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I, EXECUTIVE STJMMARY 

A. INTRODUCTION 

Since t h e  passage of t h e  Coal Mine Heal th and Safe ty  Act of 1969, 

t h e  Bureau of Mines has made many advances i n  mine communications. These 

e f f o r t s  have r e s u l t e d  i n  t h e  fol lowing developments and demonstrations: 

Surface-to-surface electromagnetic  t ransmission of baseband 

voice  s i g n a l s  through overburdens a s  deep a s  600 f e e t .  This 

t ransmission was achieved wi th  equipment from t h e  In ter im 

Mine Rescue and Surviva l  System Program, and demonstrated 

t h a t  baseband voice  communications could be obtained through 

these  overburdens i n  t h e  absence of mine-generated noise ;  

t h a t  is, when t h e  mine power system was shu t  o f f ,  However, 

during mine ope ra t iona l  condi t ions ,  t h e  mine-generated no i se  

proved t o  be so l a r g e  t h a t  e f f e c t i v e  baseband voice  communi- 

ca t ions  t o  t h e  des i r ed  depths could not  be e f fec ted .  

r The development of beacon t r a n s m i t t e r s  f o r  l o c a t i n g  trapped 

miners. This work was aga in  t h e  outgrowth of t h e  In ter im 

Mine Rescue and Surviva l  System. Extensions of t h i s  work 

have l e d  t o  r e l i a b l e  d e t e c t i o n  and l o c a t i o n  of trapped 

miners t o  depths of 1000 f e e t .  The system, which makes use 

of a loop antenna deployed where t h e  trapped miner i s  lo-  

cated,  uses  low-duty-cycle, tone-burst transmission. Por- 

t a b l e  tuned r ece ive r s  and loop antennas a r e  used on t h e  sur- 

f a c e  t o  determine t h e  loca t ion  of t h e  trapped miner, 

An extension of . t h i s  work has l e d  t o  a c a l l - a l e r t  paging . 
system concept,  wherein a t r a n s m i t t e r ,  s i m i l a r  t o  t h a t  used 

i n  t h e  trapped miner system, i s  used t o  audibly and/or 

v i s u a l l y  a l e r t  key mine personnel  car ry ing  pocket r ece ive r s  

t h a t  they a r e  wanted a t  t h e  nea res t  mine telephone. I n  

add i t ion ,  a roof-bolt  paging system has  been developed, 

wherein commercial paging and mine c a r r i e r  phone equipment 

a r e  used i n  conjunct ion with a long-wire "roof b o l t "  antenna 

t o  page ind iv idua l s  and r e l ay  t o  them s h o r t  voice  messages. 

1 
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Despite these  advances i n  communication c a p a b i l i t i e s  wi th in  mines, 

some major unmet needs which requ i re  f u r t h e r  research and development 

s t i l l  remain. One of these  msjor needs is wtreless electromagnetic 

through-the-earth voice communication channels capable of being operated 

in the  presence of both surface  and subsurface noise  environments. Cal- 

cu la t ions  have been made by both Arthur Do L i t t l e ,  Inc. and Col l ins  

Radio C~mpany'~) r e l a t i n g  t o  the  power requirements f o r  such a voice 

communication system, I n  both ins tances  the  power requirements under 

opera t ional  conditions f o r  depths of 600 t o  1000 f e e t  have been q u i t e  

s u b s t a n t i a l ,  i n  f a c t ,  prohibi t ive ,  f o r  uplinks and downlinks between the  

surface  and the  subsurface. The power requirements range from a few 

ki lowat ts  up t o  the  100-kilowatt range. Similar  l e v e l s  were a l so  pre- 

d ic ted  f o r  s ide-l ink communication paths within t h e  mine. These paths 

may run from a c e n t r a l  f ixed t r ansmi t t e r  t o  roving miners carrying por- 

t a b l e  u n i t s ,  o r  between two por table  un i t s .  Here the  problem is  not  so 

much reaching t h e  roving miners from t h e  f ixed t r ansmi t t e r  locat ion,  but  

the  reverse talk-back problem of the  roving miner t o  t h e  c e n t r a l  loca- 

t i o n ,  o r  from roving miner t o  roving miner where t ransmit ter  power is  se- 

verely l imi ted .  The Coll ins Radio Company's ca lcula t ions  . for  power re- 

quirements f o r  the  roving miner t o  roving miner i n d i c a t e  t h a t  por table  

battery-operated equipment appears bare ly  adequate to  meet a 600-foot 

range requirement imposed on such side-l ink communication systems.* 

* 
Recent in-mine EIM propagation measurements made by Coll ins do show an 

unexpected propagation enhancement f o r  frequencies near 500 ki loher tz .  

It is not  known how consis tent  t h i s  enhancement w i l l  be over a range 

of coal  mine environments, but  should i t  be found t o  be consis tent ,  

then the  problem of achieving adequate side-l ink communication range 

w i l l  be considerably a l l ev ia ted .  However, it appears t h a t  the  mech- 

anism t h a t  provides t h i s  enhancement of s ide-l ink propagation w i l l  

serve t o  make v e r t i c a l  propagation more d i f f i c u l t  and thus t h e  prob- 

l e m  of subsurface to  surface  communication may become worse under 

such conditions. 
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One of the means proposed for aiding in overcoming these severe 

power and range limitations has been the application of voice bandwidth 

compression techniques. We anticipated that such techniques would per- 

mit greater range with the same transmitter power or the same range with 

less transmitter power. 

The purpose of this study was to determine the applicability of 

state-of-the-art voice bandwidth compression techniques for mine wire- 

less voice communication systems as one means of reducing the power 

requirements of portable units. One reason why voice bandwidth compres- 

sion appeared attractive is that at VLF to MF frequencies the noise 

received by a portable receiver in a mine is largely dominated by exter- 

nal mine-generated noise and not by receiver-generated noise. Therefore, 

if the received noise power could be lessened by reducing the bandwidth 

required for the voice signal, without paying a corresponding penalty 

in processing power and/or required signal-to-noise ratio, the desired 

range could be either extended with the same transmitter power or obtained 

with less power. Hence, a 10:l reduction in receiver-bandwidth could be 

expected to yield a 10:l reduction in received noise and hence a 10:l 

improvement in signal-to-noise ratio for the same amount of transmitter 

power. Extending this simplistic notion even further, a 100:l bandwidth 

reduction could be expected to yield a 100:l reduction in transmitter 

power. These potential values of transmitter power reduction were large 

enough to undertake this assessment of the potentials of state-of-the-art 

voice bandwidth compression techniques for achieving the goal of signifi- 

cantly reduced transmitter power consumption for mine wireless communi- 

cation applications. 

B. FINDINGS 

1. Real-Time Techniques 

Real-time voice bandwidth compression techniques currently do offer 

some modest savings in transmitter power requirements. The savings, 

however, are obtained at the cost of increased complexity for transmitters 

and receivers, and we therefore deem them inapplicable to most mine com- 

munication needs. There are several fundamental reasons why this is so: 
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I, There has been no demonstration a s  y e t  of a system which 

even comes c lose  t o  coding speech a t  a 50-bit-per-second 

(bps) r a t e ,  which is t h e  information r a t e  a t t r i b u t e d  t o  

a voice transmission channel; 

2. Although s u b s t a n t i a l  bandwidth reductions are achieved 

by c e r t a i n  of the  voice bandwidth compression schemes, 

such reductions a r e  achieved a t  an increase  i n  t h e  re- 

quired signal- to-noise r a t i o ,  thus obviat ing some of t h e  

expected savings of  t r ansmi t t e r  power t h a t  would accrue 

i f  the  systems were ab le  t o  operate a t  t h e  same s ignal -  

to-noise r a t i o  a s  f o r  a conventional voice band; 

The emphasis of  most of the  work on voice bandwidth com- 

pression has been di rec ted  toward means of achieving more 

voice channels i n  a given bandwidth. There has been.very 

l i t t l e  concern i n  t h i s  work with the  added necess i ty  of 

increasing power per  channel. It has r a t h e r  been s t r i c t ' l y  

based on ge t t ing  more channels i n t o  a given bandwidth. For 

For t h i s  reason, the  r e s u l t s  a r e  l e s s  appl icable  t o  mine 

communication needs than might otherwise be expected. 

Bandwidth compression of modest amounts; t h a t  i s ,  more than 4 o r  5 

t o  1 i n  bandwidth, is general ly achieved with analysis-synthesis  systems. 

In t h i s  type of system, the  input  voice s i g n a l  i s  f i r s t  analyzed. Then 

voice parameters ext rac ted  by t h e  analys is ,  parameters which w i l l  allow 

t h e  voice s igna l  t o  be reconstructed,  a r e  transmitted i n  a narrow band 

t o  t h e  receiver.  A t  t h i s  point  these extracted parameters a r e  used t o  

reconst ruct  the  o r i g i n a l  voice message. Research i n  t h i s  a rea  i n  t h e  

193OVs, 19401s9 and 1950's was d i rec ted  toward using analog c i r c u i t s  t o  

implement these  systems. Work centered on d i g i t a l  systems i n  the  1960's 

and 1 9 7 0 ' ~ ~  and progress has been s ign i f i can t .  

To d i g i t i z e  conventional telephone speech requires  approximately 

50,000 bps. This assumes a bandwidth of about 3000 Hz and a sampling 

r a t e  of about 10,000 Hz with quantizing t o  around 8 b i t s .  Modem digi -  

t a l  systems can encode t h e  analyzed version of t h e  speech i n t o  1200 bps 
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and, i n  some extreme cases,  i n t o  as l i t t l e  a s  700 bps, This ind ica tes  a 

compression of 40:l is  obtainable by these systems. However, t h e  more 

advanced systems of t h i s  type require  considerable computer power, placing 

them considerably beyond t h e i r  applicat ion t o  mine communication 

requirements, 

2,  Non-Real-Time Techniques 

In  the a rea  of non-real-time voice bandwidth compression techniques, 

we f e e l  the re  may be some m e r i t  t o  the  stretched-out voice system wherein 

an o r i g i n a l  message T seconds long is i n  e f f e c t  s t re tched t o  NT seconds 

long f o r  transmission, A l l  t he  qua l i ty  of the  o r i g i n a l  speech may be 

preserved a t  the  same signal-to-noise r a t i o  a s  would be required f o r  

f u l l  bandwidth transmission, but  with a bandwidth t h a t  is shrunk i n  

d i r e c t  proportion t o  t h e  s t r e tch-ou t  f ac to r .  Thus, t r u e  t ransmit ter  

power requirement savings can be made, but only a t  the  expense of a delay 

between the  t ime . the  message is spoken and t h e  t i m e  i t  is ava i l ab le  t o  

be heard a t  the  receiver ,  

C. CONCLUSIONS 

From our study we conclude t h a t  real-time state-of-the-art voice 

bandwidth compression techniques a r e  not s u i t a b l e  a s  a p r a c t i c a l  means 

f o r  improving mine wireless communications performance a t  present .  How- 

ever, non-real-time voice bandwidth compression techniques and real-time, 

non-voice systems do o f f e r  means f o r  meeting t h e  needs of through-the- 

ea r th  emergency subsurface t o  surface  communications. We conclude t h a t  

t h e  advantage of l imi t ing  the  voice s igna l  waveform t o  improve received 

signal-to-noise r a t i o  should be applied t o  mine wire less  communication 

systems. 

D . RECOMMENDAT IONS 

Based on the  f indings and conclusions of our study, we recommend 

t h a t  the stretched-out voice systems be f u r t h e r  explored as a means of 

meeting c e r t a i n  of the  mine communication needs, p a r t i c u l a r l y  fo r  l inks  

through the  e a r t h  f o r  emergency purposes, and most important, t h e  l i n k  

from underground t o  the  surface. It i s  p a r t i c u l a r l y  t r u e  t h a t  power 
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savings here can be important because of the  l imi ted  amount of energy 

ava i l ab le  t o  a miner trapped underground and t h e  requirements f o r  i n t r i n -  

s i c  sa fe ty  f o r  e l e c t r i c a l  communication equipment, We f e e l  t h a t  i n  an 

emergency the delay t i m e  imposed by a stretched-out speech system becomes 

amuchlessimportantobjectionthanitis f o r u s e i n t h e d a y - t o - d a y  . 

operat ion of the  mine; and t h a t  a s u i t a b l e  system could be made t o  opera te  

a t . a  s u b s t a n t i a l l y  reduced power using t h i s  means. 

W e  a l s o  recommend t h a t  non-voice-t,ype systems where t r u l y  narrow- 

band operat ion can be achieved be s tudied fu r the r .  One such system 

might be a very low-bandwidth teletype-quali ty system wherein t h e  opera tor  

uses an alphabet keyboard t o  s p e l l  out  h i s  message and a LED display  t o  

present  both incoming and outgoing messages. 

