d~ -.t l e~ preci—

s ! o n  in ~ocrtt!ei~ ~~ .•.~~ 1€ - . ~~~~ rr-; - S ~- ‘.c- carry

()ot 01’ the ’ i ow— rte r l.’~t i’n.. N 10 1~ -si d a’-

a l oop : ‘ r t ~ ’ I t :~ ;br ’ f ’t ~~t 
~~~~~~ 

~~~
; 

~~~~~

The outer- ~ ‘ . r - .~~~~~~~ r. - - ’~~ t . ~~~~~~~~~~ ~~~; f .

shown f r the ~~k’ of c:~~r Ry ,  ~-f ~ r~ r the

t t on s  r,f 
~~

P 
~~~~~~~~~~~ ~~~~~ ~~~~~~ , .er~~~ 1n ~ N2 up ~

• sct Ing 4~~~ • • , 
~
‘

- 
S

• er ‘ ‘~~ ~~~ ~ -~~ ‘ • rrt rrPv’1 In ~ . macti In c

cy c les by ‘~4e L~ . Tt~’- ~~~~~~~~ loe r ~~~~ -~~“ - 22 c y c~~e

Therefore, ~~~~ t - ;  -~~ sf’r ‘yc~~’ fc -’r th1’ func—

‘i on ~-~ :

22 x l”~ x 5 • lB x S • I’~1B’ cyci ’

Autocorreli ’1- ~ will -XIs  ~~~~
‘ ~~ rza1I&ed s~~-h that

C0”l . Thus , f . - n-~rm a1l -a ’.I’- ’- - will require ~ mult i—

p 1i’ t t~ - ?r. o and 1 d ’ vjs1’—~~.

The t o’ I tIme to C a lc ’ eTh - ’ -’ the autocorrelat~rr

fun c t ions  pl ’~~ nor .al’zation ~s:

114155 # 5 x 22 + 132 l~397 cycles

b. AMDF

~1gure L~_ 7  d ’ -~-:-o--is the ~riner loop of t’ ” AMDF .

R5 t~ used increase ‘i- ’ ‘~‘--- rv  ~ -~‘f ro ~~~ by th ree.

R1 and R~ are in 1’-~~alized a~ t h e  memory address index .

The r e su l t s  are a c o u m u l a t e l  ~~
‘ rer ster rair P 3 and

=

~

-- — - —--- -
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ArUhnwi uI 14’sIsr L ItIL

P Rclc.HA NI A %1A 0
_____- REG L ~~~~~!°~ —- 

IIMANCHING

I 110

2 R0 * k 2~~ MA 
_ _

_ _ _ _ _ _ _ _  _ _ _ _ _  _ _ _ _ _  - - -——-
~~~~~

- +3 X
_ _ _ __ _  -

~~~~~~~~~~~ D~~~~Q. ~~~~~~~~ 
-

. j 16 c-ycIt ’~

ii _ i~ _~~_ 
20

21 
- 

H 1
. R~ -. ft 4 

flranthka l

22 
— ± 11. . CO-~ 115 ~~~~~~~ C~1t

_ _ _ _ _ _ _  
____ I I____ 

_ _ _ _ _ _ _ _ _ _ _ _ _  _ _ _ _ _ _ _ _ _ _ _

128
AuIocorrc~ation C Z X1 ~ 

j 0.1 .2. 3,4
j  

~ 1

Figure 4-6 . Autocnrrelation Fw~cUon Inner Loop
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Ardhmetw Logic UnU
PROGRA M MA 0

SEQLJ I:NcI: U I1I~G flEt. ?uNc riotd flltAt4C HING

1 II~~~ I • I(.~ 
_____

2 1 K1 .R 5
.H~.MA 

_ _ _  _ _ _ _ _

_ _ _ _  1±1 LI~ 
H2 185 031 MA

I) -.R0

5 
- - I H~Th-.R0

SAV E SIQ4 Ii~ L
6 t 1( t . 1~ ~~~~~ 

MA 
-

7 - H2 . R
~ 
- MA

_ _ _ _ _ _  _ _ _  _ _ _  _ _ _  _ _ _ _ _ _ _ _ _ _ _  _ _  - -~~

8 
_ _ _ _  

~ 
—

~~~~ t i L l  
-

9 ~4 _ j )  -. 114
_ _ _ _ _ _ _ _  _ _ _ _  _ _ _ _  _ _ _ _ _  

S~~VI. ~SIGN D4 2 
_ _ _ _ _ _ _

l3ranch tri U10 ft~~. 0 — .R3 if Z.1

Ii R8 .CO-.R6 
— _ _ _ _ _ _ _ _ _ _

12 R~ . ft4 -.R~ 13 ranch tu I

I~ranch to exi t13 R8 .CO-.. R5
14 R3 - R 4 — .R 3 ~ranch tu 1

15 Branch tu exit

Brand~ to 13
16 R3-R0—R0 t f z = 1
17 R~, CO-. R6
18 

- 

R3 R4 
..R.3 Branch to 1

19 + ~~~~~
— 

Branch exit

72
AMDF: A = )s1 - t = +15,. ... 45

1= 1.3... —

Figure 4-7. AMDF Inner Loop
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14 for i~oa  ls~ f~rce 1?~I~ii ~I’) I ’ I ~~~~~~~ “~~~ ~‘t~~~. tt-  ~~~4P S

~~~ ers rr~ 3 1 -
~~~~~ I~ I,ir I ~~ 

-
~~i’ ~.44*, ~~~.r ~ ~~~~~~ ~~~~~~~~

a~~3 ~~~~~ ~i~ c~~i •~ .~ i1 c r~-s~t~ne~ ~ ~

I P m~i~ t ba~ t~’•~~4 • - - -I I - , ¶ ~ei- -~ 
- 

~4 ~~~ ~~ I - 

~ l iP  5.

N1 i~ 1i~~
- • I  ~~ .a i~~p e’i - I - I ~ I~ 1~ $res -.t ~*P 1?.

Tbe tiui s r in i~~ ri- - a .  Ir’- ’ 3 ~ ~~ 2 c- t~—r I t- ‘-~~i Ion .

t~ ~ •4t4 - 1• ~~~~~ r~!- P ~ .‘ AW3~~ ~ . ‘P r’-~ lit- • tr ~~~)r’y

2~~I- i r .P 5s  po tt . ’c r , •~ s~rs- r~~u~ • 
~~~~~~~~~ ~~

t I,.’ ~~ i~~~~~ • n~- ~ ye 1s-~ . .‘~ -r .- f t~’~e , t t ’-  !.~l it ’

can 1m lt~mt~tst t~~~.
t• I~W~~ .!F In:

‘. The !~c 4O” ~ ) v.~f~-~rm

The sr’. ~~~ - ~Irnri I I~ ri 1 ,s-r . 1 ri ‘ ‘ ‘

fj  ) i.
~~

- u !I i o ~-~ ‘ he-  : 1r! , 
~ In , ~~, ~~ he tap c- fflele nt .

