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ABSTRACT 

A s i n g l e channel pulse code modulation (PCM) speech 

communication system i s d e s c r i b e d using a b i n a r y code with 

seven d i g i t s per code group and a sampling r a t e of 8000 per 

second. 

A unique f e a t u r e of the system i s the pulse group 

s y n c h r o n i z a t i o n or framing scheme t h a t i s employed to co-ordinate 

the operations of the coder and the decoder. A method i s 

o u t l i n e d wherein the system i s able to e s t a b l i s h c o r r e c t framing 

without the use of a u x i l i a r y framing d i g i t s . The framing 

i n f o r m a t i o n i s inherent i n the coded s i g n a l s . 

The coder operates on the c i r c u l a t i n g pulse p r i n c i p l e 

and i s a m o d i f i e d v e r s i o n of a coder p r e v i o u s l y d e s c r i b e d by 

Hafer. The decoder i s b a s i c a l l y one of the pulse count type. 

The r e c e i v e d code pulses produce b i n a r y amounts of charge which 

are st o r e d as v o l t a g e s on a c a p a c i t o r . The vol t a g e on the 

c a p a c i t o r a f t e r one c y c l e of decoder o p e r a t i o n i s p r o p o r t i o n a l 

to the amplitude of the o r i g i n a l sample taken at the coder. 

Test r e s u l t s i n d i c a t e t h a t the performance i s adequate 

f o r good q u a l i t y r e p r o d u c t i o n of speech. The group synchron­

i z a t i o n scheme performed p e r f e c t l y and c o r r e c t framing was 

achieved i n times so short t h a t misframing noise was i n a u d i b l e . 

The proposed framing scheme i s adaptable to small PCM 

speech systems where s i m p l i c i t y i n the i n s t r u m e n t a t i o n and 

economy i n the use of the d i g i t s are important. 
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A SELF-FRAMING PCM SYSTEM 

1. INTRODUCTION 

Communication by pulse code modulation (PCM) methods i s 
(1 2 3) 

w e l l known and i s d e s c r i b e d e x t e n s i v e l y i n the l i t e r a t u r e ' ' . 

PCM uses b i n a r y p u l s e s , and hence, the system needs to sense 

only the presence or absence of the pulses and ignores the shape 

and exact t i m i n g of the p u l s e s . The use of b i n a r y pulses g r e a t l y 

reduces the system's s e n s i t i v i t y t o n o i s e , d i s t o r t i o n and c r o s s ­

t a l k , the s i g n a l power requirements, and s i m p l i f i e s the d e s i g n 

of the r e p e a t e r s . Furthermore, since b i n a r y coded s i g n a l s can 

be regenerated at each repeater* i t i s only necessary that a 

r e p e a t e r be designed to handle the l i n k from one repeater to 

the next, whereas i n analog systems, since noise and d i s t o r t i o n 

are cumulative, each repeater must be designed to requirements 

b e t t e r than the requirements of the e n t i r e system. I t i s t h i s 

concept of r e g e n e r a t i v e r e p e a t e r i n g that makes PCM so d e s i r a b l e 

f o r long-haul communication systems. The p e n a l t y that must be 

p a i d f o r t h i s f e a t u r e i s the i n c r e a s e d channel bandwidth and 

i n c r e a s e d complexity of the t e r m i n a l equipment. 

A t y p i c a l PCM system i s i l l u s t r a t e d i n Figure 1. The 

input s i g n a l , a f t e r f i l t e r i n g , i s sampled at frequent i n t e r v a l s 

by the sampler. The q u a n t i z e r reduces the sampled amplitude 

valu e s to one of many d i s c r e t e values and each quantized sample 

i s then coded i n t o a b i n a r y code, according to i t s amplitude. 
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Fi g u r e 1.1 A T y p i c a l PCM System 

The decoder reverses the o p e r a t i o n of the coder. I t s f u n c t i o n 

i s to r e c o n s t r u c t the amplitude sample presented to the coder 

by the q u a n t i z e r . The r e c o n s t r u c t e d speech waveform i s then 

obtained by f i l t e r i n g . 

I t i s apparent t h a t a small e r r o r r e s u l t s from the f a c t 

t h a t the sample amplitude t h a t i s a c t u a l l y coded by the coder i s 

not e x a c t l y the amplitude of the speech waveform a t the i n s t a n t 

of sampling. This i s the s o — c a l l e d q u a n t i z a t i o n e r r o r . I t can 

be reduced by i n c r e a s i n g the number of d i s c r e t e values or l e v e l s 

used by the system. 

Many methods have been developed to code analog s i g n a l s 

i n t o PCM s i g n a l s and, the reverse o p e r a t i o n , to decode the coded 

s i g n a l s back i n t o analog s i g n a l s . Perhaps the most s t r a i g h t ­

forward method of coding i s the pulse count method as d e s c r i b e d 



(4) (5) by Black and Edson and by Armstrong^ . This method i s of 

medium speed but i s i n h e r e n t l y awkward because of the number of 

operations necessary and because of the f a c t t h a t the output 

code i s i n p a r a l l e l form and must be converted i n t o s e r i a l form 

to be compatible with standard t r a n s m i s s i o n methods. A second 

method of coding makes use of e l e c t r o n beam coding tubes. PCM 
(6) 

systems embodying coding tubes are d e s c r i b e d by Sears and by 
(7) 

Meacham and Peterson . This method of coding i s very f a s t but 

the tube r e q u i r e s c o n s i d e r a b l e power, space and maintenance and 

these drawbacks make i t u n s u i t a b l e w i t h t r a n s i s t o r i z e d equipment. 
(8) 

A t h i r d method i n v o l v e s the use of feedback. Smith d e s c r i b e s 

the p r i n c i p l e of the use of feedback i n PCM coders and an 
(2) 

experimental system using feedback i s d e s c r i b e d by Goodall 
A novel approach to coding u s i n g feedback methods i s d e s c r i b e d 

. (9) 
by Fedida . He makes use of the p r i n c i p l e of c i r c u l a t i n g 

p u l s e s and d e s c r i b e s a coder u s i n g tubes. A s i m i l a r coder using 

t r a n s i s t o r s i s d e s c r i b e d by H a f e r ^ ^ . This method i s a l s o of 

medium speed but, i n s p i t e of i t s apparent s i m p l i c i t y , i s 

probably the most d i f f i c u l t method to instrument. With the 

exception of the method u s i n g bea.m coding tubes, analogous 

decoders u s i n g the methods d e s c r i b e d have been cons t r u c t e d . An 

u n s u c c e s s f u l attempt to c o n s t r u c t a decoder u s i n g the c i r c u l a t i n g 

p u l s e p r i n c i p l e i s d e s c r i b e d by Chang^ 1 1^. 

In PCM, as i n other pulse modulation schemes, some means 

of c o o r d i n a t i n g the operations of the coder and decoder must be 

pr o v i d e d . This i s the f u n c t i o n of the s y n c h r o n i z a t i o n scheme. 



The t i m i n g c i r c u i t at the coder transmits the s y n c h r o n i z i n g 

i n f o r m a t i o n which i s then de t e c t e d by the r e t i m i n g c i r c u i t at the 

decoder. 

The s y n c h r o n i z a t i o n scheme must accomplish two t h i n g s . 

F i r s t , i t must make known to the decoder the phase of the b a s i c 

pulse r e p e t i t i o n frequency. This i s the pulse timing problem. 

Second, i t must impart i n f o r m a t i o n regarding the pulse group 

t i m i n g . This o p e r a t i o n i s c a l l e d "framing", or group 

s y n c h r o n i z a t i o n . The framing scheme enables the decoder to 

s e l e c t , out of a long t r a i n of u n i f o r m l y spaced pulses and spaces, 

the c o r r e c t groups of pulses and spaces that r e p r e s e n t the sample 

amplitudes o r i g i n a l l y coded at the coder. The framing i n f o r m a t i o n 

must be sent at frequent i n t e r v a l s so t h a t any temporary break 

i n t r a n s m i s s i o n w i l l not a d v e r s e l y a f f e c t the o p e r a t i o n of the 

system. 

Pulse r e t i m i n g i s e a s i l y accomplished since the r e q u i r e d 

i n f o r m a t i o n i s i n h e r e n t i n the t r a n s m i t t e d p u l s e s . The decoder 

needs only to d e t e c t the time of a r r i v a l of the p u l s e s . The 

l e a d i n g edges of the pulses are then used to p u l l a l o c a l 

o s c i l l a t o r or r i n g i n g c i r c u i t i n t o phase. 

Perhaps the most obvious way of e s t a b l i s h i n g pulse group 

s y n c h r o n i z a t i o n would be to use a separate t r a n s m i s s i o n channel 

f o r the framing i n f o r m a t i o n . But t h i s method i s very w a s t e f u l , 

e s p e c i a l l y i f the o v e r a l l system u t i l i z e s only a few message 

channels. A b e t t e r method would be to s a c r i f i c e the use of one or 

more d i g i t s i n a code group or even an e n t i r e code group at 

frequent i n t e r v a l s to c a r r y the framing i n f o r m a t i o n . The use of 



5 
p a r i t y checks f a l l s i n t o t h i s category. This method, although 

more ecomonical than the f i r s t , i s s t i l l u n s a t i s f a c t o r y f o r small 

systems with three message channels or l e s s . The t h i r d and most 

economical means of a c h i e v i n g continuous s y n c h r o n i z a t i o n 

i n v o l v e s the use of s e l f - s y n c h r o n i z i n g codes. These are codes 

i n which the s y n c h r o n i z i n g i n f o r m a t i o n i s an inherent f e a t u r e , 

and hence, a minimum of i n f o r m a t i o n i s s a c r i f i c e d by the t r a n s -
(12) 

m i s s i o n channel. S t i f f l e r c i t e s the use of such codes. 

I d e a l l y , i t would be d e s i r a b l e to t r a n s m i t the 

s y n c h r o n i z i n g i n f o r m a t i o n without s a c r i f i c i n g any of the inform­

a t i o n c a p a c i t y of the system. Obviously, t h i s i s i m p o s s i b l e . 