State-of-the-art e l e c t r o n i c  components a r e  ava i l ab le  today which 

make both of these  a l t e r n a t i v e s  t o  a real-time voice system.extremely 

a t t r a c t i v e  f o r  emergency mine communication needs, and capable of being 

demonstrated i n  the form of prototype hardware with only a modest devel- 

opment e f f o r t .  
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11. THE NATURE 02' VOICE SIGNALS 

Speech i s  produced by t h e  e x c i t a t i o n  of a complicated a c o u s t i c  f i l t e r  

by r a w  a c o u s t i c  energy. The f i l t e r  c o n s i s t s  of t h e  c a v i t i e s  of t h e  

t h r o a t ,  nose,  and mouth. The energy sources  a r e  e i t h e r  produced by a i r  

v i b r a t i n g  t h e  voca l  cords (voiced sounds) o r  by t u r b u l e n t  a i r  flow be- 

tween t h e  t e e t h  o r  between t h e  tongue and t h e  t e e t h  o r  t h e  p a l a t e  (un- 

voiced sounds) o r  by some such combination. 

Typica l  voca l  t r a c t  f i l t e r  c h a r a c t e r i s t i c s  cons is t of a series of  

resonances and ant i - resonances wi th  a s  much a s  10 t o  20 dB between peaks 

and v a l l e y s .  A t  t he  peaks of t he se  resonances some of  t h e  harmonics i n  

t h e  e x c i t i n g  fo rces  a r e  re inforced  r e l a t i v e  t o  t h e  o t h e r s .  These £re- 

quencies where reinforcement t akes  p l a c e  a r e  r e f e r r e d  t o  a s  formants,  

of which t h e r e  may be a s  many a s  f i v e .  

For unvoiced sounds t h e  spectrum of  the  e x c i t i n g  s i g n a l  i s  l i k e  n o i s e  

spread o u t  over t h e  audio range. I f  they go through t h e  f i l t e r ,  they 

e x h i b i t  formant f requenc ies .  Hiss ing  sounds t h a t  do n o t  go through t h e  

f i l t e r  ( s s s s  and s h )  a r e  no i se - l i ke ,  wi th  a very  wide frequency band. 

Voiced sounds look l i k e  a t r a i n  of impulses wi th  a fundamental £re- 

quency between 60 and 240 Hz ( f o r  men, bu t  higher  f o r  women and ch i ld ren )  

w i th  a r i c h  harmonic s t r u c t u r e  t h a t  f a l l s  o f f  wi th  frequency up t o  per- 

haps 4000 Hz. These harmonics a r e  modified by t h e  f i l t e r  and t h e  formants 

form an  envelope on t h e  harmonics. 

Formants d i f f e r  from ind iv idua l  t o  i n d i v i d u a l ,  making t h e  vo i ce s  of 

d i f f e r e n t  i nd iv idua l s  d i s t i n c t i v e .  However, the combined e f f e c t s  of  

harmonics and f i l t e r  always produce a r a p i d l y  f a l l i n g  spectrum. F igure  

- 1 shows t h e  envelope of s p e c t r a  f o r  male speakers  and i l l u s t r a t e s  t h i s  

f e a t u r e .  

One of t h e  most s t r a igh t fo rward  ways of decreas ing  t h e  frequency 

r equ i r ed  f o r  vo ice  t ransmiss ion  i s  simply t o  chop some of i t  o f f .  Exten- 

s i v e  t e s t s  have been conducted on t h e  i n t e l l i g i b i l i t y  of te lephone 

speech a s  a func t ion  of bandwidths. 
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Frequency in Hertz 

Source: Ref. 3 

FIGURE 1 ENERGY DENSITY SPECTRUM FOR MALE SPEECH 
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Figure  2 shows t h e  e f f e c t  of  changing t h e  upper end of  t h e  speech 

band w i th  a v a r i a b l e  c u t o f f  low-pass f i l t e r .  Xf t h e  band i s  r e s t r i c t e d  

t o  1000 Hz, i n t e l l i g i b i l i t y  i s  decreased t o  40%, bu t  83% of  t h e  energy 

i s  s t i l l  p r e s e n t .  This  curve shows t h a t  low f r equenc i e s  c o n t r i b u t e  t o  

energy much more t han  t o  a r t i c u l a t i o n .  F igure  3 shows t h e  e f f e c t  of  

e l im ina t i ng  low f r equenc i e s  wi th  a v a r i a b l e  c u t o f f  high-pass f i l t e r .  

This  shows t h a t  e l i m i n a t i o n  of f requenc ies  below 900 Hz l e a v e s  i n t e l l i -  

g i b i l i t y  above 90%, b u t  decreases  energy t o  17% of t h e  t o t a l .  While in-  

t e l l i g i b i l i t y  is  preserved ,  speaker  r e c o g n i z a b i l i t y  d e t e r i o r a t e s  s eve re ly .  
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111. METHODS OF VOICE BANDWIDTH COMPmSSION 

Systems designed t o  compress t h e  bandwidth of speech f a l l  i n t o  two 

ca t ego r i e s :  

1. Those which a c t  o r  modify t h e  speech s i g n a l  d i r e c t l y ,  and 

2 .  Those which analyze t h e  s i g n a l  and t ransmi t  f a c t s  about 

t h i s  a n a l y s i s  t o  t h e  f a r  end where they can be  used t o  

r econs t ruc t  ( synthes ize)  t h e  o r i g i n a l  speech. 

I n  t h e  fol lowing s e c t i o n s  w e  t r e a t  methods of bandwidth compression 

of t he se  two c l a s se s .  

A, MODIFICATION OF SPEECH SIGNALS 

1. Band Limit ing 

An obvious way of decreas ing  bandwidth i s  t o  c u t  some of i t  o f f  wi th  

a f i l t e r  o r  f i l t e r s .  We have observed i n  Figures  2 and 3 t h a t  very  

l i t t l e  a r t i c u l a t i o n  i s  l o s t  by c u t t i n g  off  a s u b s t a n t i a l  p o r t i o n  of t h e  

lower f requenc ies  o r  a moderate amount of t h e  upper end of  t h e  band. 

R e s t r i c t i n g  t he  bandwidth decreases  t h e  no i se  a t  t h e  r ece ive r .  Cut t ing  

of f  lower f requenc ies  is e s p e c i a l l y  a t t r a c t i v e  i n  a n o i s e  environment 

wi th  l a r g e  d i s c r e t e  f requency n o i s e  con t r ibu t ions  a t  t h e  power frequency 

and i t s  f i r s t  s e v e r a l  harmonics. 

During World War I1 t h e  B e l l  System i n s t a l l e d  "emergency banks" t h a t  

provided two vo ice  channels i n  a s tandard  4000 Hz s l o t  intended f o r  one 

vo i ce  channel. This method was accepted a s  a wartime measure and pro- 

vided a t  l e a s t  marginal ly  u s e f u l  channels.  

Experiments have shown t h a t  r e s t r i c t i n g  the band t o  500 t o  2000 Hz 

r e s u l t s  i n  about 60% i n t e l l i g i b i l i t y  f o r  i s o l a t e d  words, bu t  provides  

adequate  performance f o r  connected speech wi th  s u i t a b l e  r e p e t i t i o n s .  

~ r ~ t e r ' ~ )  has  found t h a t  i n t e l l i g i b i l i t y  wi th  a 1500 Hz bandwidth can 

be  improved by d i v i d i n g  t h e  band i n t o  t h r e e  s e p a r a t e  500 Hz bands cen- 

t e r e d  w i th in  t he  range 500- t o  3000-range ( see  F igure  4 ) .  

P u r s u i t  of t h i s  s imple approach may be  an a t t r a c t i v e  p o s s i b i l i t y  

f o r  mine communication, s i n c e  t h e  bands (not n e c e s s a r i l y  l i m i t e d  t o  
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t h r e e ,  nor  t o  a  t o t a l  of 1500 Hz) may be s t r a t e g i c a l l y  l o c a t e d  t o  avoid 

dominant n o i s e  sources .  

2 .  Time Assignment Speech I n t e r p o l a t i o n  

Time assignment speech i n t e r p o l a t i o n  (TASI) makes use  of s i l e n t  

pe r iods  i n  speech i n  a  given d i r e c t i o n  -- e i t h e r  wh i l e  t h e  source  i s  

l i s t e n i n g  o r  i n  s i l e n t  i n t e r v a l s  between words o r  sen tences  -- by i n t e r -  

l e a v i n g  words from d i f f e r e n t  speakers .  Th i s  ha s  been e f f e c t i v e  on t r ans -  

a t l a n t i c  c a b l e s  where t h e  medium i s  c o s t l y  enough t o  war ran t  t h e  expen- 

s i v e  t e r m i n l s ,  bu t  i t  does no t  seem a p p l i c a b l e  t o  mine communications. 

3 .  Temporally I n t e r r u p t e d  Speech 

Channel u t i l i z a t i o n  can be improved by cont inuous ly  i n t e r r u p t i n g  t h e  

speech s i g n a l  a t  a  f a i r l y  high frequency. I f  a  50% duty c y c l e  is used, 

ano the r  channel  may be  i n t e r l e a v e d  i n  t h e  same band. The r e s u l t a n t  i n -  

t e l l i g i b i l i t y  i s  a  l i t t l e  b e t t e r  than  t h a t  ob ta ined  by ha lv ing  t h e  f r e -  

quency bandwidth. I f  t h e  samples a r e  run t o g e t h e r ,  they can be t r ans -  

m i t t e d  a t  h a l f  speed and pu t  back t oge the r  a t  t h e  r ece iv ing  end, ha lv ing  

t h e  bandwidth r equ i r ed  i n  t h e  channel.  

4 .  C l ipp ing  

Where t h e  s igna l - to -no ise  r a t i o  i s  low, some improvement i n  i n t e l l i -  

g i b i l i t y  r e s u l t s  from simple  c l i pp ing .  This  r e s u l t s  from i n c r e a s i n g  t h e  

energy i n  lower ampli tudes  a t  t h e  expense of  d i s t o r t i o n  on t h e  peaks.  

Simple c l i p p i n g  d i f f e r s  from companding i n  t h a t  no compensating expan- 

s i o n  t akes  p l a c e  a t  t h e  r e c e i v e r .  

Cl ipping may be  c a r r i e d  t o  t h e  l i m i t ,  g i v ing  a  constant-ampli tude 

" i n f i n i t e l y  c l ipped"  r ec t angu la r  wavef o m .  The on ly  i n £  ormation pre-  

se rved  i s  t h e  zero c ro s s ings  of t h e  o r i g i n a l  speech. S u r p r i s i n g l y ,  

l i t t l e  i n t e l l i g i b i l i t y  i s  l o s t ,  bu t  speaker  r e c o g n i z a b i l i t y  i s  almost 

o b l i t e r a t e d  and t h e  q u a l i t y  i s  unpleasan t .  

An improvement i n  e f f e c t i v e  s i g n a l  power of  a s  much a s  12 dB can be 

ob ta ined  from c l i pp ing .  This  r e p r e s e n t s  a l a r g e  number of w a t t s  a t  t h e  

power l e v e l s  we a r e  cons ider ing .  
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5. Frequency Divis ion  (Stretched-out Voice) 

One of t h e  most e f f e c t i v e  ways of decreasing bandwidth is  t o  d i v i d e  

a l l  f requencies  by a constant  before  t ransmiss ion  and mul t ip ly  them back 

t o  t h e i r  o r i g i n a l  va lues  a t  t h e  rece iver .  I f  a l l  cyc le s  of a l l  frequen- 

c i e s  a r e  t ransmi t ted ,  t h i s  implies  a slowing down of t ransmission by t h e  

cons tant  used. An elementary way t o  achieve t h i s  i s  t o  record speech on 

a t ape  recorder  and p lay  i t  over  t h e  l i n e  a t  a slower speed wi th  a corre-  

sponding decrease i n  bandwidths. A t  t h e  r ece ive r  t h e  speech i s  again 

recorded and played back s u f f i c i e n t l y  speeded up t o  r e c o n s t i t u t e  t h e  

o r i g i n a l .  

In p r i n c i p l e ,  t h e r e  i s  no l i m i t  t o  t h e  savings i n  bandwidth achievable 

i n  t h i s  way. From an information theory viewpoint t h e r e  i s  abso lu te ly  no 

saving i n  channel capaci ty  s i n c e  a g r e a t e r  t ime i s  used. Time and band- 

widths a r e  exchanged. Fur ther  processing may reduce t h e  a c t u a l  channel 

capaci ty  needed. In t e r rup ted  samples may be jo ined  and s e n t  as d iscussed  

i n  Sec t ion  A-3. 