Pt ~ ~~ -
~~ ~ Ph ’- f - .i• - ‘ ~~~ I ~*~

- !  VP y t i  :Ir t- :s14 s~~f hi-

! ? n . - ’  1f~c1 ! ~ reduced w~iv’’f 4~WI ‘ s t~~ o’ r ’

addre: - t ¶ r .’”r r~tc’~ .- i~’ ~~~~~ gain , ~~~~. N 1,

are also used :s t - :  ‘err - pick ut data from

memory or “ore data b~ek tnt-’ ~~-m -r~ . The ~r r ~~r

loon ~~~~‘- :  •
‘
~~~ ryele~ 

‘ ~- “r ’ ~~~ ‘he fun~t~ - , . 15

more cycles :-~- ‘ ; eceSSary .- ln ’’Ial ze thi-’ — ‘ ‘--ory

- -‘!‘tIn ~ r’~r l- ’ ’~r —ml ~~~
-- - - i-- -‘tt i” r overhead ~r ’r ~~ Inns.

Th~u”~ fore . t~ -~ al r r ’I l ’  “1 ~‘~ ‘c ‘ - . - are :

lh + ~~~ x l~~ =

d .  ‘ h L  ~r r ’nr  .~~~rm ’~
F ’ ,~ur - i I4_~ ~s the f’u n r t ~ onal act :~ ’- . d~~~~r~ r;

f ‘h ~’ 1nn~~r loop of ~-r ~’~~ ’ ~~~~~~~ r.~.u l c i l a t 1o n . R7,

are used O — l cc - ;r - -~~a 4 • ‘ h~ r (- :- - l l t s .  The

r ’~~~ s’ i- r? P , P . ,  R • R are use : as r-~ -~i ’  r v  adc1r ’~r-o() 3 Ii

I _____________ ________  
4 .

— 
._ _

~_ i • ____ 
- -‘-- - - - - - -  - - - -~~~~~~~ -- -~~~~~~~- ---- .- --~~~~~



ArUh:ncflc t.~~w L’nU

PROGRA M o ~ 
-

SEQUENCE D 
_ _ _ _ _  _ _ _  - 

FI NC11ON BRANCHING

I
_ _- _ _ _ _  _ _ _ _ _  -

~~~~~~~~ 
11~~~~

0-. MA

2 5n m  ~~ 
I
~2~ 

112 !~t)~
— 

3 
— 

a 
_ _ _ _  

~~~~~~~~ 
1~

-
~

4 
_ _ _  _ _ _ _  

~U~~~~~~(;~

-
ft3

_ _ _ _ _ _  _ _ _  _ _ _ _  _ _ _ _  _ _ _ _ _  - -

~~~~~~~

19 Result In HO. Q

20 
- 

K1 • MA R1 - I -. ft1
21 S,~ R~ -I-.R5 

- -

22 S~ -RO S~~R0—.b0 
_ _ _ _  _ _ _ _ _ _ _ _ _ _ _ _ _

23 R4 
_ _ _  

R4 -I-e. R4 . R 4-.MA 
_ _ _ _ _ _ _ _

24 
— 

0-. M 
— 

B ranch 2

25 n - M -1 ft1 - RO - 1—  MA

Vn = S n~~
eSn..M n = 1 . 2  128

Figure 4-8 . Reduced Form Inner Loop

1 1
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Ar IIl.n~.-I *~ I ~‘~s’ tiati

I’Ht~~.HA M MA Ii
SEQUENCE I) KEG REt I UNCTK* 

— 

UMA NCH1NG

110 110 — MA. H0
2 R1 -R0 RI~~

RO~~
MA

3 V,~_1 :~
_________  _____  — 

SM -1CA ~ I6 cycles4 V~~ —.H~ V .G

19 Result In Jl7~ Q J
20

21 
- — 

~~~ 
R7 I h (

22 R11.C0 -.K11 

- - 

Brancts to 2
_  - _—

23 110 1 1 10, R0 MA ui~ .o
24 

_ _  

R1 -R 3 
_ _  

R1 R3-’ MA 
_ _ _ _ _ _

25 Sf l M  R4 R4 -.MA

26 a S~ 
_ _ _ _ _ _ _ _ _ _ _ _

SRA SM ~ 16 cyc Les27 a —. Q ~~~~ ~~8 multiplication

a ’S
__________  _____  _______  _____  ___________________  

n-M
42 Result in K1. Q J
43 

— _ _ _ _  

R1 R1— M A  R~ - 1-- R1 
_ _ _ _ _ _ _ _ _ _ _ _

44 S~ R10 + R 7—.R10 
_ _ _ _ _ _ _ _ _ _ _

45 C0 + R 11— R 11
46 S~~_ R

10~..]
10 Branch i

47 NOP If R .1~~ branch

I I  4
C~ S~ aSfl_ M 

- Z a1V~_1 n = 1, 2, . .. 128

~~~~~~
— -- - - __fl~ ar.&4—~- a~w~~ ~~~~~~~~~~~~ ~~~~~~~~~~~~~~ ~~~~~~~~~~~~ - ~~~~~
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pointers. R~ is ~~~ei a loop e~ . ’t r-o3.

The inner 3oop takes 22 ~ • ~3 cycles .

The outer - , te h p.rtor~o the 1t~op contr i ,

reg is te r In1t i~i l t - ~~~ion ~nd ~t ’ r ~-s the r j 3 ~
ti z*~~~. in e.ory r r I 4 r 5  an addit ional 32 cycles .

Therefore . th. total requ~red c~~~~~c’~~ tsr:

(2? z ~ • fl) * 128 • ~ * 126 •

•. P*RC OR

Calculation coiffle t.’- ‘~t~ - ~~~~ I~( I ~ oo.ff-

a recur~~Ive process. For sake of

clar ity , Figure 1i_lO ~~~~‘w~ onlj the cycled u1~~ -

plicat ton p a r~ , which cuttsim r ~ of the calcula-

t ions .

Reg1~~”:’;~ N0,  N2 a r e  ~~ o~I as me.ory sddre~~
pointers . R6 is used as a loop counter. Double

precision a c r u r . , l r i t t - i n  enrP up In 1 ~~ i N11. F.*ch

term in the calcu .-’ ion ‘ i~” ‘ w multIplicatIons

and each of ‘‘a— ‘y cl e s 1. 2 and 3 t imes . In add i-

tion , two separate mul t ip l ica t ions  and f’o’ar div 1~~1ons

are necessary t’-~ complete ~~~e -~~~k .  30 overhead

cycles are added to guarantee enough cycles for

memory address indexir; - . loop control and storing

re sul ts  back In to  memory , et c.