Therefore, the problem i s to determine the most e f f i c i e n t means 

of t r a n s m i t t i n g the s y n c h r o n i z i n g i n f o r m a t i o n . I f the system i s 

designed to transmit data at a h i g h i n f o r m a t i o n r a t e , with very 

l i t t l e redundancy i n the messages* s y n c h r o n i z a t i o n by means of 

s e l f — s y n c h r o n i z i n g codes becomes a v e r y s e r i o u s problem. However* 

i n the case of speech s i g n a l s * which are h i g h l y redundant i n the 

i n f o r m a t i o n theory sense, s e l f — s y n c h r o n i z a t i o n i s a l e s s s e r i o u s 

problem and may be achieved by r e l a t i v e l y simple methods. 

This t h e s i s presents a simple s o l u t i o n to some of the 

problems encountered i n the t r a n s m i s s i o n of speech s i g n a l s by 

PCM. The f i r s t phase of the p r o j e c t was the design and 

c o n s t r u c t i o n of a 7 d i g i t decoder, employing c a p a c i t o r storage. 

I t i s b a s i c a l l y one of the pulse count type. The second phase 

was the development of a group s y n c h r o n i z a t i o n or framing scheme 

u t i l i z i n g the amplitude-frequency c h a r a c t e r i s t i c of speech as 

i t s b a s i s . The f i n a l phase was the m o d i f i c a t i o n of the PCM 

coder b u i l t by H a f e r ^ 1 0 ^ so t h a t i t was compatible with the 



6 
decoder. The e n t i r e PCM systeitij i n c o r p o r a t i n g the modified 

coder* the decoder, and the group s y n c h r o n i z a t i o n scheme 

developed i n t h i s t h e s i s , was then t e s t e d . 
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2. SOME THEORETICAL CONSIDERATIONS 

This chapter o u t l i n e s a few of the b a s i c t h e o r e t i c a l 

aspects of PCM and provides background m a t e r i a l f o r subsequent 

chapters. 

2.1 The Sampling P r i n c i p l e 

(13) 

Nyquist ' has demonstrated t h a t i f a s i g n a l of 

bandwidth WQ i s sampled at a r a t e 2WQ or g r e a t e r , the samples 

w i l l c o n t a i n a l l the i n f o r m a t i o n i n t h a t s i g n a l . This p r i n c i p l e 

i s i l l u s t r a t e d i n a l l systems t h a t employ sampling methods. 

PCM i s one such system. 

2.2 Bandwidth Requirements 

(13) 

Nyquist 7 has a l s o shown that i n order to transmit V 

independent pulses per second, the t r a n s m i s s i o n channel must 

have a bandwidth of at l e a s t W/2. This c o n d i t i o n e s t a b l i s h e s 

the minimum bandwidth f o r the t r a n s m i s s i o n of pulses with no 

intersymbol i n t e r f e r e n c e . (intersymbol i n t e r f e r e n c e i s d e f i n e d 

as the i n t e r f e r e n c e of one pulse due to the t r a n s i e n t energy 

of previous p u l s e s ) . H o w e v e r * i t i s p o s s i b l e to t r a n s m i t 

pulses at the same r a t e over a channel of l e s s e r bandwidth 

pr o v i d e d t h a t intersymbol i n t e r f e r e n c e can be t o l e r a t e d by the 

system and that the s i g n a l power i s i n c r e a s e d s u f f i c i e n t l y to 

o v e r r i d e the n o i s e , f o r i t i s apparent that as the bandwidth 
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i s reduced, there i s g r e a t e r and g r e a t e r intersymbol i n t e r ­

ference and d i f f i c u l t y i n r e c o g n i z i n g the d i g i t s . 

However, i n the d e s i g n of pulse systems i t i s usual to 

a v o i d intersymbol i n t e r f e r e n c e and transmit W pulses per second 

over a channel of bandwidth W/2 cps or g r e a t e r . 

Hence, a PCM system to transmit messages of maximum 

frequency V n u s i n g n d i g i t s to code one sample, would r e q u i r e a 
° n(2V ) 

bandwidth of V = ^— = n^Q. In other words, the bandwidth 
r e q u i r e d i s n times the bandwidth f o r d i r e c t t r a n s m i s s i o n . 

2.3 S i g n a l Power Requirements 

The s i g n a l power f o r adequate PCM t r a n s m i s s i o n need only 

be such that the decoder can d i s t i n g u i s h the pulses from spaces 

i n the presence of channel noise w i t h reasonable accuracy. 

Hence, i t i s only necessary to set the pulse height s l i g h t l y 

h igher than twice the height of the peak noise expected over a 

reasonable p e r i o d and to set the decoder pulse d i s t i n g u i s h i n g 

l e v e l at one-half the pulse h e i g h t . This requirement then 

e s t a b l i s h e s the t h r e s h o l d s i g n a l power. This t h r e s h o l d power i s 

v e r y l o w — a s i g n a l - t o - n o i s e r a t i o of 20 db i s more than adequate-

-whereas f o r comparable AM t r a n s m i s s i o n a much higher s i g n a l -

t o — n o i s e r a t i o i s r e q u i r e d . Given t h i s s i g n a l power, the 

q u a l i t y of the t r a n s m i t t e d s i g n a l i s then l i m i t e d almost 

e n t i r e l y by noise produced i n the encoding process. 

2.4 Noise i n a PCM System 

A PCM system s u f f e r s from one type of d i s t o r t i o n or 



e r r o r which can not be reduced merely by i n c r e a s i n g the s i g n a l 

power. This i s c a l l e d q u a n t i z a t i o n n o i s e . I t r e s u l t s from 

the f a c t t h a t there i s a d i f f e r e n c e between the amplitude of 

the true s i g n a l and t h a t a c t u a l l y encoded. This d i f f e r e n c e 

appears at the r e c e i v e r , a f t e r decoding, as a random noise very 

s i m i l a r to white n o i s e . 

The amplitude of t h i s noise v a r i e s at random between 

0 and l / 2 of a q u a n t i z i n g s t e p . The r.m.s. amplitude, A N , of 

the q u a n t i z a t i o n noise of an n - d i g i t system i s then given by 
1 1 AQ AQ 

A „ = J=F=- . ~ . — = — n'+i"— where AQ i s the maximum range n f r ' 2 ' 2 n ^ ^ 

of input s i g n a l s , i n v o l t s T h e t o t a l q u a n t i z a t i o n noise 

power* i n watts, at any p o i n t i n the system w i l l be 
2 

p r o p o r t i o n a l to A N , and may be taken as 

2.5 Information Capacity 

The i n f o r m a t i o n c a p a c i t y of an i d e a l channel, l i m i t e d 
(14) 

i n bandwidth to W , i s given by Shannon^ y as 

C = ¥ l o g 2 ( l + S/N) b i t s per second, 

where S i s the average s i g n a l power and N the average noise 

power. 

S i g n a l s with i n f o r m a t i o n content g r e a t e r than t h i s can 

not be t r a n s m i t t e d through such a channel without e r r o r . Thus 
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f o r a channel of bandwidth ¥ = nWQ and S/N = 100 (= 20 db), the 

upper bound to the i n f o r m a t i o n r a t e that can be t r a n s m i t t e d i s 

C = 6.7 n^Q b i t s / s e c . 

When such a cha n n e l * i s used to send b i n a r y p u l s e s , as i n 

PCM, we commonly transmit 2nWQ pulses per second, and t h e r e f o r e 

only 2nWQ b i t s per second. I t i s thus obvious t h a t there i s a 

great waste i n i n f o r m a t i o n c a p a c i t y when a v i r t u a l l y e r r o r - f r e e 

b i n a r y channel i s f i t t e d i n t o a n o i s y analog t r a n s m i s s i o n medium. 

From the p o i n t of view of i n f o r m a t i o n theory, i t would be more 

e f f i c i e n t to use much smaller S/N r a t i o s , accept a reasonable 

number of e r r o r s i n the r e c e i v e d b i n a r y p u l s e s , and take steps 

to c o r r e c t these l a t e r . However* the equipment r e q u i r e d f o r 

t h i s i s u s u a l l y too complicated. 

Once i t has been decided to use a b i n a r y channel i n 

order to tran s m i t i n f o r m a t i o n * there a r i s e s the secondary problem 

of how to use i t s own l i m i t e d i n f o r m a t i o n c a p a c i t y of 2nW^ b i t s 

per second to the best advantage. Much work has been done i n 

t r y i n g to economize on the number of b i t s r e q u i r e d to transmit 

speech* music and t e l e v i s i o n s i g n a l s . This t h e s i s i s i n p a r t 

concerned w i t h the same problem. 

A few of the b a s i c theorems i n i n f o r m a t i o n theory and 

t h e i r a p p l i c a t i o n to PCM systems have been d e s c r i b e d . The ideas 

presented i n t h i s chapter are a p p l i e d i n subsequent chapters, — 

i n the e v a l u a t i o n of the proposed framing scheme and i n the 

desi g n of the system. 



11 

3. A PROPOSAL FOR GROUP SYNCHRONIZATION FOR A PCM SPEECH SYSTEM 

3.1 Requirements of a S y n c h r o n i z a t i o n Scheme 

As s t a t e d p r e v i o u s l y * the s y n c h r o n i z a t i o n scheme f o r 

PCM must e s t a b l i s h and maintain the b a s i c pulse r e p e t i t i o n 

frequency and the pulse group t i m i n g i n the decoder. The f i r s t 

requirement i s e a s i l y accomplished by having the incoming pulses 

to the decoder p u l l a l o c a l c l o c k i n t o synchronism. This l o c a l 

c l o c k may be e i t h e r a r i n g i n g c i r c u i t t h a t i s shock e x c i t e d 

i n t o i t s proper phase or an o s c i l l a t o r that i s p u l l e d i n t o i t s 

proper phase. In e i t h e r case* the frequency of o s c i l l a t i o n i s 

c l o s e l y r e l a t e d to the frequency of the master c l o c k i n the 

coder. The main problem i n the d e s i g n of b i t ti m i n g 

s y n c h r o n i z a t i o n schemes, e s p e c i a l l y i n f a s t systems with h i g h 

pulse r a t e s , i s t h a t the l o c a l c l o c k must be f a s t s t a r t i n g and 

y e t q u i t e i n s e n s i t i v e to i n t e r f e r e n c e . A l s o i t must continue 

to operate i n the face of temporary breaks i n t r a n s m i s s i o n or 

r e l a t i v e l y long p e r i o d s of time between d i g i t s . 