Real-time compressed speech may be  s e n t  by d iv id ing  i n  r e a l  time wi th ,  

f o r  example, phase-locked loops. . The divided frequency i s  s e n t  f o r  t h e  

amount of time -- n o t  cyc les  -- t h a t  i t  occurs  and i s  multiplexed back 

up f o r  t h a t  time a t  t h e  rece iver .  This i s  a c t u a l l y  a form of "synthesis-  

ana lys is"  compression where a frequency i s  encoded i n t o  l / n  t imes i t s e l f  

and decoded by mul t ip ly ing  by n a t  t h e  rece iver .  This type of process ing  

goes beyond modif ica t ion  of t h e  voice  s i g n a l  and w i l l  be discussed fu r -  

t h e r  i n  Sect ion B-2, Harmonic Compression. This form of frequency d i v i -  

s ion  is  l imi t ed  t o  about 3 t o  1. 

B. ANALYSIS-SYNTHESIS TECHNIQUES - VOCODERS 

The compression methods discussed so  f a r  t r y  t o  preserve ,  however 

crudely,  t he  o r i g i n a l  voice  waveform. Another approach t o  bandwidth 

compression is  t o  t ransmi t  only t h e  important p r o p e r t i e s  of t h e  speech 

s i g n a l  with t h e  i n t e n t i o n  of synthes iz ing  a t  t h e  r ece ive r  a s i g n a l  t h a t  

sounds l i k e  t h e  o r i g i n a l .  Systems t h a t  work i n  t h i s  way a r e  c a l l e d  

"vocoders," a term coined i n  1928 by Homer Dudley of  Be l l  Telephone 

Labora tor ies .  
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Three important  p r o p e r t i e s  of human hea r ing  a r e  fundamental i n  t h e  

ana ly s i s - syn thes i s  process  i n  vocoaers :  

1. The ear i s  a spectrum ana lyze r  w i t h  a r e l a t i v e l y  s h o r t  

i n t e g r a t i n g  per iod  ; 

2.  For monaural sounds,  t h e  e a r  is  v i r t u a l l y  i n s e n s i t i v e  t o  

phase;  and 

3 .  Hearing i s  extremely s e n s i t i v e  t o  p i t c h  v a r i a t i o n s .  

For a vocoder t o  be s u c c e s s f u l  t h e n ,  t h e  short - term power spectrum 

h a s  t o  b e  preserved  without  worrying about  t h e  phase r e l a t i o n s h i p s .  The 

g e n e r i c  system f o r  doing t h i s  i s  t h e  spectrum.channe1 vocoder.  

1. Spectrum Channel Vocoder 

F igu re  5 i s  t h e  b lock  diagram of  a spectrum channel  vocoder.  A set 

of  bandpass f i l t e r s  d i v i d e s  t h e  v o i c e  s i g n a l  i n t o  f requency channels .  

To determine t h e  power i n  each band, t h e  s i g n a l s  a r e  r e c t i f i e d  and passed  

through low-pass f i l t e r s .  The o u t p u t s  of t h e s e  f i l t e r s  a r e  cont inuous 

estimates of  t h e  speech power spectrum i n  each channel.  Working on t h e  

whole i n p u t  s i g n a l ,  a p i t c h  e x t r a c t o r  determines  t h e  p i t c h  and a de tec-  

t o r  de te rmines  whether t h e  speech sound i s  voiced o r  unvoiced. 

The s e p a r a t e  channels .  a r e  t r a n s m i t t e d  by any of  a number of  means, 

e i t h e r  analog o r  d i g i t a l ,  t o  t h e  r e c e i v e r  s y n t h e s i z e r  which r e c o n s t r u c t s  

t h e  s i g n a l s  us ing  t h e  spectrum energy e s t i m a t e s  t o  modulate t h e  recon- 

s t r u c t e d '  p i t c h  and v o i c i n g  s i g n a l .  During voiced segments a pu l se  gen- 

e r a t o r  p u t s  o u t  s h o r t  pu l s e s  a t  t h e  p i t c h  r a t e .  During unvoiced sounds,  

a n o i s e  gene ra to r  ou tpu t  i s  f e d  t o  t h e  f i l t e r  bank modulators.  

Vocoder r e sea rch  was a c t i v e  i n  t h e  1950 's  and concent ra ted  on t h e  

number of  channels  and op t imiza t i on  of  channel  f i l t e r  des ign .  With 

i n c r e a s i n g  emphasis on d i g i t a l  t r ansmis s ion  and a v a i l a b i l i t y  of power- 

f u l  computers i n  smal l  spaces ,  r e c e n t  channel  vocoder r e s e a r c h  has  been 

d i r e c t e d  t o  d i g i t a l  implementation. 
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2. Voice-Excited Vocoders* 

Naturalness  i n  channel vocoders can be increased  by e l imina t ing  t h e  

p i t c h  d e t e c t o r  and voic ing  d e t e c t o r s  and s u b s t i t u t i n g  a low-frequency 

p o r t i o n  of t h e  baseband s i g n a l  (hopeful ly  conta in ing  t h e  fundamental) . 
The e x c i t a t i o n  func t ion  i s  generated a t  t h e  syn thes i ze r  by r e c t i f y i n g ,  

f i l t e r i n g ,  and c l i pp ing  t h e  baseband s i g n a l s ,  thus  c r e a t i n g  a s p e c t r a l l y  

f l a t  s i g n a l  wi th  energy a t  p i t c h  harmonics f o r  voiced sounds, n o i s e  f o r  

unvoiced sounds, and s i l e n c e  f o r  s i l ence .  The set of f i l t e r s  does n o t  

need t o  i nc lude  the  f requenc ies  covered by t h e  low-bandpass f i l t e r  s i n c e  

t he se  s i g n a l s  can be d i r e c t l y  added in a t  t h e  ou tpu t  ( see  F igure  6 ) .  

3. Cepstrum Vocoder 

The channel vocoder e s s e n t i a l l y  t r ansmi t s  t h e  Four i e r  t ransform of 

t h e  speech s i g n a l .  Because of t h e  n a t u r e  of t y p i c a l  voiced speech, s i g -  

n i f i c a n t  changes a r e  more r e a d i l y  d e t e c t a b l e  i n  t h e  Four i e r  t ransform of 

t h e  logari thm of t h e  power spectrum which has  been named t h e  Cepstrum. 

Cepstrum information can be more e a s i l y  used by t h e  syn thes i ze r  t o  sep- 

a r a t e  t he  envelope of t h e  spectrum (slowly changing voca l  t r a c t  configu- 

r a t i o n )  and e x c i t a t i o n  func t ion .  

4. Harmonic Compression 

A s  descr ibed  i n  Sec t ion  A-2,  frequency d i v i s i o n  without  compression 

simply slows t ransmission.  A harmonic compressor, a s  shown i n  Figure 7 ,  

* 
The voice-excited vocoder i s  an exce l l en t  example of t h e  s imp l i f i ca -  

t i o n  pos s ib l e  f o r  mine communications compared wi th  te lephone app l i -  

ca t ions .  For an acceptab le  te lephone voice-excited vocoder, t h e  low 

band must inc lude  t h e  fundamental f requenc ies  f o r  vo i ce s  of men, wo- 

men, and ch i ld ren .  The wider t h i s  band, t h e  more i t  e a t s  i n t o  poss i -  

b l e  bandwidth compression. By l i m i t i n g  t h e  band t o  t h e  range of  fun- 

damentals of men's vo ices  only and opt imiz ing  t h e  design around accom- 

panying expected formants,  much more encouraging r e s u l t s  may be ob- 

t a ined  than te lephone research  would l e a d  one t o  expec t .  
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halves  t h e  ins tan taneous  frequency of each band, t r ansmi t s  t h e  compressed 

s i g n a l ,  and resynthes izes  t h e  inpu t  by doubling i n  each of t h e  (halved) 

bands. 

A harmonic compressor can be appl ied  t o  t h e  baseband s i g n a l  o f  a 

voice-exci ted vocoder (Sect ion B-2) t o  decrease t h e  bandwidth requi red  

by t h a t  type of vocoder. 

5 .  Autocorre la t ion  Vocoder 

A vocoder t h a t  opera tes  on t h e  au tocor re l a t ion  funct ion  of speech is 

shown i n  Figure 8. I n  t h e  ana lyzer  t h e  s h o r t  t ime au tocor re l a t ion  func- 

t i o n  is derived f o r  a number of d i s c r e t e  de lays .  The au tocor re l a t ion  

func t ion  is  band-limited t o  the.same band a s  t h e  inpu t  s i g n a l  and is  

t h e r e f o r e  completely s p e c i f i e d  by t h e  ins tan taneous  va lues  f o r  d i s c r e t e  

de lays  whose period is no more than t h e  r e c i p r o c a l  of t h e  Nyquist 

i n t e r v a l .  A delay s t e p  of 0.1 msec corresponds t o  a 5000-Hz band-limited 

s i g n a l .  Speech q u a l i t y  i s  inf luenced by t h e  maximum delay (number of  

s t e p s ) .  For a 2.5-msec de lay  26 delay channels a r e  ava i l ab le .  Each 

r ep resen t s  a time-varying sample of t h e  short-time au tocor re l a t ion  func- 

t i o n .  I f  each channel is l imi t ed  t o  20 Hz, a t o t a l  gross  t ransmission 

bandwidth without  mult iplexing o r  e x c i t a t i o n  of 520 Hz i s  requi red .  

A t  t h e  syn thes i ze r  t h e  o r i g i n a l  s i g n a l  i s  regained by a process 

which i s  e s s e n t i a l l y  a time-varying t r ansve r se  f i l t e r  mult iplying t h e  

e x c i t a t i o n  spectrum by the  power spectrum of t h e  o r i g i n a l  speech. 

The au tocor re l a t ion  vocoder is  not  suscep t ib l e  t o  degradat ion re-  

s u l t i n g  from a r b i t r a r y  choice of bands of frequency t h a t  may n o t  cor res-  

pond wi th  t h e  harmonic s t r u c t u r e  of voiced speech sounds. However, t h e  

analogous problem crops up i n  t h e  choice of maximum delay r e l a t i v e  t o  

t h e  fundamental frequency being encoded. 

6.  Phoneme Vocoder 

Continuous speech may be broken i n t o  perhaps 40 d i s t i n c t  e lements ,  

c a l l e d  "phonemes." Typical phonemes a r e  a l l  vowel and consonant sounds 

i n  a language. A system t h a t  would recognize t h e s e  phonemes and send a 

simple code t o  t h e  f a r  end where t h e  phoneme would be generated aga in  
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probably o f f e r s  t h e  g r e a t e s t  band saving poss ib l e .  Vocoders of t h i s  type 

have not  been very success fu l ,  although t h e  s y n t h e s i s  process  alone *is 

u s e f u l  f o r  speaking machines operated by a keyboard o r  a computer. Since 

pre-arranged phonemes a r e  used, speaker  r e c o g n i z a b i l i t y  is l o s t  i n  a 

phoneme vocoder . 
7 .  Adaptive P r e d i c t i v e  Coding 

A g r e a t  dea l  of cu r ren t  research  is based on adapt ive  p r e d i c t i v e  

coding. This embodies a combination of d i f f e r e n t i a l  quan t i z ing  and 

vocoder techniques,  and depends on s o p h i s t i c a t e d  computational a b i l i t y  ' 

i n  r e a l  t ime. I n  t h i s  approach both t h e  t r a n s m i t t e r  and t h e  r e c e i v e r ,  

using t h e  same algori thms,  p r e d i c t  what t h e  cu r ren t  va lue  of  a s i g n a l  

should be based on i t s  h i s t o r y .  The d i f f e r e n c e  between t h i s  va lue  and 

t h e  a c t u a l  value is  t ransmi t ted  t o  t h e  r ece ive r  where t h e  d i f f e r e n c e  i s  

added t o  t h e  p red ic t ed  va lue  t o  produce t h e  next  sample. The p r e d i c t o r  

a t  each end is  adapt ive  -- t h a t  i s ,  i t  changes i t s  ground r u l e s  period- 

i c a l l y  t o  minimize t h e  e r r o r .  

Work i n  t h i s  f i e l d  i s  tak ing  p lace  us ing  s imulat ion on l a r g e  d i g i t a l  

computers r a t h e r  than hardware implementation of systems. Workers i n  

t h e  f i e l d  e s t ima te  t h a t  high q u a l i t y  speech may be r e a l i z a b l e  wi th  r a t e s  

a s  low a s  1000 bps. 

These systems tend t o  be v a s t l y  confused by s i g n a l s  o t h e r  than s in -  

g l e  t a l k e r s .  Noise and double t a l k i n g  can make them use le s s .  This i s  

a se r ious  drawback f o r  use i n  mines. 