Therefore , the re qu ir e- I  cycles are :

30 x 3 + 20 x (1 + 2 + 3) 4 20 x (3 + 2 x 3) +

1 3 2 x 1 4 + 2 0 878
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Arithmetic La~~c Usd

PROGRA M A 
- 

MA 0
suJuEp4c1: iii :~ HEC IIEG ~VNC71ON 

- 

BRANCHING

1 R0 - R2 
_ _ _  

R0 - Hi 
-
~~~~ MA 

-

~~~~~~~~

2 AP-M) 
— 

D-’ R1 ~~M) .AO K)

3 
- 

R~  R MA , R0 . I R 0 
_ _ _ _ _ _ _ _ _ _ _ _

4

5 R .~~~R1,D ?I!~~Q Iø cyc l.s
_ _ _ _  -- - -_ _ _  __-  

: ~“I’Ip&st~ n
_ _ _ _ _ _ _  _ _ _ _ _  _ _ _ _  _ _ _ _ _ _  _ _ _ _ _ _ _  

AO~ M)11B(M)

21 ResuLt In R5, Q
22 

_ _  

113 .R 5-.R1 
_ _ _ _ _ _ _

23 
— 

R4
.C0— R4

24 R6 -1
~~~R6 Brinchio l

25 Branch ethNOP 
- 

I IR ~a0

Figure 4-10. PartIal PARCOR Inner Loop
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4 .3.3 Timing and N iicry ~sti*ate~s

Th. ove rall program tI*t’� t~ derlv~iI fr~~ Pi~~srt ~~~~~

total required !~~ t t*r the transmltts-*- ~iLh  Is f~* 1 -CUl~$*~~~

w t t r ~ some of the calculat ions taken fro. the esmeples s

in the previ ous section . The result ~ shown in Table 1-1.

below :

FUN C’r!ON TIItE -~~~‘-~~

Input Norma1izat~ - 0.71

t / o  Interrupt 0.61

1.19

1, pitch gain 0.81

Reduced waveform normalization 0.89
Au tocorrelation normalization 2.16

PARCO R quantization dequant- 0.13
Ization

Predictor coefficients 0.03

Error signal 2.31

Error signal quantization 1.17

C) , clusntizatlon level _____

Total ~ime l0i~ ma

TABLE 1—1

The Estimates of Transmitter Timing of APC Q

In the APCQ Algorithm , the receiver processing Is one—

third of the complexity of the transmitter . Therefore, the

estimated timing is one-third of that required for the tran s-

mi t te r .  Also , a l lowing 15 percent overhead t ime for subrou-

t in e control , d ata handling and synchronizat ion , e t c . ,  then

th e overall processing of APC Q algorithm implementat ion is:

_ _ __ _ _ _  _ _ _  -~~~~~~~~~~~~~~ - -
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t0.k~? * ( 1 * 0) a (~ • 15$) 36.2 mace

Nsmory ~~~~i in the L~1 processor c~ be ~t t d ed into

micro and macro memories. Micro memory havin$ ~~ word ~~~~~~~~i~~’’.

Li ’4 btts t~ used for ~ t:r~- progr~m storage.

Macro memory Piav t ng 
~~~~~~~~~~ 1sng~th of 16 t its, ~~~~~~~~~

data and the ~~- r ~ program.

The amount of W ’. : r  program memory (RC~I) Is conserva-

tivel y •$t t~r i ’ e~ as shown In Table 1— ? :

Transmitter RecelveL
Input Normalization 110 110

~MDF 30

a , p itch gain 75

Division subroutine 55
Square root subroutine

Q~ant i:aP t~~n subroutIne 80 10

~~~~~~ ~~ation subroutines 30 30

9”d v ”-I waveform and n’ r— a. iz at ion ~~~~~

Aut ocorrelat ion and ri -~r~ a~ :ration 60

Predictor coefficients 50 50

Error signal 60

Init ~~alizat lon and 3ynchronization A00

Q, q u a n t i za t i o n  level 60

PARCOR 100 -

Tot a l 9110

TABLE ~4- 2

Microprogram Memory Requirements

_ _ _ _ _ _ _ _ _  - -
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Be~ t~iø-~ th. memory reqt.I~~-1 ~s ~~~~~~~~~~ In -~i~4• ‘i .-
, ~~~~

should allow 3 t overhead fo r  memory for 1iiputt:~~ and e~t .

putt tn~ the dt i~tt~l 4ata . Therefore. tOt a~ memory 152

• 335) a (1 • - 
- I )  1190

OP 11~’ . a • 1320 t I t s .  v-~i~ is ~i ~~~~~ tf  3t f

(Lk * IØ wIth 300 spar. ~ r $5 .

Mac ro program 1/0 Interrupt . ~ontr 1 ,mory and data

buff ”r for the processor ~re a~ - - -~~~~~ In ~‘5L~~~ 1~~3~

Data butter 5 * L2R • 2 * 201

APtDF 100

I/O Interr &pts • macro
program e~ nt ro 1 350

Total 1198

TABLE 1-3 : ac;oprogram Memory Requirements

~r 11198 * 16 • 23968 bits. ~~~~ is 6 chins 1k !~~ (512 *

In addi ’ ion these memory chips -constan t data memory

should require 1 chip of 1’~K ~~‘ (~ K a 16)’.

To sum up the above estimation , ~~ estima t ed memory are :

~4K RAM 6 ch~pa

16K RON chips

* Memories are projected t - -~ 1978 technology .

—  
- . - -. - - - ~~~~~~~~- -~ - — -  - ——  - - -~~~~ - -— -- -- - — -

~~~~~~~~~~~~~ -



0EV CE
1/0 -

~~~~~ 1. t w*~M____ - _________________

00 ‘., .

02 • ~14
02 L I  2 .52
08 6 0. ISt 1.0.

1 0.076 0.66
32 2 0.073

77 2 0.’20 0.16

1 0.~~~-- 0.39

~33 1 0.230 0.17

138 1.375
1148 1 0.190 0.38

153 2 0.150

157 3 0.750 1.9?

163 3 1.781 2.37

1714 9 l.’~
182 1 0.36
2141 8 3.11 20.56

251 2 0.530 1.28

253 10 .31
276 7 2.10 3.76

330 1 0.61 10.00

3711 11 1.8 10.81

2 1101 11 3 .7 120.00
1182 3 1.126 30.00

9900 1 1.000 60 .00
ilK RAM 6 3 36.00

16K RON 7 11.2 l~~1. 50
12—Bit A/D 1 2.13 195.00

8—Bit 0/A 1 1.6 119.” 
—

TOTAL 119 111.7 118 $669.m
watts

Materials, Quantities , Power and Cost
TABLE ‘i-il



11.3 .11 Cos r. ~itd P!~~~~ E5t1*t s!t~

The coSt ~nd pt~.~--•~ 

~~~~~ 

Iui~s~ •- or . i ... V~4JCC~t~~tH • ~~ per—

forme€~ t y  Iv~ .1 ‘ ‘‘  - - -~~ 
- *,~ I i~ 

-.~ t~ ~~~~~~ ~~~ -i .~~~I 
i ’4~~ ~~~~5~~

c

~-1~c4~~d by the PC boards , *e~~.~*’ 1e ~~~~~~~~~~ po.~
-
~ s up ply ,

~~c . ,  were not i~~~1ude i 1~ the ‘.st Iw~,t . , but tht - :.t are ~-~tl—

mat ed to t~e z m a l l .  ~~~~~ ;-~~~s 1t~ t , mt~ l power and to: ’ * . -

shown t~ TabLe 11~*.

Other L~1 Processor Structures

Tht~ paral lelism of ~he proposed L~1I proc~-aeor can bu

r~ rth*.r Inc reased by chang ing the loop processor ~~~
- shown

in Pt ,r~ re 14— il ‘ tnciuoe an index i roceasor ~~~ hardware

multiplier . Now ‘ -~ loop proc’~~:— r  4 r ’~~~ f l t 3  t!- r~~s func-

t ionally Independent processors .