The second requirement* t h a t the s y n c h r o n i z a t i o n scheme 

must e s t a b l i s h and maintain the proper pulse group t i m i n g , i s 

more d i f f i c u l t to a t t a i n . I f i t were p o s s i b l e f o r the decoder 

to s t a r t up immediately upon r e c e i v i n g the pulses as they were 

t r a n s m i t t e d from the coder* group s y n c h r o n i z a t i o n would not be 

a s e r i o u s problem, but i n v a r i a b l y * the decoder c i r c u i t i s slow 

i n s t a r t i n g or the t r a n s m i s s i o n channel acts upon the pulses i n 

some way to cause e r r o r s i n the t r a n s m i t t e d s i g n a l and the 



decoder i s not able to c o r r e c t l y e s t a b l i s h the group t i m i n g . 

Now, one would l i k e t o f u l f i l the above requirements 

i n the most e f f i c i e n t manner p o s s i b l e . An e f f i c i e n t method 

would s a c r i f i c e a minimum of the i n f o r m a t i o n c a p a c i t y of the 

system f o r c a r r y i n g the s y n c h r o n i z a t i o n i n f o r m a t i o n * I t i s 

r e l a t i v e l y easy to devise a method that u t i l i z e s one d i g i t per 

code group f o r group s y n c h r o n i z i n g purposes. I t was thought 

t h a t a more economical scheme could be found t h a t would r e q u i r e 

l e s s than one d i g i t per code group f o r s u c c e s s f u l o p e r a t i o n . 

3,2 A Proposal f o r Group S y n c h r o n i z a t i o n 

The proposed group s y n c h r o n i z a t i o n or framing scheme 

i s the f o l l o w i n g . The input speech voltage waveform i s r e s t r i c t 

so t h a t i t does not vary i n amplitude between any two successive 

sampling i n s t a n t s by more than one-half the maximum amplitude 

range t h a t can be handled by the system. The r e s u l t i n g i nput 

s i g n a l i s then coded and t r a n s m i t t e d to the demodulator where i t 

i s decoded. I f , a f t e r the decoding o p e r a t i o n , the d i f f e r e n c e 

i n amplitude between two s u c c e s s i v e r e c o n s t r u c t e d samples i s 

g r e a t e r than one—half the maximum amplitude range of the system* 

the decoder d e t e c t s t h a t i t i s o p e r a t i n g upon the i n c o r r e c t 

group of p u l s e s . The decoding o p e r a t i o n then s h i f t s to a group 

one d i g i t removed from the p r e v i o u s group and the process i s 

repeated. E v e n t u a l l y , a f t e r a minimum of one or a maximum of 

n-1 such s h i f t i n g o p e r a t i o n s * where n i s the number of d i g i t s 

per code group* the decoder w i l l f i n d the c o r r e c t group sequence 



and w i l l continue to operate on t h i s sequence u n t i l t r a n s m i s s i o n 

i s i n t e r r u p t e d * 

The r e s t r i c t i o n t h a t i s p l a c e d on the system, then, i s 

t h a t the input s i g n a l to the sampler s h a l l not vary i n 

amplitude by more than A Q / 2 between any two s u c c e s s i v e sampling 

p e r i o d s * where A Q i s the maximum s i g n a l amplitude a l l o w a b l e . 

A p l o t of the allowable input s i g n a l amplitude, A M , versus 

frequency can be then d e r i v e d and i s i l l u s t r a t e d i n Figure 3 . . 1 . 

3 . 3 E v a l u a t i o n of the Proposal 

In order to i n v e s t i g a t e the e f f e c t of the r e s t r i c t i o n 

on the s i g n a l s to be t r a n s m i t t e d i t i s necessary to consider 

the amplitude and frequency c h a r a c t e r i s t i c s of speech. In the 

l o u d e s t p e r i o d s * most of the speech power i s normally con­

c e n t r a t e d near a s i n g l e frequency component, though t h i s 

frequency v a r i e s w i t h time. The peak sound p r e s s u r e s , and 

t h e r e f o r e the peak v o l t a g e s * depend upon the f r e q u e n c i e s i n 

use. F i g u r e 3 . 2 shows a t y p i c a l histogram g i v i n g the peak 

amplitudes, A , i n v a r i o u s frequency ranges which are only 
s 

r a r e l y exceeded ( i n ifo of a l l l/8—second i n t e r v a l s ) . 

A PCM system designed so t h a t i t does not overload at 

low f r e q u e n c i e s w i l l never experience high-frequency components 

anywhere near o v e r l o a d . A comparison of F i g u r e s 3 . 1 and 3 . 2 

shows t h a t even the new r e s t r i c t i o n s , A M , imposed on the h i g h 

f r e q u e n c i e s by the proposed framing system are not normally 
* See Appendix 1 f o r d e r i v a t i o n * 



14 

{VOLT$ p-p) 

5 2 

F i g u r e 3.1 Amplitude Versus Frequency C h a r a c t e r i s t i c of 
Input S i g n a l s f o r Operation of PCM Framing C i r c u i t 

(MAXIMUM 
%f>ee<iH 

I 

F i g u r e 3.2 Maximum Sound Pressures i n V a r i o u s Frequency Bands 
f o r l / 8 Second I n t e r v a l s of C o n v e r s a t i o n a l Speech 
(Mean of Composite Voices)« Adapted From Reference 
15. ( V e r t i c a l s c a l e adjusted so t h a t low frequen­
c i e s j u s t o v e rload a PCM system with amplitude 
range A Q) 
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v i o l a t e d by speech s i g n a l s . Thus i t seems that framing has been 

gained and no i n f o r m a t i o n .capacity l o s t . 

However, f o r a true e v a l u a t i o n of the p r o p o s a l , the 

f o l l o w i n g must be c o n s i d e r e d . Suppose that pre-emphasis i s used 

i n the system. This i s a method t h a t i s o f t e n used i n speech 

systems to reduce noise t h a t a r i s e s w i t h i n the system. For 

example* c o n s i d e r any speech t r a n s m i s s i o n system t h a t uses p r e -

emphasis. The s i t u a t i o n i s i l l u s t r a t e d i n F i g u r e 3 . 3 , Speech 

normally has an amplitude-frequency c h a r a c t e r i s t i c as shown i n 

F i g u r e 3 . 3 E f f e c t of Pre-emphasis on the Amplitude Versus 
Frequency C h a r a c t e r i s t i c of Speech 

( a ) . The pre-emphasis c i r c u i t exaggerates the amplitudes of the 

hig h e r f r e q u e n c i e s i n speech so t h a t the r e s u l t i n g amplitude-

frequency c h a r a c t e r i s t i c i s as shown i n ( b ) . The speech 

t r a n s m i s s i o n system acts upon the speech s i g n a l s i n the usual 

manner. A f t e r t r a n s m i s s i o n and demodulation, the speech s i g n a l s 

are e q u a l i z e d by the de-emphasis c i r c u i t i n e x a c t l y the i n v e r s e 

manner to the pre-emphasis c i r c u i t . The r e s u l t i n g amplitude-
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frequency c h a r a c t e r i s t i c i s shown i n (d) and i s i d e n t i c a l to 

t h a t o r i g i n a l l y presented to the pre-emphasis c i r c u i t . Thus the 

speech s i g n a l s are not a l t e r e d i n any way by the pre-emphasis 

and de—emphasis pro c e s s e s . But note that any noise that enters 

the system between the pre—emphasis and de-emphasis c i r c u i t s and 

has a more or l e s s continuous spectrum throughout the passband 

i s reduced by the de-emphasis pr o c e s s . For a PCM speech system 

i n p a r t i c u l a r , the e f f e c t of q u a n t i z a t i o n noise can be 

s u b s t a n t i a l l y reduced. Thus* pre—emphasis i n c r e a s e s the 

e f f i c i e n c y of the system by d e c r e a s i n g the n o i s e . 

I f , i n a d d i t i o n to pre—emphasis, the proposed framing 

scheme i s used, i t i s obvious t h a t the higher f r e q u e n c i e s i n 

speech cannot be pre-emphasized to the same extent i f none 

of the i n f o r m a t i o n content of the speech i s to be s a c r i f i c e d . 

Thus, pre-emphasis cannot be as b e n e f i c i a l as i n the f i r s t case 

and the system must operate with a gr e a t e r amount of noise i n 

the r e c e i v e d s i g n a l . 

On the b a s i s of a comparison of the two cases: the system 

with the maximum pre-emphasis and an e n t i r e l y separate means of 

framing, and the system with p a r t i a l pre-emphasis and the 

proposed framing scheme, an e v a l u a t i o n of the framing proposal 

can be c a r r i e d out. 

The e v a l u a t i o n i s c a r r i e d out on the b a s i s of a comparison 

of the noise t h a t r e s u l t s i n the two cases. 

The f i r s t case y i e l d s the f o l l o w i n g r e s u l t s . Assume 

t h a t group s y n c h r o n i z a t i o n i s c a r r i e d out by some other means, 
* The noise i n a PCM system may be assumed to be e n t i r e l y 
due to q u a n t i z a t i o n , since the s i g n a l power can always be 
i n c r e a s e d to reduce a l l other types of noise to n e g l i g i b l e v a l u e s . 
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a c o n s i d e r a t i o n of which may be ignored. The r e c e i v e d s i g n a l 

i s then decoded and a c e r t a i n amount of q u a n t i z a t i o n noise i s 

found. A f t e r de-emphasis* however* the amplitude of the noise 

i s g r e a t l y reduced. This e f f e c t i s i l l u s t r a t e d i n Fig u r e 3.4* 

The noise power i n the passband i s then c a l c u l a t e d by a simple 

numerical i n t e g r a t i o n method* and then equated to the noise 

of an e q u i v a l e n t system whose noise amplitude i s constant but 

f o r which the number of d i g i t s per code group, n^ i s unknown^ 

S o l v i n g f o r n^ y i e l d s the number of d i g i t s per code group f o r 

an e q u i v a l e n t system with the same noise power. 

The second case leads t o another v a l u e , n 2 , smaller 

than the f i r s t because the amount of noise t h i s time i s g r e a t e r . 

The noise frequency c h a r a c t e r i s t i c of t h i s case i s a l s o 

i l l u s t r a t e d i n F i g u r e 3.4. 

The d i f f e r e n c e i n the value of n i s then the number of 

b i t s per code group given up by the t o t a l i n f o r m a t i o n c a p a c i t y 

of the b i n a r y channel to the proposed s y n c h r o n i z a t i o n scheme. 