8. P a t t e r n  Matching Coding 

Caldwell ~mith ' l ' )  has developed a speech coding system which uses 

a s e t  of p a t t e r n s  a s  t h e  base f o r  coding speech. A channel vocoder 

opera tes  on t h e  speech, and t h e  time h i s t o r y  of t h e  output  responses 

from each channel forms a p a t t e r n  over a p re se l ec t ed  per iod  o f  about 

20 msec. For each p a t t e r n  thus obtained,  a b e s t  match i s  found t o  one 

of 1024 s t o r e d  p a t t e r n s ,  f o r  example. The b a s i c  information t ransmi t ted  

t o  t h e  rece iv ing  l o c a t i o n  i s  a s e r i e s  of p a t t e r n  numbers, t hus  developed. 

The speech i s  recons t ruc ted  by a generator  which produces a s e r i e s  of 
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sounds corresponding t o  t h e  sequence of p a t t e r n s .  Data r a t e s  f o r  such 

systems a r e  from 500-1000 bps,  depending pr imar i ly  on t h e  number of s t o r e d  

p a t t e r n s  used. I n t e l l i g i b i l i t y  ranged from 83 - 92% i n  t e s t s  of such 

systems . 
9, Formant Vocoder 

The s p e c t r a l  envelopes of speech sounds a r e  charac ter ized  by s e v e r a l  

prominent maxima. These represent  t h e  resonances of t h e  vocal  t r a c t  

ca l l ed  t h e f o r m a n t s .  Below 3000 Hz t h r e e  formants a r e  t y p i c a l l y  found 

i n  a d u l t  speech. I n  a formant vocoder, t he  analyzer at tempts  t o  de ter -  

mine t h e  frequency loca t ions  of t h e  major formants. S ignals  corresponding 

t o  t h e  formant loca t ions  and s t r eng ths  a r e  t ransmi t ted  and u t i l i z e d  t o  

con t ro l  t h e  resonances of a formant synthes izer  cons i s t ing  of  t h r e e  o r  

more single-tuned resonant  c i r c u i t s .  The block diagram of a formant 

vocoder i s  shown i n  Figure 9 .  
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Source: Ref. 7 

FIGURE 9 FORMANT VOCODER 
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I V  . FUNDAMENTAL LIMITS TO BANDWIDTH COMPRESSION 

A number of  i n v e s t i g a t o r s  have t r e a t e d  t h e  problem of  t h e  in format ion  

r a t e  a s s o c i a t e d  w i t h  speech communication. They tend t o  ag ree  on a f i g -  

u r e  of about  50 bps as be ing  t h e  upper l i m i t  of t h e  in format ion  r a t e  com- 

municable t o  a person l i s t e n i n g  t o  speech. This  r a t e  f a l l s  f a r  s h o r t  of 

t h e  nominally accepted 50,000-bps r a t e  necessary  t o  code a d i g i t a l  repre -  

s e n t a t i o n  of speech d i r e c t l y .  This  va lue  is  a r r i v e d  a t  by assuming a 

sampling r a t e  of 8000 bps and a 7-bi t  amplitude r e s o l u t i o n  (corresponding 

t o ' l  p a r t  i n  128) .  It is  t h i s  sav ings  of 1000: l  t h a t  i s  t h e  l u r e  f o r  t h e  

development of  compressed speech f o r  use  i n  comnunication systems such a s  

might be employed i n  t h e  mine environment. No one has  y e t  developed a 

real-time vo ice  communication system t h a t  ach ieves  t h i s  u l t i m a t e  i n  b i t  

r a t e .  However, i f  such an achievement were made, i t  should b e  p o s s i b l e  

t o  t r ansmi t  t h e  SO-bps r a t e  i n  a communication system whose bandwidth 

i n  Hz i s  approximately t h i s  va lue .  Indeed,  by u s ing  modern d i g i t a l  d a t a  

t ransmiss ion  techniques ,  i t  would be  p o s s i b l e  t o  con f ine  t h e  bandwidth 

t o  even less than  t h i s  u l t i m a t e  50 Hz. However, i n  gene ra l ,  t h e  reduc- 

t i o n  of bandwidth beyond t h a t  represen ted  by t h e  b a s i c  b i t  rate would be 

bought a t  t h e  expense of added t r a n s m i t t e r  power a s  can b e  seen  from a n  

.examination of Appendix I V ,  Sec t i 0n .E .  

There i s  another  p o i n t  of  comparison t h a t  can be used i n  a r r i v i n g  a t  

one of t h e  limits t o  t h e  compression of vo ice  i n  r e a l  t ime ,  and t h a t  i s  

t o  accep t  t h e  number of  b i t s  p e r  second r equ i r ed  i n  a phonemic-type v o i c e  

reproducer  which responds t o  phonemic commands and produces an under- 

s t a n d a b l e  vo i ce  ou tpu t  from t h e s e  phonemic commands. Such a dev ice  i s  

t h e  Votrax manufactured by t h e  Vocal I n t e r f a c e  Div is ion  of  Federa l  Screw 

~ o r k s ' ~ ~ ) ,  I f  p i t c h  and i n f l e c t i o n  commands a r e  d e l e t e d  from those  o f  

t h e  Votrax,  then  a s i x - b i t  c h a r a c t e r i z a t i o n  r e s u l t s  f o r  each phoneme. 

I f  one assumes a nominal speak ing  r a t e  of 4 o r  5 phoneme words pe r  sec-  

ond, a u sab l e  ou tpu t  r e s u l t s  a t  a 90-bps r a t e .  These two l i m i t s ,  t hen ,  

seem t o  be t h e  boundaries  a g a i n s t  which vo ice  bandwidth compression 

systems can work. It i s  i n s t r u c t i v e  t o  n o t e  t h a t  a high-speed e l e c t r i c  

t ypewr i t e r  which types  1 c h a r a c t e r  a t  a t i m e  can ach ieve  a typ ing  r a t e  
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of about 3 words per second, each word comprising, say, 6 characters. 

Thus, 5 bits per character results in a 90-bps rate of transmission. 
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V. DISCUSSION OF BANDWIDTH COMPRESSION TECHNIQUES 

Table  1 shows t h e  c l a s s e s  of  bandwidth compression schemes d i scussed  

i n  Sec t i on  111 and compares t h e i r  r e s p e c t i v e  parameters.  The cha rac t e r -  

i s t i c s  compared inc lude :  bandwidth o r  b i t  r a t e ,  s ignal- to-noise  r a t i o  

r equ i r ed ,  band r educ t i on  r a t i o ,  e s t ima te  of sen tence  i n t e l l i g i b i l i t y ,  

e s t ima te  of computat ional  requirements  f o r  a n a l y s i s  and s y n t h e s i s ,  ana- 

l og  s i g n a l  p rocess ing  requirements ,  a c o u s t i c  background i n f l u e n c e s ,  t h e  

d e t e r i o r a t i o n  of performance w i th  decreas ing  s ignal- to-noise  r a t i o ,  

p i t c h  p r e s e r v a t i o n ,  speaker  i d e n t i f i c a t i o n ,  r e a l  t i m e ,  de lay  t i m e  i f  i t  

i s  no t  a real-time system, t h e  s t a t e  of development, c o s t ,  s i z e ,  weight ,  

power consumption, and a n  e s t ima te  of vo i ce  q u a l i t y ,  I n  a number of  in- 

s t a n c e s ' t h e  bases  f o r  comparison were r e l a t i v e ,  n o t  abso lu t e ,  w i t h  t h e  

d a t a  p resen ted  meant t o  provide a s ense  of  t he  r e l a t i v e  behaviors  of t h e  

va r ious  s y s  t e m s  . I n  a d d i t i o n  t o  va r ious  types  of bandwidth compression 

techniques  p r e sen t ed  i n  t h e  matr ix ,  w e  a l s o  presen ted  t h r e e  o t h e r s ,  which 

are n o t  d i r e c t l y  bandwidth compression schemes; bu t  r ep re sen t  o t h e r  means 

of p r e se rv ing  o r  s av ing  s ignal- to-noise  r a t i o  o r  decreas ing  t h e  r equ i r ed  

t r a n s m i t t e r  *power, such a s  method of c l i p p i n g  and companding. 

The b a s i s  f o r  comparing t he  compressed systems i s  a d i r e c t  baseband 

vo i ce  system. The prominent f e a t u r e s  of each of t h e  vo i ce  bandwidth 

compression techniques  t abu l a t ed  i n  t h i s  comparison a r e  d i scussed  below. 

A. ADAPTIVE PREDICTIVE CODING 

Adaptive p r e d i c t i v e  coding i s  an a r e a  of c u r r e n t  ongoing r e sea rch  

and development. The emphasis i n  t h i s  a r e a  i s  on producing a te lephone-  

q u a l i t y  vo i ce  w i th  a s m a l l  bps r a t e .  The impetus f o r  t h i s  work i s  t o  g e t  

more vo i ce  channels  p e r  d i g i t a l  channel  i n  communication systems. The 

gene ra l  system r e q u i r e s  computer ope ra t i on  t o  develop t h e  codes t o  r ep re -  

s e n t  t h e  speech from t h e  sending s t a t i o n .  However, t h e  mine environment 

i s  a drawback t o  t h e  use  of such a t echnique .  There i s  heavy r e l i a n c e  

on very  s o p h i s t i c a t e d  and complex d i g i t a l  d a t a  p rocess ing  a t  bo th  ends 

of t h e  system,  and t he  computer power r equ i r ed  i s  q u i t e  s i g n i f i c a n t .  

Another problem i s  t h a t  t h e  adapt ive  p r e d i c t i v e  coding system i s  q u i t e  
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s e n s i t i v e  t o  background a c o u s t i c  n o i s e  t h a t  mixes w i t h  t h e  o r i g i n a l  vo i ce  

message. The system a t tempts  t o  t r a n s l a t e  t h e  t o t a l  i npu t  s i g n a l  i n t o  a 

r ep re sen t a t i on  a s  i f  a l l  s i g n a l s  were of t h e  vo i ce  message. Hence, t h e  

performance i n  a noisy environment could become q u i t e  poor. The ongoing 

r e sea rch  i n d i c a t e s  t h a t ,  f o r  telephone-type use,  e x c e l l e n t  system per- 

formance w i l l  b e  achieved a t  a l e v e l  of about 700 o r  800 bps w i th in  t h e  

next  few years .  The two f e a t u r e s  of extreme computer power r equ i r ed  and 

t h e  s u s c e p t i b i l i t y  t o  background n o i s e  make t h i s  p a r t i c u l a r  system q u i t e  

u n a t t r a c t i v e  f o r  mine communication systems. 

B. SPECTRUM CHANNEL VOCODER 

Spectrum channel vocoding, which was highly developed 20 yea r s  ago, is  

an o l d  a r t  compared t o  adapt ive  p r e d i c t i v e  coding. Re la t i ve ly  unsophis- 

t i c a t e d  c i r c u i t r y  would s u f f i c e  t o  provide systems of t h i s  type.  The 

s u b j e c t i v e  vo i ce  q u a l i t y  from a system of t h i s  type i s  c l a s s e d  a s  good. 

There w i l l  be  machine-like c h a r a c t e r i s t i c s  t o  t h e  reproduced vo ice ,  bu t  

t h i s  should o f f e r  l i t t l e  problem i n  a mine environment. An i n t e r e s t i n g  

advantage of t h i s  type of vocoder i s  i t s  r e l a t i v e  immunity t o  background- 

i n t e r f e r i n g  acous t i c  no i se  a t  t h e  sending s t a t i o n .  This i s  s o  because 

t h e  device  uses  a bank of tuned f i l t e r s  and tends t o  emphasize t he  reso- 

nan t  formants of  t he  speake r ' s  vo ice  t o  t h e  exc lus ion  of background 

n o i s e s .  

C . FORMANT VOCODERS 

The developments i n  formant vocoders fol low t h e  l i n e s  of t h e  spectrum 

channel  vocoders;  t h e  c h a r a c t e r i s t i c s  a r e  genera l ly  t h e  same. Some f e e l  

t h a t  t h e  perceived s u b j e c t i v e  vo i ce  q u a l i t y  of t h e  r econs t ruc t ed  vo ice  i s  

somewhat more machine-like than t h a t  of t h e  spectrum channel  vocoder. A 

common problem t o  both t h e  spectrum channel vocoder and t h e  formant 

vocoder is t h e  problem of  e x t r a c t i n g  accu ra t e  p i t c h  in format ion  f o r  re -  

cons t ruc t ion  of  t h e  vo ice .  For  mine-type app l i ca t i ons  i t  may be p o s s i b l e  

t o  drop t h e  requirement f o r ,  p i t c h  e n t i r e l y .  This w i l l  l e t  i n t e l l i g i b l e  

messages be t r ansmi t t ed ,  bu t  t h e  rece ived  voice  would have a monotone 

c h a r a c t e r i s t i c  t o  i t ,  o r  t h e  rece ived  voice  could be  made t o  sound l i k e  a 

whisper and i t  would then  be  e n t i r e l y  of an unvoiced c h a r a c t e r  ( see  Appen- 

d i x  111). 