The Index processor Is used ~~r ‘h” - r ~t - .tation of memory

addresses . It ‘- ~n~ !sts of a 16—element ~11e of data i- lu s an

~~~~~~~~~ array of po~nter~ with a 1~ ’-’ted ALt).

The hardware r~ 1tip1ier p”r~’orn~ 16—b it by 16—bit wi ’S

~omp 1’m ” n ’  m u l t i p 1 t - -~i~~~ r -. providing ~~T - t  ~t resu1~~ ~ QH and

QL regIsters (16 bits each). (bce lo~1ei wil started. 1’ will c~12p1ete its

prcduct in 8 cycl”s (or 11 or 2 - - - ‘-dPc ~~ - 1 s~-.~ while other operati~~s

can contirL2e in parallel in ~~~~ h” ~rdex processor p
~~ u~in ALU.

The m a n  ar hme~~ c/1oR1’- unit is the ~ a~ri~ as we men-

tioned before. However . Its memory addressing function can

be performed by the index processor and its mu1t~r-flcation

function can be performed by the mu~ t 1pfl~~ processor.

Tt’ese three sections of the loop processor run synchron-

ously und”r nicroprogram control .

In this sec~~- ---n , we consider add~ r R  ‘~~th er tne index

processor or the mu1t~p1ier processor or both , to the ni~n

________  - 
—

~~~~~ --.-~~~~~~~ -~~~ ~~~~~ - - - ~~
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AL U . The ‘ lm!n g , memor~ • coi’  and ~- -~ .-r Mi ll t~ - re— ’-~-’ta blIshed

t o com pare ~. t t h  the pr4-v ’(.4:~ ~In~ )e •n !Ii *1.11 ~‘r 1eeaaor .

11 .L1 .1 Timing, and ~~mory E~tIm~*t~~

With an index processor , ~he memory address pointer can

access m r n- ~~~; locations at the same tjm~ tht- aa~t ALt) performs

other opera’ ions . It can, t?.’- r’fore , save or micro program

instruct !on a’. the beginnlnr of ever:, memory Index . ~1th a

hardware multiplier , a mu l’ Ip li - e ’ ion require~ 10 cyc1r~ with

an irii ex ~-r~~ essor and 11 cycle s wi thout an index processor .’

Without a hardware multi; i’r , rr~1t ip l~ - -r ~t1on requires 20

cycle s with an index pr n-~~~sor and 22 cycle s wi thout an indea

processor. Hence , the use of ‘~t hardi~r’e miltipi ler saves at lea~-t halt

the rn L~r- tr~r’~~i - - ,~-~~. The ~k1ed peralle1 i~zn tvu~ is~reesad tt~ corçlexIty

of bu~ structures smeid~at ffl d the wcrd 1e~ th of mlcrv I struc tI~~ b7
three bits for th’~ iniltiplier and 13 bIts for the Index Irocessor .

The t iming of the transmitter ::~~r t ’  of the APC Q implemen—

t a tio~i f or the di~ f’e rent  struct - ;r c ’~ is ana1y~ ed and f l-ted

in Table 14—h .

The receiver processing tire is considered to be one-

third the require-i t ime fc’r the transmitter . Overhead

is 15 percent of the total time required for the tran~ni’ter

and the receiver .

From Table Z4~5, we can conclude that adding a hardware

mult ip l ie r improves the processing speed by about 30 to 50%.

Adding an index processor improves he r:~~’essor speed by 16

to 25%.

* It Is almost always possible to perforn additional useful
operations in either the ALU or the inuex processor while
the multiplier is performing its func~ ion such that themultiply time is effectively reduced .
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With the different structurt s micro program memory is

different a~ t~ the micro Inatructin, word ~~~~~~~~~~~~~~ MW memory

~,ize.

Table 11-6 shows these differences. Overhead eyc~~-~

have taken 15i from th.’ ‘- ‘al transmitter and rece iver

memory .

Prom the table, 1~ is clear ~~at w i t h  the Indic ated

index processor added , the overall memory required is In-

creased , because of the inc n~-a :’ of r;~~ro 1nstr~ction word

length. Other Index processors with greater computational

capability can provide for greater speed Increases with ~r-

proximately the same Increase In micro contro l memory.

The to ta l  memory , wh i c h  includes both macro and r :lcro

memory will b’’ as shown in Table ~1— 7 .

L 
_ _ _ _  

_ _  _ _ _ _ _ _ _ _ _ _ _ ______ — -. - - — ---~~~
, - —-- -
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14 .z~.2 F.stlir.ates of Co-’ :tr d Power of biiex I ~~es’~ r ~vvi ~iltiçl1er

The cost - m d  power required for !P Index processor is

$85 and 5.11 wat ts  r e sp ect l . v ’ .’ . f~’or t h -  m u l t i F i l e r  t hey

are $50 and 2.5 watts respectively.

Therefore , the cost and power for ‘he- modified processor

appear in Table ~i—8.

Lj .5 Discussions

Table 11~ 5 and Table ~-8 have shown ~~
- many ~1f’r 1~~

resul t s .  The cost and power do not d i f f e r  greatly for the

different structures , but the speed does. The best choice

for APCQ seems to be the processor with multiplier , but with-

out Index processor .

I

_ _ _ _ _  --— ~~~~~~~~~~~~~~~~~~~~~ - --.--- . - . 
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1~
(’TT uN U)

RECOMMENDAT I ONS AND - ~

5.1 Conc1us1 ru~

This “ontract has r.~~u1ted in the- deve lopment  of a h igh qua l i t y

16 Kb/s speech digltl:. ”r based on adapti.- ’- f - ’-  ~~~t I v e  c c d in g

p r i n c i p l e s  w h i c h  Is robust to channel  ~
-
~~~~~~~~~

- : - . - and ‘v ~lat1ve1y simple

to implement . Informa l lj st~ r.In~ ‘:ts indicate that the 5p(-~~~.

quality of the 3000 Hz aLdlo bandwidth ad apt lvv - predictiv e coder Is

noticeably superior to Continuous V~mr~ able Slope Deltamodulation

( CVSD) w h i c h  we also developed as a b e n c h m a r k . E x p e r I m e n t a t i -~n

wi th the CVSD a lgor i thms  I n d i c a t e d  they cn i i l d  be improved s11~.-h t 1y

by ad jus t ing  Internal  parameters , e spec i a l ly  the  compression rat io

defined as the maximum quantizer level over the minimum level.

Although this change lessened the slope overload distortion ,

mak ing the speech soun d less muf fled , its voice quality was always

lower than that of the Adaptive Predictive coder at 16 Kbps.

Using commercially available LSI electronics the 16 Kbps

adaptive predictive coder could be im,~lemented using about ‘p700 j fl

parts and would consume about ~42 watts of power. Our engineering

estimates of’ the hardware incorpo rated the Advanced Microprocessor

Devices AMD29O1 microprocessor chip to develop a programmable

multilevel adaptive predictive coder.

This approach , while more complex electronically than

that  used for CVSD , would  resul t  In a complete telephone terminal

with  bu i l t  in telephone l ine s y n c h r o n i z a ti o n , modem i n t e r f a c e  and

key Int erface at about the sam e cost as a te rminal  emp loying a CVSD

speech digitizer. This occurs because the programmable approach

r 4
— -- -~ - —-— -~~~~~~ 

--- — - —k-- —- - — 
.
~~~~~~~~~~~~~~~~~~

---- —-— --—
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can t imeshare the microprocessor hardware ~m ~ ~~~ :~ -ee Ct4

d ig i t iz e r  and these other tasks while the terminal 4th  the CVSD

d i g i t i z e r  must have special hardware for each task .  Because they

must have this specialized hardware , present .~~~~~ terminals are

su rp r i s ing ly  cost ly , even though the CVSD digitizer is ex t r eme ly

s imple .  Thus , for  about the same terminal  cost , u~ - m ul t i l e v e l

adaptive predictive coders developed under this contract would

no t i ceab ly  improve the voice q u a l i t y  over the CVSD . Con 2. r ’Iy,

these coders should be studied and ref ined s t i l l  :‘u r th e r.