The c a l c u l a t i o n s w i l l now be c a r r i e d out. Refer to 

Fi g u r e 3*4. 

Let N Q be the t o t a l q u a n t i z a t i o n noise power of an 

h — d i g i t PCM system which uses no pre—emphasis. Noise power 

i s taken t o be the square of the r.m.s* noise amplitude, A n » 

I t was shown i n s e c t i o n 2*4 t h a t A n i s given by 

^0 ^0 
A n = ^ t 2 n « o r N 0 = 3 . 2 2(n+l) 

T h i s n o i s e i s u n i f o r m l y d i s t r i b u t e d over the f r e q u e n c y band 
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F i g u r e 3.4 Power Spectrum of Q u a n t i z a t i o n Noise i n Various PCM 
Systems 

V Q - system without pre-emphasis 

v, - system with maximum pre-emphasis allowed by 
speech spectrum 

v 2 - system w i t h p a r t i a l pre-emphasis due to high 
frequency r e s t r i c t i o n imposed by the proposed 
framing scheme 

2 2 ' Note that v-ĵ  = V Q U S / A Q ) and v 2 = v 0 ( A S / A M ) 

where A and A are given i n F i g u r e s 3.1 and 3.2. s m 6 6 



19 

WQ ( = 4 kc) so t h a t the noise power per u n i t bandwidth, V Q , i s 

constant throughout. Th e r e f o r e , 

v o = V ¥ o 

Consider now the noise of the same n - d i g i t PCM system, 

but using the maximum amount of pre-emphasis p o s s i b l e ; no 

r e s t r i c t i o n s are imposed by framing schemes. Let be i t s 

t o t a l noise power and i t s noi s e power per u n i t bandwidth, 

v^ at any frequency i s gi v e n i n terms of V Q by v^ = V Q ( A S / A Q ) , 

and t h e r e f o r e 

u s i n g numerical i n t e g r a t i o n i n F i g u r e 3.4. 

The use of pre-emphasis i n an n - d i g i t PCM system has 

t h e r e f o r e more than halved the nois e power. The s i g n a l to noise 

r a t i o i s now equal to that of a PCM system u s i n g no pre-emphasis 
n 

but employing n.̂  d i g i t s per code group. This e f f e c t i v e d i g i t 
» 

number » n
1 t i s found as f o l l o w s : 

_1 _ 0 A * , . _ o~2(n -n) 
N 0 = A 0

2 / ( 3 , 2 2 ^ ) 

Therefore n -n = - \ . l o g 0 ( 0 * 4 8 ) = 0.53 d i g i t s . 
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When the proposed framing system i s used, the high 

frequency components are r e s t r i c t e d to amplitude A m, and only 

p a r t i a l pre-emphasis can be used. Hence the n o i s e power per 

u n i t bandwidth, v 2 , and the t o t a l noise power, N 2, are not 

reduced as much, 

^0 ^0 2 
V 2 = V 0 a n d N 2 = / • V 2 ' d f = f j j ( ^ ) d f = °- 6 4 N« 

0 0 

Consequently the new e f f e c t i v e d i g i t number, n 2 i s not as l a r g e 

as b e f o r e , and n 2 - n = 0.32 d i g i t s . 

The cost of the proposed framing scheme i n l o s s of 

q u a l i t y of the r e c e i v e d s i g n a l i s t h e r e f o r e seen as 

e q u i v a l e n t to the l o s s of 0.53 - 0.32 = 0.21 d i g i t s per code 

group. 

Other PCM systems could c o n c e i v a b l y achieve c o r r e c t 

framing by s a c r i f i c i n g fewer d i g i t s per code group on the 

average, by adding or s u b s t i t u t i n g framing pulses at frequent 

i n t e r v a l s r a t h e r than i n every code group. For example, one 

framing pulse could be added at the end of every tenth code 

group, or the l a s t pulse i n every t e n t h code group could be 

s a c r i f i c e d i n favour of framing. But, i t i s apparent that such 

schemes are unfavourable because e i t h e r method, the a d d i t i o n of 

a framing d i g i t or the s u b s t i t u t i o n of a framing d i g i t f o r an 

i n f o r m a t i o n d i g i t i n a code group at frequent i n t e r v a l s , i n c r e a s e s 

the complexity of the i n s t r u m e n t a t i o n c o n s i d e r a b l y . 
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3.4 Misframing D e t e c t i o n and C o r r e c t i o n 

I f the d i f f e r e n c e i n amplitude between two successive 

decoded samples exceeds one—half of the range of the system, 

an e r r o r in: framing i s i n d i c a t e d * The c o n d i t i o n s under which 

e r r o r i n d i c a t i o n occurs w i l l now be i n v e s t i g a t e d . 

Assume t h a t the system under c o n s i d e r a t i o n i s one 

employing 7 d i g i t s per code group, g i v i n g r i s e to 128 p o s s i b l e 

d i s c r e t e l e v e l s , and a sampling r a t e of 8kc/s. F i g u r e 3.5 

i l l u s t r a t e s the time r e l a t i o n s h i p w i t h i n a code group. 

CORRECT CODE GROUP 

Z' 2° 2 6 2 s 2" 2 3 2 " 2' 
BIT BIT BIT S I T BIT B I T BIT B I T 

2° 
BIT SIT 

2 s 

6IT 
2 4 

filT 

eo Cooe Cadooo 

TIME 

F i g u r e 3.5 Misframing by 1 D i g i t 

Suppose t h a t the decoder i s ope r a t i n g on an i n c o r r e c t 

frame and i n f a c t i s op e r a t i n g on a code group 1 b i t l a t e r i n 

time than the c o r r e c t group* That i s , the decoder assumes t h a t 
5 6 6 the true 2 b i t to be the 2 b i t and the true 2 b i t to be the 

2^ b i t as i l l u s t r a t e d i n Fi g u r e 3.5. I t can be argued that i f 

the a c t u a l input s i g n a l to the coder has a slope of l e s s than 

+ 32 l e v e l s per sampling p e r i o d , t h a t i s , the sample amplitudes 

of two consecutive sampling i n t e r v a l s d i f f e r by l e s s than 32 



l e v e l s * an e r r o r v i l l be i n d i c a t e d i n the decoder i f the input 

s i g n a l crosses the 64 l e v e l d u r i n g the sampling p e r i o d . The 

s i t u a t i o n i s i l l u s t r a t e d i n F i g u r e 3.6. 

t-evsu 
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F i g u r e 3.6 Input S i g n a l That Crosses the 64 L e v e l With Slope 
of Less Than 32 Levels/Sampling P e r i o d 

For example, suppose the amplitudes at the f i r s t and 

second sampling i n s t a n t s i n F i g u r e 3.6 are 70 l e v e l s and 40 

l e v e l s r e s p e c t i v e l y . The slope i s then 30 l e v e l s / s a m p l i n g 

p e r i o d and the s i g n a l crosses the 64. l e v e l d u r i n g the sampling 

p e r i o d . The b i n a r y r e p r e s e n t a t i o n s of 70 and 40 are 1000110 

and OlOlOOOrespectively, r e a d i n g from l e f t to r i g h t , the most 

to the l e a s t s i g n i f i c a n t d i g i t * I f the decoder were o p e r a t i n g 

on the code group 1 d i g i t l a t e r from the c o r r e c t group the 

numbers would be i n t e r p r e t e d by the decoder as 0001100 and 

101000_respectively* where _ i n d i c a t e s the f i r s t d i g i t i n the 

f o l l o w i n g code group. In decimal numbers, the decoded values 

would then be 12 and e i t h e r 80 or 81 r e s p e c t i v e l y , depending 

on whether the f i r s t d i g i t i n the f o l l o w i n g code group i s 1 or 0. 



The s i t u a t i o n i s i l l u s t r a t e d i n F i g u r e 3.7, 
23 

IO T AO =•»• 

1 0 0 0 1 1 0 0 1 0 1 O O 0 

2 — J 2 * i 

VALUES 

I NCoRKacTLV occooso 

TIME. 

F i g u r e 3.7 Decimal Numbers 70 and 40 I n c o r r e c t l y Decoded as 12 
and 80 or 81 

Because the decoded values d i f f e r by e i t h e r 68 or 69, both; 

of which are g r e a t e r than 64, the framing c i r c u i t d e t e c t s that the 

decoder i s o p e r a t i n g upon the i n c o r r e c t pulse group. Hence, the 

decoding o p e r a t i o n i s s h i f t e d to a group one d i g i t l a t e r i n time, 

A s i m i l a r argument can be made f o r the s i t u a t i o n where 

the decoder i s o p e r a t i n g upon a pulse group one d i g i t removed as 

i n the above case but where the slope of the input s i g n a l i s 

g r e a t e r than 32 l e v e l s and the input s i g n a l does not cross the 64 

l e v e l during the sampling p e r i o d . Again, the decoder framing 

c i r c u i t d e t e c t s the e r r o r i n framing and s h i f t s the decoding 

o p e r a t i o n to a group one d i g i t l a t e r i n time. 

There are two cases, when the decoder i s o p e r a t i n g on 

a frame one d i g i t l a t e r i n time than the c o r r e c t one, when no 

e r r o r w i l l be i n d i c a t e d . These cases a r i s e when the input 

s i g n a l does not cross the 64 l e v e l and has a slope of l e s s than 

+ 32 l e v e l s per sampling p e r i o d , and when the input s i g n a l crosses 

the 64 l e v e l and has a slope of between + 32 and + 64 l e v e l s 

per sampling p e r i o d . I t i s p o s s i b l e to reduce the l i k e l i h o o d of 



rnisframing due to the above causes i f the 64 l e v e l of the system 

i s e s t a b l i s h e d as the zero s i g n a l l e v e l . The most probable 

amplitudes i n speech waveforms are those l e s s than one-half 

the maximum or those within + 32 l e v e l s of the zero s i g n a l l e v e l . 

Furthermore, the most proba,ble time between zero a x i s c r o s s i n g s 
(16) 

i n speech i s about 1 m i l l i s e c o n d or 8 sampling p e r i o d s . 

The combination of these two f a c t o r s then ensures t h a t permanent 

rnisframing by one d i g i t w i l l be h i g h l y u n l i k e l y . In f a c t , the 

most probable time f o r i n d i c a t i o n of rnisframing by one d i g i t i s 

one—half m i l l i s e c o n d * since zero a x i s c r o s s i n g s are l i k e l y to 

occur every m i l l i s e c o n d . 