31 
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D. BASEBAND VOICE 

Baseband is included a s  a b a s i s  of  comparison f o r  t h e  o t h e r  systems 

f o r  mine communication uses ,  One of t he  c h a r a c t e r i s t i c s  of  t h e  d i r e c t  

baseband voice  -- o r  a band a l l o c a t e d  t o  voice  -- i s  t h a t  i ts  d e t e r i o r a -  

t i o n  wi th  d e t e r i o r a t i n g  signal-to-noise r a t i o  i s  gradual  and w e l l  under- 

s tood.  By reference  t o  Figure ll*, i t  can be seen t h a t  t h e r e  is  no sud- 

den d e t e r i o r a t i o n  of t h e  a b i l i t y  t o  d iscern  t h e  message. It d e t e r i o r a t e s  

gradual ly  with decreasing s ignal- to-noise r a t i o ,  whereas most of t h e  

processed speech systems f a l l  a p a r t  suddenly and completely des t roy  t h e  

a b i l i t y  t o  communicate. 

E. BAND LIMITING 

Band-limiting systems provide an opportuni ty t o  make r e l a t i v e  s imple,  

very modest r a t i o  reduct ions  i n  bandwidth requi red  f o r  voice  communication. 

Such a system simply blocks ou t  c e r t a i n  bands and t r ansmi t s  t h e  remaining 

p a r t .  Performance from such band-limiting systems i s  presented  i n  Appen- 

d i x  I. The conclusion reached is t h a t  no g rea t  b e n e f i t  can be obta ined  

wi th  such systems. 

F. TEMPORALLY INTERRUPTED SPEECH 

Many experiments on temporally in t e r rup ted  speech have been conducted, 

They were d i r ec t ed  toward speeding up o r  slowing down recorded speech f o r  

e i t h e r  rap id  comprehension of voiced messages, o r  dur ing  a l ea rn ing  pro- 

c e s s ,  t o  present  t he  voiced message at a slow r a t e  f o r  g r e a t e r  comprehen- 

s i o n  of d i f f i c u l t  sub jec t  matter. It i s  completely evident  from t h i s  

work t h a t  one can drop one-half o f  t h e  voice  message without  d i s t u r b i n g  

t h e  a b i l i t y  t o  understand t h e  spoken messages. I n  t h i s  way one can,  by 

var ious  techniques, cu t  t h e  bandwidth required f o r  t ransmission t o  one-half 

of t h e  o r i g i n a l  band. We do no t  expect t h a t  t h e r e  w i l l  be any savings i n  

t ransmiss ion  power f o r  such a system, however, because i t  rep resen t s  a 

removal of redundancy i n  speech, r a t h e r  than a repackaging of t h e  form of 

t h e  speech. Again, simple systems can be made and they do work; t h e  

a p p l i c a b i l i t y  t o  mine communication needs i s  not  ev iden t ,  however, 

-- - 

* 
See page 41, 
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G. FREQUENCY D I V I S I O N  (STRETCHED-OUT VOICE)  

It is  obvious t h a t  an app rec i ab l e  r educ t i on  of r equ i r ed  bandwidth f o r  

t ransmiss ion  of voiced s i g n a l s  can b e  ob ta ined  s imply by record ing  t h e  

o r i g i n a l  voiced message and then  p lay ing  i t  back a t  a much reduced r a t e  

o r  s t r e t c h e d  ou t  i n  t i m e .  The bandwidth a s soc i a t ed  wi th  it w i l l  s h r i n k  

d i r e c t l y  i n  p ropo r t i on  t o  t he  s t r e t ch -ou t  f a c t o r  one uses .  I n  t h i s  

even t ,  one can cla im a d i r e c t  t r a n s m i t t e r  power sav ings  p ropo r t i ona l  t o  

I t h e  s t re tched-out  r a t i o .  The major problem a s s o c i a t e d  w i th  such s t r e t ched -  

o u t  v o i c e  systems i s  t h a t  t h e  u s e r s  of t h e  system must adap t  t o  t h e  

enforced added t i m e  de lay  between t h e  sender  speaking and t h e  r e c e i v e r  

hear ing  t h e  spoken message. 

While an  emergency vo ice  t ransmiss ion  system might be  a b l e  t o  accom- 

modate q u i t e  l a r g e  de lay  t i m e s  imposed by t h i s  r e s t r i c t i o n ,  i t  is u n l i k e l y  

t h a t  day-to-day communications would t o l e r a t e  a s t r e t ch -ou t  f a c t o r  of 

more than  10  t o  1 a t  t h e  most. A 10-to-1 r a t i o  would correspond t o  a 

10-to-1 r a t i o  i n  t r a n s m i t t e r  power sav ings .  Appl icab le  exper ience  w i t h  

systems of t h i s  type  comes from t h e  U.S. Navy's underwater t e lephone  

systems. I n  seawater  t h e  v e l o c i t y  of propagat ion of  sound i s  approxi- 

mateiy 5000 f t . / s e c . ,  and i t  i s  w e l l  known t h a t  t r ansmis s ions  ove r  5 

n a u t i c a l  m i l e s  a r e  ob t a inab l e  wi th  such underwater t e lephone  systems. 

Hence, one-way time de l ays  of 6 seconds a r e  exper ienced.  The te lephone 

ope ra to r s  know t h a t  t i m e  delay i s  i n h e r e n t  i n  t h e i r  communication system 

and t hus  a r e  a b l e  t o  adapt  t o  i t  without '  s eve re  d i f f i c u l t .  For an 

un t r a ined  person,  however, such a t i m e  delay could be  annoying i f  he  

were n o t  exper ienced w i t h  i t  nor  expec t ing  i t .  Ce r t a in ly  f o r  t h e  day-to- 

day communication needs of  mines, de lays  of t h i s  t ype  could b e  considered 

an undes i r ab l e  c h a r a c t e r i s t i c  of  t h e  system. For a t r u e  emergency vo i ce  

communication sys.tem, w e  do b e l i e v e  t h a t  de l ays  of t h i s  l e n g t h ,  o r  even 

l onge r ,  would n o t  pose a s eve re  problem. The a p p l i c a t i o n  of  t h e s e  sys-  

tem can prov ide  a r educ t i on  of power capac i t y  r equ i r ed  f o r  vo i ce  a t  t h e  

expense of t h e  imposed t ime de lay .  Such a system would b e s t  o p e r a t e  w i th  

very s h o r t  vo ice  messages, because i t  i s  t h e  l e n g t h  of message and t h e  

r educ t i on  r a t i o  t h a t  determine t h e  de lay  t ime between t h e  t ransmiss ion  
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and recept ion  of  t he  s i g n a l .  The p o s s i b i l i t i e s  f o r  using t h i s  system 

a r e  discussed i n  Sec t ion  V I I  i n  more d e t a i l .  

H. HARMONIC COMPRESS I O N  

Harmonic compression schemes of many kinds have been developed. I n  

p r i n c i p l e ,  these  systems take  t h e  o r i g i n a l  voice  spectrum and by real- t ime 

s i g n a l  processing reduce t h e  bandwidth by a f a c t o r  o f ,  say ,  2 t o  1. Thus, 

an o r i g i n a l  voice  band between, say ,  200 and 3000 Hz would be reduced t o  

100 t o  1500 Hz, c u t t i n g  t h e  bandwidth i n  h a l f .  Upon recep t ion ,  t h e  s ig -  

n a l  f requencies  i n  t h e  received waveform would be analyzed, mul t ip l i ed  

by 2 ,  and presented  t o  t h e  l i s t e n e r .  

Band reduct ion  r a t i o s  of 2 t o  1 a r e  r e a d i l y  obta inable  i n  t h i s  way. 

Again, a somewhat h igher  signal-to-noise r a t i o  than f o r  a baseband s i g -  

n a l  would be requi red ,  and the re  appears t o  be almost no advantage i n  

terms of power requirements f o r  a voice  l i n k  obtained by t h i s  means. 

I. CLIPPING 

Clipping of  t ransmi t ted  waveforms has  long been used, p a r t i c u l a r l y  

i n  in s t ances  where t h e  l i m i t a t i o n  on t r a n s m i t t e r  power i s  t h e  peak power 

r a t i n g  of t h e  t r ansmi t t e r .  The a b i l i t y  t o  communicate depends on t h e  

received s ignal- to-noise r a t i o  which i s  p ropor t iona l  t o  t h e  average 

power of t h e  t r a n s m i t t e r .  The average power can be much h igher  when 

c l ipp ing  is  p r a c t i c e d ,  thus causing t h e  t r a n s m i t t e r  t o  ope ra t e  a t  maxi- 

mum power a l l  of t h e  time. 

However, t h e r e  a r e  some problems wi th  c l ipp ing  systems. I n  p a r t i c -  

u l a r ,  t h e r e  is a harshness t o  t h e  q u a l i t y  of t h e  voice  a s  received.  I f  

a high degree of c l ipp ing  i s  used, t h e  q u i e t  passages where t h e  voice  i s  

not  present  tend t o  f i l l  up and respond t o  no i se .  This c r e a t e s  an i rr i-  

t a t i n g  property t o  t h e  output speech presented.  .There  a r e  m d i f i c a t i o n s  

of t h i s  technique,  such a s  Lincompex discussed i n  Appendix V of t h i s  

r e p o r t .  I n  Lincompex, i n  addi t ion  t o  hard l i m i t i n g  o r  c l ipp ing ,  a 

narrow-band modulating s i g n a l  i s  t ransmi t ted  which i s  used t o  con t ro l  

t h e  l e v e l  a t  t h e  r ece ive r .  This opera t ion  makes t h e  voice  n a t u r a l  and 

a l s o  avoids t h e  problem of t h e  q u i e t  per iods  being f i l l e d  up wi th  noise .  
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Clipp ing  can be  of cons ide rab l e  u se  i n  a vo i ce  communication l i n k  i f  

t h e  t r a n s m i t t e r  power is  peak-limited.  The degree of  improvement can  b e  

as h igh  as 12 dB (more than 10 t o  1 i n  power). Thus, i t  would appear  t o  

be a d e s i r a b l e  f e a t u r e  t o  i n c l u d e  by i t s e l f  in a mine v o i c e  communication 

system,  e i t h e r  wi th  o r  wi thout  t h e  Lincompex type  of c o n t r o l  s i g n a l .  

J .  PHONEME CODER 

There has  been much t a l k  and l i t t l e  r e s u l t i n g  hardware r e l a t e d  t o  a 

phonemic-type coding system. One can make up a p e r f e c t l y  adequate  Engl i sh  

language r e p r e s e n t a t i o n  w i th  a s  few as 32 phonemes. There i s  hardware 

and equipment t h a t  accep ts  phonemic commands. From t h e s e  commands i t  

can gene ra t e  unders tandable  Engl ish o r  an a r t i f i c i a l  speech. The Votrax 

i s  a dev i ce  of t h i s  c l a s s .  

There does n o t  p r e s e n t l y  e x i s t  t h e  c a p a b i l i t y  of  a ccep t ing  spoken 

Engl i sh  messages and from t h e s e  messages ob t a in ing  t h e  e x t r a c t i o n  o f  t h e  

phonemic s t r u c t u r e  t o  a degree  t h a t  would be  adequate  f o r  a vo i ce  commu- 

n i c a t i o n  system. It a l s o  appears  t h a t  a dev ice  capable  o f  e x t r a c t i n g  t h e  

phonemic s t r u c t u r e  of gene ra l  spoken Engl i sh  would be  a computer-based, 

complicated,  non-mineworthy p i e c e  of equipment. 

It should be po in ted  o u t  t h a t  p r e sen t  vo i ce  c o m u n i c a t i o n  r e s e a r c h  

is  d i r e c t e d  toward t h e  te lephone-qua l i ty  vo i ce  systems, such  a s  t h o s e  

r ep re sen t ed  by t he  adapt ive  p r e d i c t e d  coding a l r eady  d i s cus sed ,  and t h a t  

l i t t l e  work i s  being done on t h e  phonemic coder.  It may be a p p r o p r i a t e  

t o  keep t r a c k  of t h e  progress  be ing  made i n  t h e  a r e a  of  vo ice-cont ro l led  

computers ( a  p a r t  of con t inu ing  vo i ce  r e s e a r c h ) ,  because many of t h e  

vo i ce  i n p u t  systems, a s  p a r t  of t h e i r  b a s i c  s t r u c t u r e ,  need decoders 

similar t o  t hose  requi red  i n  a t r u e  phonemic coder.  