5.2 Recomm endatIons

The f ina l  mul t i leve l  adapt ive  predictIve coder syst -~ de ’ err i ned

under th i s  contract  had a 3100 Hz band width  and a 5 level fixed/frame

quan t i ze r .  Furthermore , it employed both  a p i t c h  loop predictor

and a coefficient predictor . The fixed/frame quantizer was used

because, at the design review, it was the only quar .t ize r  known that

was robust to channel errors. The 5 level quan tize r  was used

because it was the most s t raightforward approach to obta ining a

3000 Hz audio bandwidth and the pitch loop was necessary because

the speech qual i ty  degraded when it was removed .

Just as the contract  ended , we s tarted to inves t igate  modi f i ed

Jayant quantizers  and other quantizers which are also robust to

channel errors . Preliminary Inves t iga t ions  indicate  that  these

quantizers  provide improved qua l i ty  over the f ixed/frame quant izer ,

and their  use can e l iminate  the need for the p i t c h  loop wi thout

loss of qua l i ty .  We recommend that  these robust  quan t ize rs  be s tudied

fur ther , and that  they be incoroorated into PSP software for operation —

In the DCA equipment . This wil l  provide high qua l i ty  adaptive

predict ive coders using these quantizers. In addition , we recommend

I 

--—-- --L- ~---- -- - _.
~~ — —‘—- —-.-- ~—- — a - - --- -- - -
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that variable length coding e - i u ~. 1 t -c i with - ,~~- : ~~~~ - buffers be used

to obtain a 3000 Hz audio bandwidth with eit~-~-r a 7 or 8 level

quantlzer. This will 1m~- r ~~v~- the signal—to—nc~se ratio or the

sys tem whi le  keeping the  tr ~i~~ mI~~~1on rate at 1€ Kb/a . ~~~~

studies should simplify the 1m; -l ’-mt-rft ~ t1on hardware from th . 
~y-tem

being delivered under th i s  contract , w h i l e  Improv ~ r .~t volee  q u a l i t y

s t i l l  f u r t h e r .

- —-~~~~~~~
- - - -- -k—- 
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MORE DETAILED FL~~ CHARTS OF APCQ C(JD-H S1Mt - LATION

A . l  IN TRODUCT I ON

Figures A— i and A— 2 contain m\-~re de ta i led  flow charts of the
fixed—point sImula~ tor with ~ level Jayant Qu .*nti~~r. Thest-~ characters
ind ic ate th~ sca l ing  needed t ’  process ‘- he speech with 16— tit artthmetic.
This sca l ing  Is necessary since the aurunlng of the data can cause ‘-he
answer to overflow and exceed the max~r’.ur number of the mach ine (2 15 ) .
Additionally , scaling is needed to avoid underf~~w I. multlp11ca’~ On

s ince only 16 b P s  of a 32—bit  product ~~~
‘ t~ 16-i- i t  numbers can be

retained . It is common practice to retain ‘he upper or most signifIcant
16 b i t s , which  is equivalent  to d I v i d i n g  the- 32—bit product by 215 .
This operatic’ri is performed automatically by the : : - ~~w:~r’ and Is called

a fractional mul tiply . Here the .mber:~ are though t of as fractions
having  a magni tude  less than 1, ~ir, rl the location of the binary point Is
not changed after multiplication . The flow charts Indicate this frac-
tional mu1~-Ip1y by showing the division by 215, whIch , as prevl —usl y

stated , is performed automatIcal ly by the hardware .

A .2 MAIN PROGRAM FLOW CHARTS AND LISTINGS

Figure A-i presents a flow chart of the analyzer section of the
APCQ Coder. In th i s  portion of the program , the data ~s read of f  the
tape, pre—emphasized , normalized, and processed to compute the pitch M ,
pitch  gain ALPHA . This port ion of the program also In c l u d e s  computa-
tions and quantizations of the residual error signal and the encoding
of the quantized error signal . Additionally , the FARCOr~I parameters are
calculated by this code .

Figure A—2 3iml la rly  describes the rec&ver portion of the
code . Here the t ransmission parameters are decoded , the predictor
coeff ic ients recomputed from the PARCOR coefficient and the error
signal used to excite the reconstruction filter. Prior to Output Ofl

tape , the speech is de—normalized and de—emphas ized .

I
- ___________________
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Table A— I contains a 1I~ t of the varl abi t - names and I~h~ 1r mean-

ings as used in the mat 11 progr:i tu r t. Pit ’ A I’CQ (~~~ I4I * 1 • 1 ii . t U(1*’d I ii this

Table Is a list of the subrout1ne~ and arlthrii t l c functions u~~d aa well

as the data arrays needed to filter the speech data.

The FORTRAN l ist ing of the main program Is contained in Figure

A—3 and Includes comment statements indicating the main functions of the

program .

TABLE A— ].. VARIABLE NAMES USED IN MAIN PROGRAM OF APC Q CODER

SUBROUTINES MEANING

TAPE 1( I )  Magnet ic ‘- ape handling where I indicates
function :

Izi read
1—2 wr i te
1-3 rewind tapes
1=14 search for last file
1—5 write end of file
1—6 rewind only input—search for

desired input file

SW1(I , ITOG ) Set ITOG 1 If console switch I is up,
ITOG— O if down

DISREG ( I )  Display I on console
NORML]. (V ,VV ,L ,N ,NS ) Normalize N numbers in array V to N+l

bits & place result in VV. NS—# shifts
to do this

RANDIN (I ,J ,Y ) Random number generator
IALPQ (IALPHA) Quantizes pitch gain to 3 bits
IALPD (IALPHA) Dequantize IALPHA
EDQNT3(MIE,I E ( J ) ,  LEVLT1) Code error vector MIE into transmission

vector IE(J)
RANE RR (Al ,A2 ,A3, A 14,A5, A6) Inserts random errors into data stream

Al according to A2—A6

EDDNT3(IEREC(J), IER , LEVLR 1) Dequant ize error IEREC (J )  into IER ,
adjust Level LEVLR].