A l l p o s s i b l e s i t u a t i o n s f o r rnisframing by one d i g i t have 

been d e s c r i b e d . S i m i l a r arguments can be a p p l i e d to cases of 

rnisframing by more than one d i g i t . C o n d i t i o n s f o r framing e r r o r 

i n d i c a t i o n are summarized i n Table 3.1. 

MISFRPIMING 
B Y 

_ D I G I T S 

INPUT SIG-NRL c«os.s.es, 
_ LEVELS ANO MAS ^.UOPIS 
OP _ LEVGL^/^AMPLINfe PSRIOO 

INCXJT S I G . N A I _ CiOfiS NOT CieoSS 
^, L E V E L S A N O M A S <~,UO P£ 
O F _ U E V C L s A f l M P L l N 6 P B 4 I O O 

ft PPROXIM A T £ 
PftOB*fcL£ 

T t M C RJK. 
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(msec ) 

MISFRPIMING 
B Y 

_ D I G I T S 

L E V E L S S L o P e L a y t u . ? , 

ft PPROXIM A T £ 
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T t M C RJK. 
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(msec ) 

t 6 4 0<ft<3Z 6 4 W<|ft|<*4 'A 
2 3 2 , 6 4 , % <><|s/< lb 3 2 , 6 4 , 9 6 /6</s/<64 '/*• 
3 /6,31,46,64,50, 0</s/<8 / 6 , 3 2 , ASM, 80 

9 6 , 112. 

ff</s/<64 
/s 

4 8, /6, *4,32,4o, 

48 , fT6 ,64 ,72 , 
o<l$IU 8/6,24,32,40, 

45,56, 64, 72, 

4*</s/<64 

5 4,8,11,1^20,. o</s/^a 4} 8,/2, 16,20^ Z</s/<t4 

6 2,4,6,8,/o, K(*I<4A /a 

Table 3.1 Co n d i t i o n s and Approximate Probable Times f o r 
Misframing E r r o r I n d i c a t i o n 
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I t i s apparent that the time r e q u i r e d f o r e r r o r 

d e t e c t i o n i n the cases of misframing by more than one d i g i t 

i s somewhat l e s s than that r e q u i r e d to dete c t an e r r o r of . 

misframing by one d i g i t because of the g r e a t e r number of 

p o s s i b l e c o n d i t i o n s under which niisframing e r r o r s are detected* 

In f a c t * f o r the cases of misframing by more than three d i g i t s , 

misframing e r r o r s are d e t e c t e d as o f t e n as not w i t h each 

subsequent sampling p e r i o d * Thei average time f o r e r r o r 

d e t e c t i o n i s then reduced to one sampling p e r i o d or l / 8 m i l l i ­

second* 

The t o t a l time f o r a c h i e v i n g c o r r e c t group 

s y n c h r o n i z a t i o n i s the sum of the times f o r framing e r r o r 

i n d i c a t i o n and e r r o r c o r r e c t i o n . Each s h i f t i n g o p e r a t i o n r e q u i r e s 

15 pulse times as shown i n F i g u r e 3*8 because i n a d d i t i o n to the 

s i n g l e pulse time dur i n g which the a c t i o n of the decoder i s 

i n h i b i t e d , the a c t i o n of the framing e r r o r d e t e c t i o n c i r c u i t must 

be i n h i b i t e d f o r 1 group time* s i n c e a comparison of the 

amplitudes of the r e c o n s t r u c t e d sample from the new assumed code 

group w i t h the previous r e c o n s t r u c t e d sample i s meaningless* 

-« CORRECT cooe CRcuP —*• <- Co/VieCTCOO£G«OU0 —•> 

•<— Ffs&fMEJO COOE QS>oup—* 
1 ' NEW A S S U M E D 
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Afew flSSUMCO 

ACTION OF oecoost 
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>-
F i g u r e 3.8 Time Required For Misframing E r r o r I n d i c a t i o n and 

S h i f t i n g 
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The a c t i o n of the framing e r r o r d e t e c t i o n c i r c u i t resumes on 

a r r i v a l of the next assumed code group. The t o t a l time r e q u i r e d 

to achieve c o r r e c t framing i s , at worst, approximately 3 msecs. 

I f the decoder i s o p e r a t i n g upon a code group one d i g i t 

l a t e r i n time than the c o r r e c t group, i t i s rnisframing by one 

d i g i t * When an e r r o r i s i n d i c a t e d the a c t i o n of the decoder i s 

such that i t s o p e r a t i o n i s i n h i b i t e d f o r one pulse time. This 

a c t i o n r e s u l t s i n the decoder a c t i n g upon a group two d i g i t s 

removed from the c o r r e c t group* Thus, the decoder i s rnisframing 

by two d i g i t s . In general* then* i n h i b i t i n g the a c t i o n of the 

decoder f o r one pulse time r e s u l t s i n f u r t h e r rnisframing u n l e s s * 

of course, the decoder happens to be rnisframing by s i x d i g i t s * 

i n which case one s h i f t i n g a c t i o n r e s u l t s i n c o r r e c t framing. 

I t i s apparent t h a t c o r r e c t framing i s achieved f a s t e r 

by i n h i b i t i n g the a c t i o n of the decoder f o r one pulse time than 

by advancing the a c t i o n of the decoder. This r e s u l t s from the 

f a c t t h a t , on the average, i n d i c a t i o n times f o r rnisframing 

by one or two d i g i t s are longer than the i n d i c a t i o n times f o r 

rnisframing by a g r e a t e r number of d i g i t s . 

An o u t l i n e of the proposed pulse group s y n c h r o n i z a t i o n 

or framing scheme f o r a PGM speech system has now been d e s c r i b e d . 

I t i s economical and r e l a t i v e l y simple to instrument. The next 

chapter d e s c r i b e s the i n s t r u m e n t a t i o n of the scheme as 

i n c o r p o r a t e d i n the decoder. Experimental t e s t r e s u l t s of the 

proposed framing scheme are g i v e n i n Chapter 5. 
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4. SYSTEM DESIGN 

This chapter d e s c r i b e s the de s i g n and o p e r a t i o n of the 

co n s t r u c t e d PCM system. Since the m a j o r i t y of the design 

undertaken by the author was on the decoder, the decoder i s 

d e s c r i b e d f i r s t . The o p e r a t i o n and the c i r c u i t s of the decoder 

are d e s c r i b e d , f o l l o w e d by a d e s c r i p t i o n of the group s y n c h r o n i ­

z a t i o n c i r c u i t s . A b r i e f d e s c r i p t i o n of the o p e r a t i o n of the 

coder concludes the chapter. 

The PCM system c o n s t r u c t e d was designed t o handle s i g n a l s 

ranging i n frequency from a few c y c l e s per second to 4000 cps. 

The sampling i s c a r r i e d out at the Nyquist r a t e or 8000 times 

per second. A 7 d i g i t code i s employed p e r m i t t i n g an amplitude 
7 

range of 2 = 128 l e v e l s , more than adequate f o r v o i c e s i g n a l 

a p p l i c a t i o n s . The pulse group frequency i s then 8000 cps and 

the pulse r e p e t i t i o n frequency i s 7 x 8000 = 56,000 cps. The 

code pulses are t r a n s m i t t e d s e r i a l l y i n time where the order of 

t r a n s m i s s i o n i n any pulse group i s from the most s i g n i f i c a n t to 

the l e a s t s i g n i f i c a n t d i g i t . 

The coder i s one of the c i r c u l a t i n g pulse type and the 

decoder i s e s s e n t i a l l y one of the pulse count type. Both the 

coder and decoder are f u l l y t r a n s i s t o r i z e d and operate on power 

s u p p l i e d by three 12v storage b a t t e r i e s . 

4.1 The Decoder 

4.1.1 The B a s i c Decoder C i r c u i t 

o 
In order to s u c c e s s f u l l y handle a b i n a r y code, the decoder 
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must be able to produce a s e r i e s of b i n a r y weighted values 

and s t o r e them e i t h e r as i n d i v i d u a l values or as a sum of the 

s e r i e s . In the design of the decoder i t was decided that the 

b i n a r y weighted v a l u e s i n the form of b i n a r y weighted cu r r e n t s 

would be produced by cur r e n t generators which were turned "on", 

i n sequence, f o r a f i x e d l e n g t h of time. The r e s u l t i n g b i n a r y 

weighted amounts of charge are then summed and s t o r e d as a 

vo l t a g e on a c a p a c i t o r . A coincidence g a t i n g arrangement u s i n g 

p u l s e s d e r i v e d from a count-*down-by-seven counter and a pulse 

regenerator i s used to determine the c o r r e c t c u r r e n t generators 

to be turned on. The b a s i c c i r c u i t i s i l l u s t r a t e d i n Fig u r e 4.1. 

CGI CQ3 CGT 

F i g u r e 4.1 B a s i c C i r c u i t of the Decoder 

Assuming t h a t the decoder i s op e r a t i n g upon the c o r r e c t 

pulse group or frame, the cu r r e n t generators are turned on i n 

time sequence from l e f t to r i g h t i n Fig u r e 4.1 according to 

whether or not the p a r t i c u l a r code pulse i n the group i s pr e s e n t . 

Each cu r r e n t generator, when turned on* allows a pre-determined 

c u r r e n t to flow f o r a f i x e d time i n t e r v a l , thereby, a l l o w i n g a 
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f i x e d charge to flow i n t o the c a p a c i t o r . Moreover, with the 

e x c e p t i o n of CGI, each c u r r e n t generator allows one-half of the 

charge of the previous c u r r e n t generator to flow i n t o the 

c a p a c i t o r thereby producing a b i n a r y weighted s e r i e s . The f i n a l 

v alue of v o l t a g e on C a f t e r one code group i s then p r o p o r t i o n a l 

to the quantized i n p u t sample amplitude presented to the coder. 

A f t e r one c y c l e of o p e r a t i o n of the c u r r e n t generator.;, 

a charge t r a n s f e r gate which was c l o s e d d u r i n g the c y c l e opens 

and allows the charge to flow i n t o subsequent c i r c u i t s and, 

at the same time, discharges C to some referen c e v a l u e . The 

gate then c l o s e s , p r e p a r i n g the decoder c i r c u i t f o r another 

c y c l e . 