K.  PATTERN CODING 

The p a t t e r n  vocoding systems developed by Caldwell  Smith a r e  an 

i n t e r e s t i n g  approach t o  producing v o i c e  communication systems. The 

b a s i c  Caldwell  Smith approach i s  t o  look a t  t h e  p a t t e r n s  of  s p e c t r a l  

energy d i s t r i b u t i o n  wi th  r e s p e c t  t o  t ime produced by t h e  v a r i o u s  sec-  

t i o n s  of  spoken words and, by examining t h e s e  p a t t e r n s  over  p e r i o d s  of 
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25 t o  50 mi l l i seconds ,  t r y  t o  f i n d  a f a d l y  of p a t t e r n s  from which t h e  

spoken messages can be coded, then t ransmi t  by codes t h e  sequence of  

p a t t e r n s  found i n  t h e  spoken stream being analyzed. 

Experiments by Caldwell Smith show t h a t  b i t  rates o f  300 t o  500 b i t s /  

second can provide i n t e l l i g i b l e  message t ransmission.  For mine communi- 

c a t i o n  needs t h e  amount of s to rage  of information and computer processing 

requi red  genera te  t h e  proper i n t e r p r e t a t i o n  of t h e  p a t t e r n s  q u i t e  

l a r g e .  Caldwell Smith's system used a magnetic d i s k  s to rage  u n i t ,  

e n t i r e l y  inappropr i a t e  f o r  use i n  t h e  mine comunica t ion  systems p resen t ly  

contemplated. 

L. COMPANDING 

Although not  a voice  bandwidth compression device,  companding i s  £re-  

quently used i n  communication systems t o  permit a r e l a t i v e l y  narrow dy- 

namic range system t o  accommodate a s u b s t a n t i a l l y  wider dynamic range of 

message inpu t .  It automatical ly compresses t h e  loud passages of spoken 

messages and automat ica l ly  inc reases  t h e  l e v e l  of q u i e t  passages f o r  

t r ansmi t t ing  purposes. Upon recept ion ,  t h e  oppos i te  is done t o  r e s t o r e  

t h e  c o r r e c t  l e v e l  t o  t h e  passages of t h e  spoken message. I n  some ways 

i t  s u f f e r s  from the  same drawback a s  the  l i m i t i n g  o r  c l ipp ing  of  speech 

i n  t h a t  dur ing  q u i e t  passages background noises  w i l l  be amplif ied and 

t ransmi t ted .  
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V I .  COMPARISON OF SYSTEMS 

A. METHODS OF COMPARISON 

There a r e  a number of ways i n  which va r ious  v o i c e  bandwidth compres- 

s i o n  systems can b e  compared. These i nc lude  degree of c i r c u i t  complexity,  

weight ,  s i z e ,  a d a p t a b i l i t y  f o r  mine environment, power consumption of 

p rocess ing  c i r c u i t ,  q u a l i t y  of vo i ce ,  p rocess ing  power consumption, in-  

h e r e n t  de l ays  i n  t h e  system, and s o  f o r t h .  Bandwidth r educ t i on  r a t i o ,  o r  

t h e  f a c t o r  by which t h e  vo ice  band can be compressed i n t o  a t ransmiss ion  

band, i s  a parameter which i s  a l s o  c e n t r a l  t o  a l l  voice-compression tech- 

n iques .  However, i t  should be borne i n  mind t h a t  t h e  a p p l i c a t i o n  t o  mine 

w i r e l e s s  communication systems is  one i n  which t h e  prime measure of t h e  

e f f e c t i v e n e s s  of candida te  vo i ce  bandwidth compression techniques  i s  n o t  

t h e  bandwidth r educ t i on  r a t i o  pe r  s e ,  bu t  how much power r educ t i on  can be  

made wh i l e  main ta in ing  an adequate  s igna l - to -no ise  r a t i o  o r  comprehension 

l e v e l  f o r  t h e  r econs t ruc t ed  vo i ce  message a t  t h e  r e c e i v e r .  This  consid- 

e r a t i o n  i s  t h e r e f o r e  q u i t e  d i f f e r e n t  from t h e  cons ide ra t i ons  r e l a t e d  t o  

much of  t h e  p a s t  and p re sen t  work on vo i ce  bandwidth compression. 

I n  t h e  a r e a  of p a s t  and c u r r e n t  p rogress  i n  v o i c e  bandwidth compres- 

s i o n ,  emphasis has  been p laced ,  n o t  on sav ing  t r a n s m i t t e r  power, b u t  

r a t h e r  s t r i c t l y  on t h e  conserva t ion  of bandwidth. Much a t t e n t i o n  has  

been d i r e c t e d  toward adding capac i t y  i n  terms of  v o i c e  channels  t o  a l r eady  

e x i s t i n g  bandwidth-limited communication p a t h s ,  which focus se s  t h e  con- 

s e r v a t i o n  e f f o r t s  a t  bandwidth and n o t  a t  power. Thus, t h e  o b j e c t i v e s  

sought i n  much of t h e  v o i c e  bandwidth compression work a r e  n o t  n e c e s s a r i l y  

compat ible  w i t h  t h e  o b j e c t i v e s  of t h e  Bureau of Mines f o r  v o i c e  bandwidth 

compression techniques .  For t h i s  reason we b e l i e v e  t h a t  t h e  method of 

comparison between va r ious  candida te  systems should be based s t r i c t l y  on 

t h e  amount of t r a n s m i t t e r  power r equ i r ed  compared t o  a s t anda rd  l e v e l  

r equ i r ed  f o r  f u l l - vo i ce  bandwidth t ransmiss ion .  Such a p o s t u r e  w i l l  

c l a r i f y  t h e  r e a l  power demands placed on t h e  t r a n s m i t t e r  of such a system. 

Then t h e  importance of bandwidth compression r a t i o  van ishes  from t h e  com- 

pa r i son  c r i t e r i a  and t h e  power requirements a r e  g iven  prime importance,  

t oge the r  wi th  t h e  complexity requi red  t o  ach ieve  t h e  r epo r t ed  performance. 
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There is  a we l l  e s t ab l i shed  body of d a t a  from which t h e  va r ious  mea- 

s u r e s  of channel q u a l i t y  can be assessed f o r  full-bandwidth baseband 

voice  communication. I n  p a r t i c u l a r ,  we used t h e  a r t i c u l a t i o n  index a s  

a measure of t h e  c a p a b i l i t y  of a voice  channel.  Figure 10  shows how t h i s  

q u a l i t y  v a r i e s  a s  a funct ion  of s ignal- to-noise r a t i o  i n  t h e  channel.  

There a r e  s e v e r a l  condi t ions  a s soc ia t ed  wi th  t h e  performance ind ica t ed .  . 

The f i r s t  assumption i s  t h a t  t h e  background no i se  has a f l a t  spectrum 

over t h e  voice band, and t h e  second assumption i s  t h a t  t he  s ignal- to-noise 

r a t i o  is  cons tant  over the  band. This assumption means t h a t  modest pre- 

emphasis of t h e  voice  s i g n a l  has been used and a method of r e s t o r i n g  t h e  

s p e c t r a l  shape of t he  o r i g i n a l  voice  i s  used a t  t h e  output  end of  t h e  

system. Under these  condi t ions  t h e  p l o t  i l l u s t r a t e s  t h e  a r t i c u l a t i o n  

index a s  a funct ion  of signal-to-noise r a t i o .  The s i g n a l  power f o r  t hese  

p l o t s  i s  t h e  long-term average s i g n a l  power a t  t h e  output  end of  t h e  

system. S imi l a r ly ,  no i se  power i s  t h e  long-term average no i se  power. 

The a r t i c u l a t i o n ' i n d e x  (A.I.) i s  a measure of a l i s t e n e r ' s  c o r r e c t  

i n t e r p r e t a t i o n  of voice  sounds. There a r e  seve ra l  f e a t u r e s  of  t h e  Fig- 

u r e  10 p l o t  t h a t  a r e  worthy of note :  

1. A t  a s ignal- to-noise - r a t i o  of +18 dB, a r t i c u l a t i o n  index is  

approaching t h e  asymptotic va lue ,  and any f u r t h e r  i nc rease  

i n  t h e  s ignal- to-noise r a t i o  would be judged s o l e l y  a s  an 

improvement i n  q u a l i t y  of t h e  channel,  no t  i n  i n t e l l i g i -  

b i l i t y  of t h e  messages received through t h e  channel.  

2. A t  a -12 dB signal- to-noise r a t i o ,  e s s e n t i a l l y  a l l  a r t i c u -  

l a t i o n  index i s  l o s t  and communication becomes almost 

impossible.  

This  form of a r t i c u l a t i o n  index p l o t  can be converted t o  one i n  which t h e  

absc i s sa  i s  s i g n a l  power r a t h e r  than s ignal- to-noise r a t i o  merely by 

r e l a t i n g  t h e  t o t a l  average s i g n a l  power t o  t h e  average power found i n  a 

1-Hz bandwidth due t o  t h e  received noise .  I f  t h i s  i s  done, va r ious  sys- 

tems of bandwidth compression can be compared s t r i c t l y  on t h e  b a s i s  of 

power necessary on recept ion  t o  achieve var ious  l e v e l s  of a r t i c u l a t i o n  

index. What t h i s  new p l o t  w i l l  show a r e  t h e  r e l a t i v e  power requirements 
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f o r  t h e  var ious  bandwidth compression techniques,  toge ther  wi th  a mea- 

s u r e  of what i n t e l l i g i b i l i t y  o r  a r t i c u l a t i o n  index can be expected f o r  

t h e  var ious  systems, Although many of t h e  bandwidth compression tech- 

niques do not  have f u l l y  i d e n t i f i e d  a r t i c u l a t i o n  indexes a s  t h e  s ignal - to  

no i se  r a t i o  d e t e r i o r a t e s ,  they do i d e n t i f y  minimum requi red  va lues  of t h e  

signal-to-noise r a t i o  i n  s p e c i f i c  bands, and sometimes g ive  a measure of 

a r t i c u l a t i o n  index, on which we can base a comparison with o t h e r  systems, 

B e  DISCUSSION OF COMPARISON PLOT 

The f i r s t  i t e m  of concern i n  the  modified a r t i c u l a t i o n  index compari- 

son p l o t  of Figure 11 is t h e  way t h a t  a r t i c u l a t i o n  index v a r i e s  a s  a 

funct ion  of s i g n a l  power. For t h e  f u l l  vo ice  band (200 t o  6100 Hz), i t  

can be seen t h a t  once t h e  t o t a l  s i g n a l  power exceeds approximately 56 dB 

r e l a t i v e  t o  t h e  no i se  power i n  a 1-Hz band, t h e r e  is  no f u r t h e r  improve- 

ment i n  t h e  a b i l i t y  t o  i n t e r p r e t  voice  sounds spoken through a communica- 

t i o n s  system. A drop of 15 dB i n  the  s i g n a l  power leads  one t o  a po in t  

where t h e  a r t i c u l a t i o n  index i s  around 50%. As  one decreases f u r t h e r  i n  

s i g n a l  power, a corresponding l o s s  of a r t i c u l a t i o n  index r e s u l t s .  Gen- 

e r a l l y ,  a communication network t h a t  works wi th  a r t i c u l a t i o n  index below 

30% becomes d i f f i c u l t  t o  use, although no t  impossible,  Consequently, only 

systems t h a t  achieve something of t h e  o rde r  of 30% a r t i c u l a t i o n  index 

should rece ive  se r ious  cons idera t ion .  

The p l o t  of Figure 11 a l so  shows po in t s  o r  regions where some of t h e  

voice  bandwidth compression techniques f a l l .  The i d e a l  reg ion  f o r  tech- 

niques f o r  mine wi re l e s s  communications i s  t h e  upper l e f t  corner ;  they 

a r e  a l s o  not  complex. The most inappropr ia te . sys tem shown on t h i s  p l o t  i s  

the  two-f ormant frequency vocoder developed by Phi lco  Ford (23) . For t h i s  

vocoder, i t  i s  b e t t e r  t o  use t h e  fu l l -voice  bandwidth in s t ead  of t h e  

160-Hz wide channel of t h e  vocoder because t h e  vocoder r equ i re s  a 30-dB 

signal-to-noise r a t i o ,  thus leading  t o  a h igher  power requirement a t  a 

75% a r t i c u l a t i o n  index than f o r  t h e  fu l l -voice  band. I n  f a c t ,  a t  t h e  

same power l e v e l  an a r t i c u l a t i o n  index of about 90% r e s u l t s  f o r  t h e  

fu l l -voice  band a s  compared t o  a 75% l e v e l  f o r  t h e  Phi lco  Ford vocoder. 

Indeed, because of t h e  na tu re  of t h a t  vocoder, even a s  s ignal- to-noise 
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r a t i o  improves, i t  is  un l ike ly  t h a t  t h e  a r t i c u l a t i o n  index would improve 

a t  a l l .  Therefore,  t h i s  system is inappropr i a t e  f o r  mine wi re l e s s  commu- 

n i c a t i o n  app l i ca t ions .  