IPARQ(IPARCT(J)) Quantize PARCOR (Reflection coefficient
parameter IPA R CT (J )

IPAROD(IPARCT(J)) Dequantize PARCOR transmission
parameter

~~~~~ _~~~4.L_i~~~
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TABLE A-i. VARIABLE NAMES USED IN MAIN PROGRAM OF APCQ CODhR (Cent.)

SUBROUTINES MEAN1N (~

FUNCTI ONS

IADD (Il ,12 ,IOVR ) A d - I  I]. to I.~’, 1~. -rement IOVR if ovt-rf -aw

IFMTJL (11 ,12) !r tiur~ally Itiply 1 , 12 ; roun d
result

IFDIV (11 ,12) FractIonally divide I]. by 12

I IM 1’L (Il ,12 ,IOVR ) Integer multiply I]. by 12; Increment
IOVR ir overflow

VARIABLES

LEVLTI , LEVLR1 Error quantizer level at transmitter
arid receiver

LP Maximum value of quantizer

IR1N1 lYl Coefficient predl’-t ur- filter memory and
transmitter receiver

NTOTI Tape han dl er data
NTUPS Tape han dle r data
NTOTO Tape handler da ta
NSKIP Tape han d ler data
1ST Tape handler data
NSHFT , NRSHFT Present normalizer shift

LSHFT, LSHRC Past frame normalizer shift

NIN Speech input array
F Input array after pre—emphasis

ISPIN Input array after normalization

IV Reduced wave form
I R I N 2 , 1Y2 P i tch  f i l ter his tory (reconstructed

waveform)
IA Predictor coefficients

IR Autocorrelation values
M Pitch delay

IALPHA , IRALPH Pitch Gain Alpha

MALPHA Quantized Alpha

_______________________________ a.-— - -~~~~—~~~~— -- - ~~~~~~~~~ -~~~~~~~~~
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TABLE A-i . VARIABLE NAMES USED IN MAIN PROGRAM OF THE APCQ CODER (Cont.)

VARIABLES MEANING

MIE , MRE Quantized error signal array

IPARCT , IPAR CR PARCOR parameters

I TRAN , IEREC Coded vector of error signal.

YY Jt~)ut array before de—emphasis
y Lutr u t array after I:—er’1p n~:;1s
NOUT Output ar-ray to ‘ape

A— 2. QUANTIZATION OF TRANSM ~iu~: PARAMETERS

Table A— 2 shc~ws the quarit i.zatlon of the filt ei- parameters , the

normalization , and the error signal.

TABLE A—2 . NUMBER OF TRANSMISSION ‘3ITS
FOR EACH PARAMETER

Parameter No. of Bits

pitch gain 3/frame

pitch 6/frame

normalization 3/frame

PARCOR 12/frame
error 2.1/sample

The quantization and dequantization of the pitch gain ALPHA is

performed by the subroutines IArJPQ and IALPD respectively. Quantiza—

tion and dequantizat ion of the PARCOR coefficients is performed by

subroutines IPAR Q and IPARDD respectively , with each PARCOR quantized
to L~ bits. Quantization of the pitch is performeca simply by subtracting

15 from the calculated value and quantization of the normalization by

subtracting 1 from the unquantized value . The quantized values then

run from 0 — 60 for pitch (6 bits) and 0 — 7 (3 bIts) for normalization.
These numbers represent coded values for transmission .

T
IL ___ —a.~~~~~~~~~ 1 -- 
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A .3 QUANTIZATION OF THE ERROR ~T GN AI.

Quantlzatlon of the error signal Is ;iccompltshed by mcans of

an eight—leve l adaptive quant izer  as described previoualy in Section

2 . 8 . 2 .  This quantizer technique was developed by Jayant as described

in the IEEE Proceedings of May 19711 .

Figure A—Il shows a flow chart of the subroutine EDQNT— 3 that

Is used to implement the adaptive quantization process. This routine

converts the error signal Into one of eight nume r ical value s , arid

adjusts the quantizer step size In accordance with the “Jayant

algorithm”.

Table A— 3 shows the variable names and their meanings as used

in subroutine EDQNT—3. Figure A— 5 is a FORTRAN listing of this

subroutine.

TABLE A-3. VARIABLE NAMES USED IN SUBROUTINE EDQNT3

VARIABLE MEANIN G

LP Maximum value of quantizer
level

MIE Input unquantized error and
output quantized value

LEVE L Present quantizer level 

a.______a._I__~•_ _ _ ~~~ ~~~~~~~ 
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SU1~ROUT 1NE EDONT3 ( It-I . It~NT,LEVEL’
C ERROR GgJ~NTIZER ~sT THE TRANSM I TTER
C EIGHT LEVEL i~DAPT1UE QIJANTIZEP
C 1.11TH COEFFICIENTS k’~ PER J~~-(C4iT

LiIMENS ION COEF(4)
DATA LP.’ 1024-’
DATA COEF/0.9.0.9,1.25.1-?S’
151 GN= 1
I F ( I N . GE . 0 )  GO TO 10
I N = - I N
151 GM— —1

10 IF(IN.LE.LEUEL ) GO TO 1
IF(IN.LE. 2~LEVEL) GO TO 2
IF(IN.LE .3*LE’JEL) GO TO 3

C TOP h OST OUANTIZEP LEVEL
I ONT =0
I F ( I S I G N .EIJ .1) I QNT =7
1N~3.S*LEVEL*ISIGN
LEVEL=LEUEL*CUEF( 4)
IF(LEVEL. GT .LP ) LEVEL LP
RETURN

C ~ECCS’4D FROM TOP LEVEL
3 lOt-IT—I

IF ( I S 1 G H . E Q . 1~ I QNT~6
114=2. S*LE~JEL*1S1GN
LEUEL’ LEVEL*COEF( 3)
IF (LEVE L. E~T.LF) LEUEL=LPRETURN

C SECOND LEVEL FROM THE BOTTOM
2 IQNT-2

IF(ISIGN .EQ.1) 101-IT—S
Z N — i  - 5*LEUEL*I SIGN
LEUEL=LEVEL*COEF (2)
IF(LEUEL.EQ .OJ LEVEL—I.
RETURN

C BOTTOM LEVEL
1 IQNT—3

I F ( I S I G N . EQ . 1)  I ONT=4
IN—LEVEL ’ 2* IS 1GM

LEVEL =LEUEL*COEF( 1)
IF(LEVEL .EQ.0) LEUEL I-
RETURN
END

Figure A-5: FORTRAN Listing of Error Signal
Quantlzer

‘~~‘y

- -  
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A . I l  Deguantizatlon of the Error Signal

The flow chart of Figure A— 6 shows the dequantization of the

error signal via subroutine EDDNT3. This algorithm performs the

inverse operations to those per formed by the quantizer at the analyzer

and yields as out put the sequence of quantizer error levels generated

In the analyzer.

Table A-Il contains the variable names and their meanings used

in this subroutine . A FORTRAN listing of’ this subroutine is contained

In Figure A—7.

TABLE A-Il. VP RIABLE NAMES USED IN SUBROUTINE EDDNT3

VARIABLE MEANIN G

LP Maximum value of quantizer level

MIE Input quant ized value

ISIG Output dequantized value

A.5 Other Subroutines

A.5.l Introduction

This section presents various subroutines that have not been

discussed previously . Table A—5 presents a list of the names of these

subroutines and their functions .

- -

-—-~~~~~~~~~~~~--- -~~~~~~~~~~~ -— ----~~~~ --— --~
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DEQUANTIZE
ERROR SIGNAL
EDDNT3

ISIG N — l

I I N  IN  + 1 lOUT = 3.5 • LEVEL. ISIGN

UN = IIN-9 
YES 

t IN

NO

ISIGN I
lOU T -‘2 .5 • LEVEL • SIGN
LEVEL -‘ h25 • LEVEL

IIN = 1

(IN = 2 lOUT — 1.5 • LEVEL • ISIGN
LEVEL =0. 9. LEVEL

NO
RETURN

I IN = 3  
YES

NO 
- ~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~

Figure A-6. Flowchart of Subroutine EDDNT3 - Dequantizing Error
Signal (8-Level Jay ant Quant izer )

i~
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1

C
C

SIJBPUUT I HE EL’DNT3( IN. I OIJT • LEVEl )
C SUBROUT I NE FOR DEQIJANT I 2 1MG 3 B I T ADAPT I LIE
C OUf~NT1ZEP SIGr4c-iL ~T THE PECE l ’-~ER
C FcLLOWS THE JAYANT ~ LI3’JR I TI-U
C
C

DIMENS ION COEF(4)

DIITA COEF/1 .75,1 .25.o.9,0.9~-
D1~TA LP-’1024’
SI GM —— I

I IN—I N+1
IF (IIN .LT.1.ijp. 1114.131.8) IIN= 1
IF (IIN .LE.4) GIJ TO 10
151GM — 1
I IN=9— I IN

10 GO TO (i.2,3.4)11N
C
1 IOlJT=3.S4~LEVEL*I5IGN11 LEUEL=LEI,JEL*COEF( I IN)

IF(LEVEL .GT.LP) LEUEL=LP
RETURN

2 IOUT=2.S*LEVEL*ISIGM
GO TO 11

3 IOUT=1.S*LEVEL*ISIGN
33 LEVEL=LEVEL*COEF I IN)

IF(LEVEL .EQ.OI LEVEL— i
RETURN

4 IOUT=0.S*LEUEL*I5I13~-4GO TO 33— END

Figure A—7 ; FORTR AN Listing of Error
Signal Dequantizer

r ~~~~~~~ ~~~~~~~~~~