The d e s i g n of the b a s i c decoder c i r c u i t was c a r r i e d out 

beginning w i t h a c o n s i d e r a t i o n of the c u r r e n t and v o l t a g e 

l i m i t a t i o n s of the t r a n s i s t o r s used. 2N1309's were chosen 

p r i m a r i l y f o r t h e i r f avourable s w i t c h i n g c h a r a c t e r i s t i c s . The 

r e f e r e n c e v o l t a g e to which the c a p a c i t o r i s discharged was 

chosen to be —12 v o l t s . To permit reasonable s i z e e mitter 

r e s i s t o r s , the t u r n on p u lses were designed to be negative pulse 

10 v o l t s i n h e i g h t , from + 4 to - 6 v o l t s , and 4 microseconds 

i n width. Then, the v o l t a g e range a v a i l a b l e i n the c a p a c i t o r 

was chosen to be 5 v o l t s , from — 12 v o l t s to - 7 v o l t s , thus 

ensuring t h a t the c u r r e n t generators t r a n s i s t o r s were not 

s a t u r a t e d at any time. 

Now, s i n c e the e n t i r e v o l t a g e range of 5 v o l t s was to 

r e p r e s e n t 128 l e v e l s , the c a p a c i t o r v o l t a g e was r e q u i r e d to be 

accurate to 1 l e v e l or = 39 m i l l i v o l t s . The minimum p o s s i b l 
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v a l u e of the c a p a c i t o r C was f i x e d by the sum of the I 

•*• co 
c u r r e n t s through the current generators. That i s , the minimum 

value of C was such as to ensure t h a t the I c u r r e n t s would 
co 

not a l t e r the v o l t a g e on the c a p a c i t o r by more than 18.5 my 

d u r i n g any pulse group p e r i o d . Hence 

c > X^co'5 ( 1 2 5 * s e c ) _ 7(2 x 1Q- 6)(125 x I O " 6 )  

3 9 m v (39 x 10" 3) 

m 47.7 x 10" 9 s»'.048 \if 

The maximum p o s s i b l e value of C was determined on the b a s i s 

of the maximum p e r m i s s i b l e c u r r e n t i n C G I . When C G I was turned 

on, i t was r e q u i r e d to supply enough current such that the 

v o l t a g e on C was i n c r e a s e d by one—half of the v o l t a g e range 

per m i t t e d on C or 2.5 v o l t s * Hence 

I C max (4 tisec) Q Q Q X 1 Q - 3 ) ( 4 

2.5v ~ 2.5 
x 10~ 6) 

= 480 x 10~ 9 

= 0.48 \if 

The value of C was chosen to be 0*07 [if to ensure that the maxi­

mum power r a t i n g of C G I would not be exceeded. The choice of 

the value C then f i x e d the value of the r e q u i r e d weighting 

r e s i s t o r s . 

For example, the current r e q u i r e d when C G I i s turned on 

i s 

amps< 
4 x 10"° 



The r e q u i r e d weighting r e s i s t a n c e i s 

R = Ie = (6 - 0.2)(4 x I O " 6 ) = 1 3 2 > 8 o h m S t  

X l (0.07 x 10"" b)(2.5) 

The remaining weighting r e s i s t o r s are b i n a r y m u l t i p l e s of R. 

4.1.2 Operation of the Decoder 

The o p e r a t i o n of the decoder i s d e s c r i b e d b r i e f l y as 

f o l l o w s . The incoming code pulses are regenerated i n the pulse 

regenerator or r e p e a t e r . At the same time, they e s t a b l i s h 

and m aintain the b a s i c pulse r e p e t i t i o n frequency i n the 

decoder by p u l l i n g an o s c i l l a t o r i n t o phase. The sine-wave 

o s c i l l a t i o n s from the o s c i l l a t o r are converted to square waves 

which are then d i f f e r e n t i a t e d . The r e s u l t i n g p i p s are then 

employed to t r i g g e r a b i s t a b l e counter with a count-down-by-

seven arrangement which e s t a b l i s h e s the pulse group frequency. 

By s u i t a b l e connections to v a r i o u s c o l l e c t o r s of the 

b i s t a b l e counter, a c y c l i c sequence of seven g a t i n g pulses i s 

produced i n Gate 1. Turn on pulses f o r the v a r i o u s c u r r e n t 

generators are then formed by g a t i n g the sequence of seven 

pulses with the regenerated pulses from the r e p e a t e r , i n Gate 2 

The arrangement i s such t h a t the h e i g h t of the r e s u l t i n g t u r n o 

pulses f o r the c u r r e n t generators i s independent of the g a t i n g 

pulses but the width i s determined by the width of the repeater 

p u l s e s . 

Thus, the output from Gate 2 i s a sequence of t u r n on 
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pulses of p r e c i s e height and width and i d e n t i c a l i n pulse p a t t e r n 

to the code pulses presented to the r e p e a t e r . This sequence 

i s used to t u r n on the a p p r o p r i a t e c u r r e n t generators and a 

sample amplitude i s r e c o n s t r u c t e d on C-̂ . 

During i n t e r v a l 7, as e s t a b l i s h e d by the output of Gate 

1, the charge s t o r e d i n i s t r a n s f e r r e d to C^. The charge 

t r a n s f e r gate i s open during the e n t i r e i n t e r v a l so that any 

charge r e s u l t i n g from CG7 d u r i n g the i n t e r v a l i s a l s o t r a n s f e r r e d . 

Thus, from i n t e r v a l 7 to i n t e r v a l 6 of the f o l l o w i n g c y c l e , 

the value of the r e c o n s t r u c t e d sample amplitude as o r i g i n a l l y 

coded by the coder i s s t o r e d i n C^. i s discharged during 

i n t e r v a l 6 to prepare i t f o r the charge from the f o l l o w i n g 

decoding c y c l e . 

During i n t e r v a l 4, the v o l t a g e on i s t r a n s f e r r r e d to 

by the Lewis gate. The v o l t a g e on C-j, then, i s a step f u n c t i o n . 

The waveform on i s f i l t e r e d and a m p l i f i e d as the d e s i r e d audio 

output. Sample waveforms of the decoding o p e r a t i o n are given 

i n F igure A-2.11. 

In the above d e s c r i p t i o n , three d e t a i l s were ignored, 

i n order to f a c i l i t a t e the e x p l a n a t i o n . In the f i n a l decoder 

c i r c u i t Gates 1 and 2 were combined i n t o one gate, one f o r each 

cur r e n t generator, and separate gates were used to produce the 

pulses f o r the charge t r a n s f e r gate and discharge c i r c u i t s . A 

delay was introduced between the repeater and the c u r r e n t 

generator gates to o f f s e t the delay i n counter c i r c u i t s . F i n a l l y , 

a monostable pulse generator, PG1, t r i g g e r e d d u r i n g i n t e r v a l 4, 

i s used to operate the Lewis gate. 



4.2 Operation of Framing C i r c u i t 

In order f o r the group s y n c h r o n i z a t i o n or framing 

c i r c u i t to operate s u c c e s s f u l l y , i t i s only necessary f o r the 

amplitudes of two successive decoding operations to be compared* 

I f the d i f f e r e n c e i n amplitude i s l e s s than one-half of the 

amplitude range of the system* nothing i s done. I f the 

d i f f e r e n c e i n amplitude i s g r e a t e r than one-half the amplitude 

range of the system, one p i p from the d i f f e r e n t i a t e d square 

wave i s i n h i b i t e d and thereby prevented from r e a c h i n g the 

counter. The r e s u l t i s t h a t the e n t i r e decoding o p e r a t i o n i s 

s h i f t e d by one d i g i t to a new frame one d i g i t l a t e r i n time. 

The b l o c k diagram of the r e q u i r e d c i r c u i t r y i s 

i l l u s t r a t e d i n F i g u r e 4.3. The o p e r a t i o n i s d e s c r i b e d as 

f o l l o w s . The v o l t a g e s on 0^ a n d C^ are compared dur i n g 

i n t e r v a l 7 by a v o l t a g e comparator t h a t produces a negative 

output r e g a r d l e s s of the p o l a r i t y of the d i f f e r e n c e * The output 

of the v o l t a g e comparator i s then gated to e l i m i n a t e the 

u n d e s i r a b l e p o r t i o n s of the v o l t a g e comparator output and to 

ensure proper t i m i n g i n subsequent c i r c u i t s . The gated output 

of the v o l t a g e comparator i s a p p l i e d to a Schmitt t r i g g e r t h at 

i s set to f i r e at a v o l t a g e corresponding to one-half the 

amplitude range of the system. I f the Schmitt t r i g g e r f i r e s , 

a pulse i s produced that i n h i b i t s one p i p i n t o the counter, 

thereby, s h i f t i n g the o p e r a t i o n of the decoder by one d i g i t . 

The f i r i n g of the Schmitt t r i g g e r a l s o i n h i b i t s the a c t i o n of 

the iroltage comparator c i r c u i t , while the s h i f t i n g o ccurs. 



\ 

Lew/is 
GATE ^ c . 

VOLTAGE 
COMPARATOR. 

OsClLLflTtrt INHIBIT 
COUNTER. OsClLLflTtrt 

GRTE COUNTER. 

INTERVAL. 
Co — 

G / V T I N G 

DELAY P U L S E DELAY 
G e M C l M T o K . 

PG2. 

iNHiSiT 

GEN £RfflTD& 

PG3 

IN M iiil T P o t . s e 

PG4-

F i g u r e 4.3 Bl o c k Diagram of Framing C i r c u i t s 

http://Pot.se


V a r i o u s pulse generators are r e q u i r e d to c a r r y out the 

o p e r a t i o n . Because an output from the v o l t a g e comparator i s 

u n d e s i r a b l e u n t i l l a t e i n the 7th i n t e r v a l , i t was necessary 

to produce the diode gate g a t i n g pulse (PG2) by d e l a y i n g a 

t r i g g e r pulse d e r i v e d from i n t e r v a l 6. PG3 i s used to produce 

the pulse t h a t i n h i b i t s a p i p i n t o the counter, PG4 i s t r i g g e r e d 

by PG3 and i s used to i n h i b i t the a c t i o n of the v o l t a g e comparator 

by i n h i b i t i n g BG2. 

The t i m i n g waveforms f o r the framing c i r c u i t s are shown 

i n F i g u r e A-2,12. 