The next  system of i n t e r e s t  i s  one i d e n t i f i e d  wi th  Flanagan (12) in 

which a 43-Hz wide bandwidth i s  requi red  f o r  vocoded speech, w i th  a 

s ignal- to-noise r a t i o  of  35 dB y ie ld ing  only a 1-dB improvement over  t h e  

fu l l -vo ice  bandwidth. Again, t h e  sys tepl is inappropr i a t e  f o r  , app l i ca t ion  

t o  mine communication needs. 

Another system of i n t e r e s t  is t h e  2400-bps voice-compression system. 

Such a system, t y p i c a l  of t h e  d i g i t a l l y  processed adapt ive  p r e d i c t i v e  

systems wi th  a signal-to-noise r a t i o  of 6 dB, would r e s u l t  i n  an improve- 

ment of some 8 dB over  t h e  fu l l -voice  band. This improvement would be 

a t  t h e  cos t  of complicated d i g i t a l  processing equipment, and t h e r e f o r e  

we do no t  expect t h a t  i t  would be economical o r  mineworthy a t  t h e  p resen t  

time. 

The Caldwell Smith p a t  tern-recognizing vocoder seems t o  be occupying 

a favorable  pos i t i on .  The use of  t h i s  technique i s  dependent on equip- 

ment t h a t  i s  q u i t e  complex. Caldwell Smith used a l ea rn ing  process  a s  

we l l  a s  a d i s k  s to rage  system t o  perform t h e  ana lys i s  and syn thes i s  re- 

quired f o r  h i s  processing.  

A 4 t o  1 non-real t ime, s t retched-out  speech system is a l s o  shown on 

t h e  p l o t  of Figure 11. This type  of processing preserves  t h e  charac ter -  

i s t i c  of t h e  fu l l -voice  bandwidth system a s  a funct ion  of s ignal- to-noise 

r a t i o .  Therefore,  t h i s  r e l a t i v e l y  s imple system, s tretched-out  voice ,  

w i l l  have a 50% word i n t e l l i g i b i l i t y  a t  t he  same power l e v e l  t h a t  

Caldwell Smith's pat tern-recognit ion system would show an 80% word 

i n t e l l i g i b i l i t y .  Thus, i n  terms of t h e  communication systems, it i s  

e n t i r e l y  reasonable t o  expect acceptable  performance from t h e  s t r e t ched-  

out  voice  system. 

A s  a f i n a l  poin t  of comparison, power requirements f o r  a t h r e e  char- 

acter-per-second t e l e t y p e  code system ope ra t ing  over a 30-Hz bandwidth 

wi th  a 6-dB signal-to-noise r a t i o  a r e  shown. This system appears t o  be . 
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extremely favorable from the  point  of  v i e w  of power consumption, and does 

provide a data  r a t e  t h a t  would be useful  f o r  some purposes. This should 

be borne i n  mind when considering a l t e rna t i ve s  t o  voice bandwidth com- 

pression systems (discussed l a t e r )  . 
The general overal l  conclusion obvious from the  p lo t  of Figure 12 is 

t h a t  avai lable  state-of-the-art voice bandwidth compression techniques 

do not  o f f e r  su f f i c i en t  improvements i n  power requirements t o  make t h e i r  

use universa l ly  applicable t o  mine wire less  communication systems. 
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V I I .  TTME-DELAYED SPEECH 

As s t a t e d  i n  Chapter V I ,  p r e s e n t  real-time vo ice  bandwidth compres- 

s i o n  systems have an extremely l i m i t e d  c a p a b i l i t y  f o r  dec rea s ing  t h e  

power requirements of v o i c e  communication systems. The non-real-time 

systems, on t h e  o t h e r  hand, do o f f e r  some improvements i n  t h i s  r e spec t .  

However, t h i s  improvement i s  bought a t  t h e  expense of  t ime de lay  i n  t h e  

v o i c e  channel.  It i s  w e l l  recognized t h a t  modest t i m e  de l ays  i n  t h e  

vo i ce  channels  o f f e r  no s e r i o u s  problems. For example, earth-to-moon 

vo i ce  communications have been demonstrably easy t o  conduct. I n  t h i s  

i n s t a n c e ,  one-way de lay  t i m e s  of about 1-112 seconds and round-tr ip  

'delayed t i m e s  of about  3 seconds a r e  experienced. 

Underwater a c o u s t i c  vo i ce  channels  s u f f e r  a d e l a y  of 1.2 seconds p e r  

n a u t i c a l  m i l e  and a r e  known t o  be u s e f u l  f o r  ranges  beyond 5 n a u t i c a l  

miles .  A t  5 n a u t i c a l  m i l e s  t h e  one-way t ransmiss ion  de lay  t ime i s  

6 seconds and t h e  round-tr ip  t ime is 12 seconds. Opera tors  who use  

t he se  underwater systems have no t r o u b l e  u s ing  t h e  system, b u t  they do 

know t h a t  de lay  i s  t o  be expected and t hey  so adapt.  

It t h e r e f o r e  seems reasonable  t o  expect  t h a t  a mine w i r e l e s s  commu- 

n i c a t i o n  system having de l ays  of 12 seconds could prove t o  be a u sab l e  

system. Indeed, an underground-to-surface system between f i x e d  o r  

semi-portable s t a t i o n s  could w e l l  employ such a system. It 

noted t h a t  f o r  such a system i t  may be a p p r o p r i a t e  t o  use  d i f f e r e n t  

s t r e t ch -ou t  f a c t o r s  f o r  t h e  two d i r e c t i o n s  of  t ransmiss ion .  A l a r g e  

s t r e t ch -ou t  f a c t o r  would be used f o r  t h e  in-mine t r a n s m i t t e r  and a 

small s t r e t ch -ou t  f a c t o r  would be used f o r  t h e  s u r f a c e  t r a n s m i t t e r .  

This  d i f f e r e n c e  i n  s t r e t ch -ou t  f a c t o r  i s  p o s s i b l e  because t h e  power of  

s u r f a c e  t r a n s m i t t e r  is  n o t  a s  l i m i t e d  a s  t h a t  f o r  t h e  in-mine t r a n s m i t t e r ,  

bo th  from t h e  s a f e t y  a s p e c t  and t h e  a v a i l a b i l i t y  of raw power. 

There a r e  a number of  ways t h a t  such s t re tched-out  v o i c e  messages 

could be handled. F igure  12 i l l u s t r a t e s  some of t h e  p o s s i b i l i t i e s .  A t  

t h e  top of t h i s  f i g u r e  i s  shown an i n i t i a l  v o i c e  message of 2-seconds 

dura t ion .  The second l i n e  i l l u s t r a t e s  t h e  s t re tched-out  v e r s i o n  of t h i s  

Arthur D Little, lnc. 



1. Original Message 

2. Stretched-Out Version of Original Message 

3. Received Reconstructed Message 

4. Alternate Message Reconstruction at '/z Original 
Articulation Rate 

5. Repeat of Message Reconstructed a t  1/2 Original 
Articulation Rate - - - -- 

0 1 2 3 4 5 6  7 8  9 1 0 1 1 1 2  

Seconds 

FIGURE 12 FORMATS FOR RECONSTRUCTION OF STRETCHED-OUT 
MESSAGES AT 6 TO 1 STRETCH-OUT RATIO 
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message, the  t i m e  s tretch-out  fac to r  being 6 t o  1. The generation of 

t h i s  stretched-out version can s t a r t  immediately; i t  does not  require  

t h a t  the  f u l l  message be completed before transmission of the  stretched- 

out version s t a r t s .  

There a r e  a number of a l t e rna t i ve  ways t h a t  the  receiver end can be 

handled. Perhaps the  most obvious is  compressing the  received message 

by 6 t o  1, such t h a t  the  l a s t  pa r t  of t h i s  reconstruction corresponds t o  

the  l a s t  pa r t  of the stretched-out version. This mode i s  shown on l i n e  3. 

A second i n t e r e s t i ng  a l t e rna t i ve  is t o  compress the  received version by 

only 3 t o  1, but keeping the  p i t ch  t o  a na tu ra l  one ( t h i s  i s  a famil iar  

technique fo r  the  slowed-down speech systems promoted fo r  learning for-  

eign languages from tape recordings) . This compression would be done by 

repeating on a subphonemic l eve l  shor t  passages of the  received and com- 

pressed waveform. The output presented a t  the  receiver  would occupy 

4 seconds and end a s  the stretched-out version ends. This mode i s  shown 

on l i n e  4. A s t i l l  fu r the r  pos s ib i l i t y  i s  t o  use 3 t o  1 compression and 

repeat  i t  twice, as  i l l u s t r a t e d  on l i n e  5. It is in te res t ing  t o  note 

t h a t  t h i s  mode r e s u l t s  i n  received messages s t a r t i n g  t o  reach the  operator 

only 4 seconds a f t e r  the s t a r t  o f  transmission. 

Stretched-out transmission systems seem to  o f f e r  one of the  few vi-  

able  means of reducing t ransmit ter  power requirements f o r  wire less  

through-the-earth voice communication l inks .  A s  shown above, there  a l so  

e x i s t s  considerable f l e x i b i l i t y  i n  the  way such systems can be 

organized. 

Arthur D Little Inc. 
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APPENDIX I 

NARROW BAND VOICE USING FREQUENCY SLICING 

It is  a we l l  known f a c t  t h a t  t h e  fu l l -voice  band from 200 t o  6100 Hz 

i s  n o t  necessary t o  provide completely acceptable voice channel communi- 

ca t ions .  Indeed, a telephone channel whose t ransmission band i s  confined 

t o  300 t o  3000 Hz i s  genera l ly  considered a good voice  channel,  and, a t  

adequate signal-to-noise r a t i o ,  would f a r  exceed the  requirements f o r  

voice  communications wi th in  coa l  mines. One of t he  means of  achieving 

narrow-band voice  comunica t ions  i s  t o  r e s t r i c t  t he  t ransmission band 

even f u r t h e r  than is done f o r  telephone se rv ice .  

A convenient way t o  access  t h e  performance t o  be expected is  by 

us ing  t h e  a r t i c u l a t i o n  index developed f o r  voice t ransmission systems. 

The a r t i c u l a t i o n  index (AI) ranges from 0 t o  100%. If a system has an 

A 1  of  l oo%,  i t  i n d i c a t e s  t h a t  a l l  i s o l a t e d  words spoken i n t o  t h e  system 

would be c o r r e c t l y  recognized by a l i s t e n e r .  (A moderate degree of s k i l l  

i s  expected f o r  both speaker and l i s t e n e r . )  Correspondingly, an A 1  of 

50% would mean co r rec t  i d e n t i f i c a t i o n  of spoken words 50% of t h e  time. 

Kryter  (13y22) and o the r s  have developed means f o r  p r e d i c t i n g  t h e  A 1  

f o r  voice  channels.  The method i s  based on bands of equal  con t r ibu t ion  

t o  a r t i c u l a t i o n  index and t h e  s ignal- to-noise r a t i o  i n  each band. Twenty 

bands a r e  used, each con t r ibu t ing  a maximum of 5% t o  t h e  A I .  I f  t h e  s/N 

r a t i o  (long-term average s i g n a l  power t o  average no i se  power) i s  18 dB 

o r  g r e a t e r ,  t h e  maximum con t r ibu t ion  of 5% per  band i s  achieved. I f  t h i s  

S/N r a t i o  i s  -12 dB o r  l e s s ,  no con t r ibu t ion  i s  made t o  t h e  A I .  Between 

these  two va lues ,  A 1  con t r ibu t ion  depends l i n e a r l y  on t h e  S I N  r a t i o  i n  

dB. Thus, i f  t h e  S/N i n  a band is +3 dB, t h a t  band con t r ibu te s  2.5% t o  

t h e  A I .  By using t h i s  means, i t  i s  poss ib l e  t o  es t imate  t h e  performance 

of any proposed f requency-res t r ic t ive  voice  channel. 

The bands of equal  con t r ibu t ion  t o  a r t i c u l a t i o n  index a r e  tabula ted  

i n  Table I .  
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TABLE 1-1. 