~~~~~~~~~~ L~~~~:=i.. ~~~~~~~~~~~~~S ~~~~~~hk
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TABLE A-5. SUBROUTINES AND THEIR FUNCTIONS

SUBROUTINE
NAME I”IJNCTION

IALPQ Quant ize Al pha To 3 BIts
IALPD Dequantize Alpha

IPAR Q Quant ize PARCO R coeff icient
IPARDD Dequant ize PARC OR coeff icient
RANERII Generate and Introduce Random

Errors
NORML 1 Normal ize In put Speech
IADD Fixed—Point Addition With Overflow

Indication

ISUB Fixed—Point Subtraction With
Overflow Indicat ion

IFMUL Fixed—Point Fraction Multiply
With Rounding

ITMUL Fixed-Point Integer Multiply With
Overflow Indicat ion

IFDIV Fixed—Point Fractional Divide

A . 5 . 2  Subrout ines IALPQ and IALPD

Subroutines IALPQ and IALPD each contain one argument . In

IALPQ the argument upon entry is the unquantized ALPHA . The sub-

routine converts this argument to a three—bit representation having

values 0 through 7. These values are In a form suitable for t ran s-

mission. Subroutine IALPD accepts the corresponding received three—

bit value and converts It Into one of eight possible values for

ALPHA by a table look—up procedure .

Figure A— 8 contains a FORTRAN listing of’ both IALPQ and

IALPD.

__________________________ 
~~~~~~~~~~~~~~~~~~~~~
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C PROGRcfI i-DR ()%~r4T I Z I N6 qj’I-g~ rW’ D DI~Q1W~-fT I Z I ~~SIJDROJTIN E 1~LPQ (J)
IF’J.LT.O J --J
IF(J.t ,T .22250)GO TO 1
IF (J .GT .3155&3) GOTO 2
IFCJ.6T .3065e ) GO 10 3
IF ( J .GT .2905~~ GQ TO 4
IF(J .GT.25&5O ) GO TO S
IF (J . GT.2Q-;O~n 60 TO 6
IF(J.6T .1185i?~ GO TO 7
J -7
RETUJQt-I

1 j -o
RETURr-I

2 J= 1
FE1UkI 4 .

3 J=2
RETLfR$ 44
RETLIRM

S
PETLJFII6 J—S
PETURI-I

7 J-6
RETUFI
END

- - C F RD3F~~~1 FOP DEQLc4t-(T I Z I MG ~&fl1ASUBRUUTII1F I,4LPDsJ~DIIIEH5ICX I I~ LP(8)
Dc4T~4 IOLP- 32?S0 . 317~ 1 .30951.29701 . 27301. 22976.15976. 58SØ~’J .J+ I
J = I I :LNJ 1
PETURM

— - EI ID

- ~~~~~~~~~~ ~~~~~~~~~~ ~~~~~~ 

-

~ ~~~ ~~~

— 

~~

~-E~~~i fU iL~ L~~L~i ~~~~~

Figure A—8: FORTRAN Listing of’ Subroutines IALPQ and IALPD
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A . 5 . 3  Subroutine IPARQ and IPA RDD

Subroutines IPARQ and IPARDD quantize and dequantize the PARCOR

coefficients. Each subroutine takes one agreement and returns the

an swer in this same var iabl e . In IPAR Q the argumen t upon entry is

the 1th unquantized PARCOR(l). The subroutine converts this in a

14 bit  representation having values 0 through 15. These values are

in a form suitable for transmission . Subroutine IPARDD accepts the

corresponding LI bit value and converts it Into one of 16 possible

values for the ith PARCOR coefficient . Figure A-9 contains a ?ORTRAN

listing of both IPARQ and IPARDD. 

—--~~- -‘—5—-—— - - - - ~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~
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SUBROIJTIIIE 1 PAP1Th J
J= -J - 2*-*il
I FL~~~=ØZF(J.GE.Ol GO TO 1

J=IAEI S J)
J=J+16
RETURN
END

SUBRIJUT I NE I P~~lPDD( J)

DIMENSION IPr c 16)
DATA IPD/i200.31Og.5O75,7O~~.q’~~~,l120O,l- -32~~,
15225,17500. 1947S f 2145O~234OO,257O0,27O7c ,295SO, 31500’J=J+1
IFLAG=0
IF (J .LE. 16 )  GO TO I.
IFLAG=1
J= J— 16
J=IPD(J)
IF(IFLAG.EQ.1, J=—J
RETURN
END

Figure A—9: FORTRAN Listing of PARCOR Quantizer
(IPARQ) and of PARCOFI Dequantizer
(IPARDD )

- ,- ‘ - -
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A .5 . LI Subroutines RANERR and IXOR

Subrout ine RANERR is entered with six arguments for introducing

channel errors into the transmission parameters . These arguments

include the transmission data , the probabi lity of channel b it error ,

states for the random number generator , and a count of the total number

of errors . The assembly language program IXOR is used In conjunction

with RANEF~ to exclusively “OR” the transmission data with the random

bit error data generator within RANERR. Documentation of subroutines

RANERR and IXOR are contained in Table A— 6 and Figure A—b . Table A— f

lists the variable names contained in subrout ine RANE RR and the ir

meanings as used in this program . Figure A—b contains listing of the

FORTRAN subrout ine RANER R and the assembly language subroutine IXOR .