4.3 Operation of the Coder 

A coder to convert analog s i g n a l s i n t o 7 d i g i t s of PCM 

was b u i l t by Hafer and i s d e s c r i b e d i n h i s t h e s i s ̂  . Only a 

b r i e f d e s c r i p t i o n i s given here. 
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The b l o c k diagram of the coder, e x c l u d i n g the t i m i n g 

c i r c u i t s , i s i l l u s t r a t e d i n F i g u r e 4.4. When an analog s i g n a l 

i s a p p l i e d to the coder, diode gate 1 samples the amplitude f o r 

6 microseconds. A f t e r p a s s i n g through the b u f f e r a m p l i f i e r 

i t emerges u n a l t e r e d at A and i n v e r t e d at B. 

The output from A i s a p p l i e d to a Schmitt t r i g g e r which 

i s set to f i r e at a v o l t a g e A Q/2. where A Q i s the maximum expected 

s i g n a l l e v e l . I f the input sample pulse amplitude exceeds 

A Q/2 the Schmitt t r i g g e r f i r e s and an output code pulse i s 

produced. At the same time, the Schmitt t r i g g e r a l s o produces 

a p o s i t i v e pulse of f i x e d h eight A Q/2 at C , which i s s u b t r a c t e d 

from the output at B. I f the i n p u t sample pulse amplitude does 

not exceed A Q / 2 j the Schmitt does not f i r e and n e i t h e r the 

code output pulse nor the p o s i t i v e pulse of height A Q/2 i s 

produced. The output of the b u f f e r a m p l i f i e r at B i s then passed 

on, u n a f f e c t e d by the s u b t r a c t o r , to the v o l t a g e doubler 

a m p l i f i e r . 

The output of the s u b t r a c t o r i s a p p l i e d to the v o l t a g e 

doubler a m p l i f i e r where i t i s i n v e r t e d and doubled i n amplitude. 

The pulse i s then a p p l i e d to the charge storage c i r c u i t . 

The charge storage c i r c u i t s t o r e s the output pulse of 

the v o l t a g e doubler a m p l i f i e r f o r one pulse p e r i o d as charge 

on a c a p a c i t o r . At the end of one pulse p e r i o d , diode gate 2, 

which up to t h i s time has been c l o s e d , allows the pulse to be 

a p p l i e d to the b u f f e r a m p l i f i e r once more. 

Diode gate 1 i s c l o s e d at t h i s time and remains c l o s e d 

f o r 7 pulse p e r i o d s while the o r i g i n a l input sample pulse i s 
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allowed to c i r c u l a t e around the loop a t o t a l of 7 times. 

Each c i r c u l a t i o n produces an output code pulse or space 

depending on whether the Schmitt t r i g g e r f i r e s or not. The 

f i r s t c i r c u l a t i o n produces the output code corresponding to the 

b i n a r y weighted value 2^, the second c i r c u l a t i o n 2^, and so on 

u n t i l the l a s t c i r c u l a t i o n produces a code output corresponding 

to 2°. 

At the c o n c l u s i o n of 7 c i r c u l a t i o n s , the r e c i r c u l a t e d 

p ulse i s i n h i b i t e d and a new input sample pulse i s taken by 

diode gate 1. 

I t i s apparent then* that the coder i s able to produce 

a b i n a r y coded output i n s e r i a l f a s h i o n w i t h the most s i g n i f ­

i c a n t d i g i t f i r s t . 

The o p e r a t i o n of the PCM system i n b l o c k diagram form 

has now been d e s c r i b e d . The c i r c u i t d e t a i l s i n c l u d i n g the 

m o d i f i c a t i o n s made to the coder are g i v e n i n Appendix 2 and 3. 

The next chapter deals w i t h the r e s u l t s of t e s t s on the system. 
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5. SYSTEM TESTS 

5.1 System Performance 

The system* as o u t l i n e d i n Chapter 4, performed 

s a t i s f a c t o r i l y . L i s t e n i n g t e s t w i t h audio program m a t e r i a l 

i n d i c a t e d t hat good q u a l i t y speech t r a n s m i s s i o n was p o s s i b l e , 

provided t h a t the system was not overloaded. 

The power r e q u i r e d i s approximately 1.4 watts i n the 

coder and 1.3 watts i n the decoder ( i n c l u d i n g the framing 

c i r c u i t s ) f o r a t o t a l power consumption of approximately 2.7 

watts. 

A delay of 0.35 m i l l i s e c o n d s or 2.8 sampling periods 

between the message s i g n a l a t the coder and the decoded but 

u n f i l t e r e d message s i g n a l was observed. The delay i s due mainly 

to the time r e q u i r e d f o r the coding and decoding processes and 

i s of no p r a c t i c a l importance. 

I n s t a b i l i t y and d r i f t due to small changes i n room 

temperature d i d not a f f e c t the performance of the system. 

The decoder proved to be accurate and r e l i a b l e . The 

o s c i l l a t o r i n the decoder t o l e r a t e d changes i n the master c l o c k 

frequency of + 3.9$ from the centre frequency, thus ensuring 

that the decoder would f o l l o w small changes i n frequency caused 

by e f f e c t s such as temperature changes. 

The framing scheme performed more than adequately and 

e r r o r s due to rnisframing were few. Framing e r r o r s occurred only 

when the system was overloaded to such an extent t h a t the input 



40 

s i g n a l r e s t r i c t i o n s were v i o l a t e d . I t was found t h a t the 

r e q u i r e d input s i g n a l r e s t r i c t i o n f o r o p e r a t i o n of the framing 

scheme was s l i g h t l y more s t r i n g e n t than the requirements 

d e r i v e d from theory. F i g u r e 5.1 i l l u s t r a t e s the r e q u i r e d input 

s i g n a l r e s t r i c t i o n f o r system performance as w e l l as the 

r e s t r i c t i o n s as d e r i v e d i n Appendix 1 . The time r e q u i r e d f o r 

proper framing was not measured but observations w i t h 

an o s c i l l o s c p e i n d i c a t e d t h a t c o r r e c t framing was achieved 

i n times of the order of a few m i l l i s e c o n d s . In f a c t , l i s t e n i n g 

t e s t s d u r i n g which t r a n s m i s s i o n was i n t e r r u p t e d d i s c l o s e d that 

c o r r e c t framing was achieved i n a time so short t h a t noise due 

to misframing was i n a u d i b l e . 

I Z 3 4 

F i g u r e 5«1 Input S i g n a l Frequency—Amplitude C h a r a c t e r i s t i c 
f o r S u c c e s s f u l Operation of the Framing Scheme 
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The weakest l i n k i n the system i s the coder which, i n 

s p i t e of the many hours spent i n modifying and redesigning, i s 

s t i l l l a c k i n g i n l i n e a r i t y . The i m p e r f e c t i o n s are thought to 

be due mainly to the n o n - l i n e a r i t y of the a c t i o n of the vo l t a g e 

doubler a m p l i f i e r . (See F i g u r e s 4.4 and A-3.3). 

5.2 L i n e a r i t y Tests 

F i g u r e s 5.2 and 5.3 i n d i c a t e the r e s u l t s of the l i n e a r i t y 

t e s t s on the coder and decoder r e s p e c t i v e l y . The t e s t was 

c a r r i e d out on the coder by u s i n g a s e r i e s of known d.c. 

v o l t a g e s as the input s i g n a l s and observing the r e s u l t i n g 

output codes. The t e s t of the decoder was c a r r i e d out i n the 

same way — by u s i n g coded pulses as the input s i g n a l s to the 

decoder and observing the d.c. v o l t a g e outputs. In both cases, 

the coded val u e s i n decimal form were p l o t t e d versus the 

measured d.c. v o l t a g e s . 

The n o n - l i n e a r i t y of the o p e r a t i o n of the coder was 

t r a c e d to the vo l t a g e doubler a m p l i f i e r . The ga i n of the 

a m p l i f i e r i s l e s s than two at low amplitude l e v e l s . As a 

consequence, when the input s i g n a l s are of such values that the 

c i r c u l a t i n g pulses are small i n amplitude, the r e q u i r e d input 

s i g n a l v o l t a g e s are g r e a t e r than they should be. 

5.3 Noise and D i s t o r t i o n 

A measure of the d i s t o r t i o n and noise produced by the 
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F i g u r e 5.2 L i n e a r i t y Test of Coder 
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system was made by measuring the harmonic d i s t o r t i o n of the 

Output message s i g n a l using a sine-wave as the input 

message s i g n a l . The method i s o u t l i n e d i n Fi g u r e 5.4. 

S I N E - W A V E P C M M r t R M O M l C 

G E N E R A T O R . 
D I S T O R T i o* 1 

G E N E R A T O R . 
M C T F R 

F i g u r e 5.4 Noise and D i s t o r t i o n Measurement 

The method served only to i n d i c a t e t h a t the d i s t o r t i o n 

v o l t a g e was much l a r g e r than the! c a l c u l a t e d q u a n t i z i n g n o i s e . 

T h i s i s to be expected i n view of the imp e r f e c t i o n s i n the 

coder l i n e a r i t y as shown i n F i g u r e 5.2 and the imp e r f e c t i o n s 

i n the output low pass f i l t o r . 

5.4 Waveforms 

Figu r e 5.5 i l l u s t r a t e s some example waveforms 

t r a n s m i t t e d by the system. The upper waveform i n each 

o s c i l l o g r a m i s the decoded step waveform before f i l t e r i n g , and 

the lower waveform i s the r e s u l t i n g f i l t e r e d v e r s i o n of the step 

waveform, which i s almost i n d i s t i n g u i s h a b l e from the input s i n e -

waves. 



45 

1000 cps 3000 cps 

Figure 5.5 Waveforms. Oscillograms of Decoded S i g n a l s on C 
and at Output of Low Pass F i l t e r 
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6. CONCLUSIONS 

A s e l f - f r a m i n g PCM speech system has now been d e s c r i b e d . 

The r e s u l t s of t e s t s on the system i n d i c a t e t h a t performance 

i s adequate f o r t r a n s m i s s i o n of good q u a l i t y speech. 

The coder deserves f u r t h e r work* The n o n - l i n e a r 

input—output c h a r a c t e r i s t i c causes d i s t o r t i o n at low input 

s i g n a l l e v e l s and i t i s thought t h a t much of the d i s t o r t i o n 

c ould be e l i m i n a t e d by improving the a c t i o n of the v o l t a g e 

doubler a m p l i f i e r . 

The decoder and the novel framing c i r c u i t s performed 

p e r f e c t l y and c o r r e c t group s y n c h r o n i z a t i o n was achieved 

q u i c k l y and e f f i c i e n t l y u s i n g simple c i r c u i t r y * 

Although the framing scheme was employed on a s i n g l e 

message channel system, tVe scheme could e a s i l y be adapted to 

l a r g e r systems where many message channels are t r a n s m i t t e d by 

time d i v i s i o n m u l t i p l e x i n g methods. The system would be 

designed so t h a t once c o r r e c t framing i s achieved i n one 

channel, then, simultaneously* c o r r e c t framing i s achieved i n 

a l l channels. The maximum pre—emphasis i s employed i n a l l 

message channels except the one t h a t i s used f o r framing purposes* 

The speech s i g n a l s i n t h i s channel are only p a r t i a l l y p re-

emphasized and the framing c i r c u i t s are attached to the decoder 

f o r t h i s channel. Framing e r r o r s are then detected i n the same 

manner as d e s c r i b e d i n Chapter 3 . 

But, f o r a large system* where 24 to 96 or more message 

channels are t r a n s m i t t e d by time d i v i s i o n m u l t i p l e x i n g methods 

over one t r a n s m i s s i o n channel* the proposed scheme i s not as 
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advantageous because of c o n s i d e r a t i o n s such as the time r e q u i r e d 

f o r a c h i e v i n g proper framing. Such a system can e a s i l y a f f o r d 

to s a c r i f i c e an e n t i r e message channel f o r a more e f f i c i e n t 

framing scheme. 

The proposed s e l f - f r a m i n g scheme presented i n t h i s 

t h e s i s i s best s u i t e d f o r a PCM speech system t h a t u t i l i z e s a 

small number of message channels. In such a system, economy 

i n the use of the d i g i t s i s of prime concern i n order to 

conserve bandwidth and to s i m p l i f y the i n s t r u m e n t a t i o n . The 

s i m p l i c i t y and r e l i a b i l i t y of the s e l f - f r a m i n g scheme makes 

i t i d e a l f o r use i n such an a p p l i c a t i o n . 
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APPENDIX 1 

D e r i v a t i o n of F i g u r e 3.1 

F i g u r e A - l . l Assumed Form of Input S i g n a l s 

For the purpose? of a n a l y s i s , assume sine-wave type 

i n p u t s i g n a l s . The g r e a t e s t slope of the curve occurs at the 

zero a x i s c r o s s i n g s . Therefore, the g r e a t e s t change i n 

amplitude o c c u r r i n g w i t h i n one c y c l e occurs over an i n t e r v a l 

c e n t e r i n g about the zero a x i s c r o s s i n g . 

Consider the input to the coder to be composed of v o i c 

s i g n a l s ranging from zero to 4000 cps. The input v o i c e s i g n a l 

are sampled at the Nyquist r a t e of twice the maximum frequency 

of the input or 8000 times per second. Therefore, the i n t e r v a 

between samples i s 1/8000 seconds = 125 (10~ ) seconds = 125 

microseconds. 

The input s i g n a l s are of the form 

V ( t ) = A/2 S i n (27tft) 
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as i l l u s t r a t e d i n F i g u r e A—1*1» The g r e a t e s t slope i n the 

waveform occurs at t = 0, l / 2 f , l / f , e t c . For example, at 

t = 0 , i t i s necessary to f i n d the amplitude range A such 

t h a t the d i f f e r e n c e i n amplitude between t = -62.5 and 

t - + 62*5 microseconds does not exceed A Q / 2 . Hence, the 

boundary c o n d i t i o n on V ( t ) i s t h a t 

V ( t ) = A Q / 4 at t = 62.5 microsecoiids. 

That i s , the maximum p e r m i s s i b l e s i g n a l amplitude A M , such 

t h a t the d i f f e r e n c e between two s u c c e s i v e samples 125 

microseconds apart does not exceed A Q / 2 i s given by 

V ( t ) = A m / 2 S i n 2-nf (62.5 x 10~ 6) = A Q / 4 

or 

Am ~ 2 S i n T t f / 8 0 0 0 

where f = frequency i n cps* 

For example* at f = 4000 cps, 

A A 0 . 

m 2 S i n %/2 

The r e s u l t s f o r other f r e q u e n c i e s were evaluated and t a b u l a t e d 

i n Table A - l . l . 

= A Q / 2 



Frequency 
(cps) 

Maximum p e r m i s s i b l e s i g n a l 
amplitude A m (p-p) 

0 - 1 3 3 3 A 0 

1500 0.906 A Q 

2000 0.707 A Q 

2500 0.600 A Q 

3000 0.541 A Q 

3500 0.510 A Q 

4000 0.500 A Q 

Table A—1.1 Table of Frequencies of Input S i g n a l s and 
Corresponding S i g n a l Amplitudes 
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APPENDIX 2 

C i r c u i t D e t a i l s of the Decoder* 
The decoder i s , on the whole, a c o l l e c t i o n of standard 

t r a n s i s t o r c i r c u i t s . 
The c i r c u i t diagrams of the decoder, Figures A-2.1 to 

A-2.9* are s e l f - e x p l a n a t o r y . Figures A-2.10 and A-2.11 
i l l u s t r a t e the t i m i n g waveforms and waveforms of an example 
decoding operation. Figure A—2.12 i l l u s t r a t e s the waveforms 
that r e s u l t from d e t e c t i o n of a framing e r r o r . 

Timing of the c i r c u i t operations i s important and, 
because of t h i s , i t was necessary to delay various waveforms 
using monostable m u l t i v i b r a t o r s * Delay l i n e s were out of the 
question because of the length of delays r e q u i r e d . 

Note that the decoder can be adjusted to detect the 
incoming code pulses at the l e v e l of one-half the pulse height. 
This reduces the e f f e c t of the i n t e r f e r e n c e i n the transmission 
channel, the peaks of which are assumed to be u s u a l l y 
considerably l e s s than one-half the pulse height. 

Pulse t i m i n g i s achieved by having the incoming pulses 
p u l l an o s c i l l a t o r i n t o phase* But note that the a c t u a l 
synchronization i s c a r r i e d out by the delay monostable i n 
Figure A-2.1. This ensures that i n t e r f e r e n c e i n the t r a n s ­
mission channel does not a f f e c t the timing operations of the 
decoder* 

C i r c u i t data f o r CGI only are given i n Figure A-2.4. 

Data f o r the remaining current generators, which are i d e n t i c a l 
i n form to CGI are given i n Table A—2.1. 
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Current 
Generator 

AND Gate Inputs: 
Pulse regenerator and 
counter taps (see 
F i g , A - 2 , 3 ) : 

Emitter Resistors 
(ohms) 

Current 
Generator 

AND Gate Inputs: 
Pulse regenerator and 
counter taps (see 
F i g , A - 2 , 3 ) : Fixed Variable 

CGI 2, 3 , 6 68 • 100 

CG2 1, 4, 6 168 100 

CG3 2,. 4 , 6 500 100 

CG4 1, 3* 5 680 IK 

CG5 2* 3* 5 1.5K IK 

CG6 1* 4 , 5 3.3K IK 

CG7 2* 4> 5 8.2K IK 

Table A—2,1 Data for Current Generators 
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Figure A~2»7 Lewis Gate, Voltage Comparator, and Diode Gate 
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APPENDIX 3 

C i r c u i t D e t a i l s of the Coder. 

Extensive m o d i f i c a t i o n s were c a r r i e d out on the coder 

designed and c o n s t r u c t e d by H a f e r ^ ^ to improve and adapt i t s 

o p e r a t i o n to the o p e r a t i o n of the? decoder. There were many-

minor changes but the major changes are the following t 

1* The number of d i g i t s per code group was changed from s i x to 

seven* This change r e s u l t e d i n a twofold i n c r e a s e i n the 

number of l e v e l s , from 64 to 128* and r e q u i r e d a twofold 

i n c r e a s e i n accuracy of o p e r a t i o n * 

2* Ext e n s i v e changes were made i n the t i m i n g c i r c u i t s i n order 

t o accommodate the i n c r e a s e i n the number of d i g i t s per code 

group* The b a s i c c l o c k frequency was i n c r e a s e d from 48 kc/s 

to 56 kc/s and the frequency d i v i d e r was changed from a 6*1 

device to a 7*1 device* A l s o * most of the d e l a y l i n e s used 

i n Hafer's c i r c u i t were r e p l a c e d by delay monostable m u l t i ­

v i b r a t o r s f o r g r e a t e r s t a b i l i t y and accuracy. 

3* The c i r c u i t v o l t a g e l e v e l s were changed and some were added 

to adapt the c i r c u i t to operation u s i n g standard 12 v o l t 

storage b a t t e r i e s * 

4* A second Schmitt t r i g g e r was added i n cascade to reduce 

the e f f e c t s of the "maybe" pu l s e s t h a t r e s u l t when a pulse of 

hei g h t near the f i r i n g l e v e l i s a p p l i e d to the f i r s t Schmitt* 

5* T r a n s i s t o r s i n the "on" c o n d i t i o n were p l a c e d i n s e r i e s w i t h 

the charge t r a n s f e r t r a n s i s t o r s to reduce the e f f e c t s of 



v o l t a g e feedback due to a f i n i t e reverse impedance r a t i o . 

The a d d i t i o n of the second t r a n s i s t o r i n c r e a s e s the reverse 

impedance r a t i o and thus reduces any v o l t a g e feedback 

e f f e c t s * 

A change i n the charge t r a n s f e r g a t i n g arrangements was made 

to improve the shape of the r e c i r c u l a t e d p u l s e s . This 

change r e q u i r e d an a d d i t i o n a l g a t i n g pulse generator (GP2d). 

The f i n a l c i r c u i t s are i l l u s t r a t e d i n F i g u r e s A -3 .1 to 

A -3 .4 and some t i m i n g waveforms are giv e n i n Fig u r e A - 3.5. 

D e t a i l s of the c i r c u i t o p e r a t i o n are given i n Reference 10 
I 

and apply to the f i n a l c i r c u i t as given here except f o r the 

a d d i t i o n a l o p e r a t i o n a l d e t a i l s brought about by the above 

m o d i f i c a t i o n s . 
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