TABLE A-6. VARIABLE NAMES USED IN SUBROUTINE RANERR

VARIABLE MEANIN G

MASK Mask for introducing a bit of
error in either first through
8 bit of word

RANDU Subrout ine for obtaining random
number YRN between 0 and 1

PROB Probability of error any bit

IXOR Function for exclus ive OR in bit
of error

IWORD Out put word with errors
introduced



9JB~~JJ1INE R~44ERR ( II.i3PD.XEflI. PROS. I~~ 4. JRi-4.~~C~J-4T)
— C 114)Rt) - THE ~ )RD C~~~ fT’-~ IN I MG Tl-4E CXi~-4T I 2~~~~ PARI4IETER

C XE’Y?I - Il-JICH BIT OF IL-XJRD ThE 9JBRCIJTINE WiLL. OPERATE ~~4
C PROS - THE FRACTICW4 OF ERROPS
C I ~ 4 ~tID JRN — NOS. USED B ~ THE R~#4LO1 ~~~~~. GENERATOR
C XUiff - A Flifi I MG TOT~L OF THE ERRORS IN THIS FR~l1EC
C A ~~ 4Ifl1 NJIBER BETWEEN 0 CuD I IS GENERATED Cu’ID IF IT
C IS L~~~ T}3~ PROS. Il~ RD IS EXCLUSIVE OR-ED WITH ThE
C APPROPRIATE ?1~~~ IN ORDER TO FLIP THE BIT POINTED TO BY ICEY?1.
C
C ~~~€PR IS CILLED OFCE H)R E4CH SIGN IFICA fl BIT IN Ii.ORD.
C I.E . IF A PARc1IE1tR IS Qu~’IT IZED TO 4 BITS. R t4F.RR
C IS CaLED WITH K~~1 E(X)~L TJ 1. TO 2. TO 3. Cu4D 10 4.
C

DItIENSICJI I1~~I((8)
DATh I-c6I( ‘1.2.4.8.16.32 .64.128’
CftL RCu4DU ( IRN.J~~~.YRI 1
IF (YRN-PROB) 200.500.500

200 JLI IK~ L4OR’i I WORD.msK ( gEm , I
R.)JRO-JLJ4I
~flJF-ff-Kt1I1T+1

500 RE11~~NEND

1j
~.TITh E I)~ R - -

.(~~OBL I)~0R;NIS Cu3SEMELY L~~43LJAGE SJBROUT 11€ TALES EXCLUSIVE OR OF
;11.1J IEIPIJr $~R1?UEI1EI4TS rtID L~~~ ES Cu’tSWEP IN P~~ I STEP 0 FOR A FORTRCu’~;FU’(Tl1I~I CcLL
R0-~0
RI -~ l

~~ W s T~T (RS)+ sJUW C$JEF BRCu-CH
FO) € ‘RS)+.RO iGET FIRST APGUETIF.NT

(1)) ~ (R5)+.R1 s GET SECOND JIRGUEIIENT
XOR R1.R0 IE).~ LUSIVE OR WITH Cu6UEP IN RO
P15 PS
.END

Figure A-bO : FORTRAN Listing of Subroutine RANERR and
Assembly List ing of IXOR

I 
~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~ 
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A.5.5 Subroutine NORML1

Sub rout ine NORML 1 conta ins  f ly . -  ~i : ~~~~~~~~ , the - rr.;tllzed

input array , the normalized o u t p u t  ar r a y ,  ~ . ‘-~~~
- o~ data ;oint s

in the array , the value of’ th# . lar~ .-~-~ ~c- t a~~~ r T i -  ~~~~ ‘ -~~~ arId

the number of shifts computed by ~~ . • suLr- ~~~~~ ~ i s - - r ’ .~ .y . :ir ~~~~ ge

listing of t h i s  subroutine Is conta~ r, . - i  ‘ r l F~,.r. A -il .

A .5.6 Function IADD , ISUB , IFMU L , :. ~~~~~~~ IPDI .

The routines discussed Ir. this sec ’1—- ’~ r~- cai .~-i “Func’ Ions”

since they return an argument to the main ~~~~‘ ~ r a : -  v i a  a ~pec lf ~ -’-~i

register rather than one of the call 1r- .~ arguments . ~
- 

~~~ . 
- . Ions A - ~ and

ISUB arguments each contain three . The f i r s t  ~ w ~ the ~~~~ num bers

to be added (or subtracted) while the th5rd argument is ~r.crement ed l~’

an overflow occurs . The function IFMULI has two ~i : , u r n e n~~~ ~ n d  re turns

the upper s ix teen  b It s  of the product ( wi t h  ro u n d i n g )  of these t wt -

arguments to the calling program . This function Is sometimes referred

to as a fract ional  mul t ip ly  because It preserves the location of the

binary point .

The function IIMUL has three arguments which are the two input

numbers to be mt !tiplied and the overflow Indicator . This function

returns the lower 16 bIts of’ the 32—bit product and is referred to as

an integer multiply.

The function 1FDIV accepts two inputs and returns the frac-

tional part of the division to the calling program .

Assembly listing of these fixed point arithmetic functions are

gi ven In Figure A— 12 .

— -  —--. - - — — —-- -a-—--— ~~~~~~



1

A 31

.T I T t - F p~-~~-tv . Pq_
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. TIT L C 1i~~PITH. t~~~~~

Thi kD AK~ J1~ ~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~:5.41E P3k THE 9.II1~~~~~~~ T CASE

~i

IADD.ISUB.IPIJ... IFr , IcI.I I~~Ij

I A -I + J
sf ~-V+1 IF 13)EPFLaI

~~r, 
~~~~~~~~~~~ 

IGET ~~)ER BRc4-cH

ADD C’FS + .RO ;ADD
BUS A $ JIJIP ON
151 (RS if I GET I)JER ARGLFID”IT
INC ~ ‘R5i+
R1S ps

I9JB’ 1ST ‘FS)+ -

113’
~~JB i(RS)+.RO
BUS A
151 (P 5 )+
RTS RS

:~~ ?N~~~~~~~~~~L~’-~~ UCTION~~LY~~~~~~~~~~~ 
FO~~1 WITh ~~J~)IlG

1F11L’ 1ST tRS)+
Ilfl&J ~ 

(
~5 % + ,P0 IGET NE F I PSI MJIBER

M L O R S +.RO - ;rLLT1PLIY BY THE SECCNDC 32 BIT Cu1~~ R)
TST Ri ;RCU4D IF THE 17TH BIT IS A ONE
BGE NPND aNO ROLt(~ 1N NECESSARY

NRNDI ~~~~~~ 

Pr.. ;ROLJ’-ITIIG OCCURS IF Ri IS )-€ ATILIE
;FLICTION IFD1U DIUIDEND.DIUISOR) - ,

IFDIV’ TST(RS)+
MDV ~ (R5i+.R0 IGET DIVIDEND
ASHC s-i • P0 ;ADJUST FOR DIVIDE
DIV e’RS’+.RO IDIVIDEND/DIVISORP15 PS IRETUPH

,FI~ CT!ON I I11L
‘I NT-ESER F1.LTI PLY
IrLIL I A . B.C

IC~~EUER • 4*5 WITH C I t’CREMEI’iTED IF OUERFLC*.I

F 
II11.L ’ 1ST (P5)+

MOU ~ ( PS )+ • P0 1 GET FIRST MilDER
CLC ;CLEF-iP THE CARRY FtCu~ru. e(p5 +.p~ s rLLTIPLY THE MiIBERS
iw R1,RØ iMOI) INTEGER PART TO PS

- 1ST (RS)+ BRANCH IF DJE~~LOW
RTS RS
DC

Figure A—l2 : Assembly Listing of Fixed— P~ 1ri l~ f41’ lL t J f l I e I, 1’  I’~ a i~. : I  1 ( i t a L ~ 
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