TWENTY FREQUENCY BANDS OF EQUAL CONTRIBUTION 

TO SPEECH INTELLIGIBILITY 

Band Mid- Band Mid- 
No. Limits  Frequency No. Limi ts  Frequency 

1 200 t o  330 cps 270 cps 11 1660 t o  1830 cps 1740 cps 

From t h i s  t a b l e  w e  can e a s i l y  determine t h a t  a te lephone channel from 

330 t o  3200 Hz, f o r  example, shows an a r t i c u l a t i o n  index of 75% a t  b e s t  

-- t h a t  is ,  i f  t he  S /N  r a t i o  i n  a l l  bands is  g r e a t e r  than 18 dB. I f  t h e  

S / N  i n  a l l  bands decreases t o  8 dB (1/3 of t h e  way t o  -12 dB), then  t h e  

A1 f a l l s  t o  50%. For mine communication needs, t h i s  va lue  of A 1  i s  

probably more than adequate. The reason t h i s  is s o  can be seen from 

Figure I-1, which shows t h a t  f o r  an A1 of 50%, a sentence  i n t e l l i g i -  

b i l i t y  near  95% can be expected, . 
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It is i n s t ruc t i ve  t o  examine how power requirements can be expected 

t o  vary f o r  a frequency-sliced voice communication system, We start 

wi th  the  awiiuynption t h a t  received noise  i s  f l a t  across the  voice band, 

W e  a l so  assume t h a t  the  signal-to-noise r a t i o  of proposed systems is 

equalized across the  band of i n t e r e s t :  200 t o  6100 Hz. I n  an a c t u a l  

system, t h i s  would probably be done by p re -eqhas i s  of the  voice s igna l s ,  

Because the  noise  is f l a t  across the  band, w e  can equate the  t o t a l  noise  

power d i r ec t l y  t o  t h e  bandwidth of a hypothetical  system, and w e  can 

p lo t  A1 a s  a function of s i gna l  power l e v e l  f o r  such hypothetical  systems, 

The r e su l t s  of t h i s  exerc ise  a r e  shown i n  Figure 1-2 f o r  four  con- 

d i t i ons :  ful l-voice b a d  of 200 t o  6100 Hz; a telephone band of 330 t o  

3200 Hz; bands 1 through 9 and 11, the  10 bands of l a rge s t  contr ibut ion 

t o  A 1  per Hertz of bandwidth; and bands 1 through 5, the f i v e  bands of 

l a rge s t  contribution t o  A 1  per  Hertz of bandwidth. 

It is  obvious from these  p lo t s  t ha t  i f  AI's l a rge r  than 30% a r e  

desired,  there  i s  no merit whatever i n  terms of s igna l  power require-  

ments t o  the  use of frequency s l i c i ng .  Indeed, the  merit i s  found in 

the  use of the widest poss ible  bandwidth, 
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APPENDIX I1 

ALTERNATIVES TO VOICE BANDWIDTH COMPRESSION SYSTEMS 

Although w e  were no t  asked i n  t h e  c o n t r a c t  t o  exp lore  a l t e r n a t i v e s  

t o  vo i ce  communication channels ,  t h e  s u b j e c t  of narrow-band, coded sys- 

t e m s  of a non-voiced type  sur faced  a t  almost every i n t e rv i ew  and d i scus-  

s i o n ,  bo th  amongst our  own s t a f f  and t hose  of o t h e r  o rgan i za t i ons  w i th  

whom w e  d i scussed  t h e  v o i c e  bandwidth compression techniques .  We tabu- 

l a t e  t h e s e  t o p i c s  and i d e a s  he re  f o r  t h e  sake of  completeness and be- 

cause of t h e  f a c t  t h a t  most vo ice  bandwidth compression techniques  do 

n o t  appear  t o  have a s  much mer i t  a s  w a s  o r g i n a l l y  expected of them. 

A. LIMITED SYMBOL NARROW-BAND CODE SYSTEM 

This  system would use  an approach very s i m i l a r  t o  t h a t  of Westing- 

house i n  t h e i r  I n t e r i m  Coal Mine Rescue and Surv iva l  System wherein a 

l i m i t e d  set of symbols i s  t r ansmi t t ed  t o  provide a communication 

channel.  I n  t h a t  i n s t a n c e ,  pushbut tons  r ep re sen t i ng  fou r  o r  f i v e  

messages were used t o  send very narrow-band, coded s i g n a l s  between t h e  

subsur face  and t h e  s u r f a c e  and t h e  s u r f a c e  and t h e  subsur face  t o  p rov ide  

a l i m i t e d  message-capabi l i ty  communication system. This approach was 

mentioned q u i t e  f r equen t ly  by people  w i th  whom we d i scussed  t h e  gene ra l  

mine communication problem. 

B. MORSE CODE-TYPE SYSTEMS 

It i s  c e r t a i n l y  p o s s i b l e  t o  communicate over  a very narrow band- 

wid th  system wi th  a Morse Code-type of communication. The problem with 

us ing  Morse Code i s  t h a t  miners a r e  l i k e l y  t o  be un fami l i a r  wi th  t h e  

Morse Code, and t h e  d i f f i c u l t y  of  read ing  from a l i s t  of a l p h a b e t i c a l  

c h a r a c t e r s  and t h e i r  Morse Code equ iva l en t s  could pose a problem, par- 

t i c u l a r l y  dur ing  emergency o r  dark  condi t ions .  

C. AN ALPHABET SYSTEM WITH KEYBOARD 

Communication and da ta - l ink  equipment manufacturers  have brought 

about t h e  development of compact, hand-held keyboard and d i s p l a y  u n i t s ,  

such a s  t h a t  i l l u s t r a t e d  i n  Figure  11-1. A 5-bi t  code i s  e n t i r e l y  



FIGURE. 11-1 HANDHELD KEYBOARD AND DISPLAY 

58 

Arthur D Little, lnc. 



adequa te  t o  r e p r e s e n t  a f u l l  a lphabe t  of c h a r a c t e r s  and messages would 

s imply be  s p e l l e d  o u t  i n  sequence by t h e  o p e r a t o r  and subsequent ly  

encoded and t r a n s m i t t e d  by t h e  u n i t  i n  a  narrow-band t r ansmis s ion  scheme. 

The keyboard on t h i s  p o r t a b l e  u n i t  is intended f o r  one-f inger  ope ra t i on ;  

t h u s ,  t h e  c h a r a c t e r  r a t e  is  probably l i i n i t ed  t o  t h r e e  o r  f o u r  pe r  second 

and t h e  b i t  r a t e  i s  approximately 20 p e r  second, a  number e a s i l y  handled 

by a  narrow-band communication system. Received messages could be  pre -  

s en t ed  on t h e  o p t i c a l  d i s p l a y  p a r t  of t h e  hand-held u n i t  such  t h a t  

r ece ived  messages are s p e l l e d  o u t  i n  f r o n t  of t h e  o p e r a t o r .  Such a  low 

b i t - r a t e  system would appear  t o  be compat ible  w i t h  performance ach i eved ,  

by t h e  t rapped miner d e t e c t i o n  and l o c a t i o n  equipment p r e s e n t l y  under- 

going tests by t h e  Bureau, and u n i t s  s u i t a b l e  f o r  u s e  i n  mines should 
I 

n o t  be d i f f i c u l t  t o  develop.  

D.  FLAG SIGNAL SYSTEMS 

On two occas ions  when w e  were t a l k i n g  w i th  people  about communication 

requirements  i n  c o a l  mines,  they  immediately suggested t h e  u se  of f l a g  

codes as used a t  sea f o r  developing a  message s t r u c t u r e  capable  of t r a n s -  

m i t t i n g  a  wide v a r i e t y  of messages w i t h  a  r a t h e r  small number of symbols. 

Na tu ra l l y ,  t h e  f l a g  would be  rep laced  by coded s i g n a l s ,  b u t  t h e  technique 

of  communicating could be  made t h e  same. Unfor tuna te ly ,  i n  t h i s  i n s t a n c e  

a  look-up book would be  r equ i r ed  a t  bo th  t r a n s m i t t e r  and r e c e i v e r  t o  

enable  t h e  o p e r a t o r  t o  p u t  t oge the r  messages and t o  i n t e r p r e t  rece ived  

messages. 

E. PANTOGRAPH SYSTEM 

I n  conversa t ions  w i th  o t h e r  people  concerned w i t h  t h e  narrow-band 

communication systems,  we found t h e  consensus t o  be  t h a t  t h e  Pantograph 

System used i n  some r e s t a u r a n t s  t o  communicate a  w r i t t e n  o r d e r  from t h e  

w a i t r e s s  t o  t h e  k i t c h e n  might be f e a s i b l e  f o r  mine use.  I n  such a  sys -  

tem, two ana log  s i g n a l s  can c h a r a c t e r i z e  t h e  p o s i t i o n  on a  p i e c e  of paper  

of a  pen from which t h e  o r i g i n a l  w r i t t e n  message can be  r econs t ruc t ed .  

We have n o t  given much cons ide ra t i on  t o  t h i s  a s  a  v i a b l e  means, bu t  i t  

i s  an i n t e r e s t i n g  p o s s i b i l i t y  f o r  communication. 
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F Q  THE ELECTRONIC PAD 

Some of the people with whom we talked suggested that use could be 

made of an electronic pad which, again, is another way of transmitting 

a written or printed message from the sender to the receiver. In this 

instance, a stylus would be run across an electronic pad, writing char- 

acters, symbols, pictures, or words. These would be electronically 

encoded and transmitted for reconstruction at the surface. Again, it 

could be expected that the system could operate effectively in a fairly 

narrow band. Little further attention was given to this as an alternate 

possiblity . 
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APPENDIX I11 

WHISPERED SPEECH 

The a n a l y s i s / s y n t h e s i s  type  systems which form t h e  major bulk o f  t h e  

v o i c e  bandwidth compression systems r e q u i r e  t h a t  p i t c h  be measured and a 

d e c i s i o n  be made a s  t o  whether t h e  t r a n s m i t t e d  p a r t  i s  voiced o r  unvoiced. 

Data from Flanagan ( I 2 )  show t h a t  t he  channel  c a p a c i t y  r equ i r ed  f o r  t h e  

p i t c h  and t h e  voiced/unvoiced dec i s ion  is approximately 125 bps. There- 

f o r e ,  i f  i t  were p o s s i b l e  t o  drop t h e s e  two measurements from t h e  ana lyz ing  

equipment, a corresponding r educ t i on  i n  r e q u i r e d  channel  c apac i t y  would 

occur.  How much o f  a sav ings  t h i s  r educ t i on  i n  r e q u i r e d  channel  c apac i t y  

ach ieves  has  t o  be  r e f e r r e d  t o  t h e  b i t s  p e r  second r equ i r ed  f o r  t h e  f u l l  

c a p a b i l i t y  of  t h e  system. These numbers range  from 1000 t o  30,000 bps,  

s o  t h a t  a t  b e s t  a 12% sav ings  of channel  c a p a c i t y ,  and hence, power, 

could be  achieved by t h e  adopt ion of t h i s  scheme. 

One might w e l l  i n q u i r e  a s  t o  t h e  q u a l i t y  o r  e a s e  of dea l i ng  w i t h  con- 

v e r s a t i o n s  h e l d  i n  whispered vo ice  -- t h e  r e s u l t  a f  dropping both t h e  

voice/unvoiced and t h e  p i t c h  in format ion  i n  a n  a n a l y s i s / s y n t h e s i s  system. 

The r ep roduc t ions  of speech from t h e  c o n t r o l  s i g n a l s  would be produced 

a s  whispered speech. While one might b e l i e v e  i t  t o  be d i f f i c u l t  t o  c a r r y  

on a conve r sa t i on  i n  whispered speech, t h i s  pe r cep t ion  is probably based 

on t h e  d i f f i c u l t y  of a r t i c u l a t i n g  w i th  whispered speech,  bu t  i n  t h e  sys- 

tems w e  a r e  contemplat ing t h e  i npu t  would b e  i n  normal v o i c e  and t h e  

a n a l y s i s / s y n t h e s i s  equipment would be used t o  c r e a t e  t h e  whispered speech. 

Bernald Gold of M.I.T.'s L inco ln  Lab, i n  a p r i v a t e  communication, t o l d  us  

t h a t  whispered vo i ce  is  p e r f e c t l y  unders tandable .  W e  have two o t h e r  

p o i n t s  of comparison f o r  t h i s  conclusion.  During our  v i s i t  t o  Caldwell  

Smith a t  A i r  Force Cambridge Research Labo ra to r i e s ,  w e  wi tnessed demon- 

s t r a t i o n s  of h i s  equipment. One of t h e  demonstrat ions  w a s  t o  have t h e  

s y n t h e s i s  equipment ope ra t e  i n  a whispered f a sh ion :  t h e  whispered v o i c e  

r e s u l t i n g  was p e r f e c t l y  i n t e l l i g i b l e .  The second occas ion  was du r ing  a 

Votrax demonstrat ion.  By ope ra t i ng  i t  i n  a whispered mode t oo ,  t h e  p u t -  

p u t  was found t o  be  p e r f e c t l y  i n t e l l i g i b l e .  
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Thus, i t  can be s a i d  with a f a i r  degree of confidence t h a t  an  

analys is /synthes is  system can be made which does not  use p i tch  o r  voiced/ 

unvoiced information, and cormnunicates i n ' a  s a t i s f a c t o r y  manner t o  t h e  

l i s t e n e r s  i n  a whispered fashion, Therefore, it is a pe r fec t ly  accep- 

t a b l e  system t o  consider, A t  t he  present  time the  shortcoming of t h i s  

system would be t h a t  i t s  app l i ca t ion  has only a marginal e f f e c t  on the  

channel capacity required f o r  communication purposes, and thus would 

br ing no very l a r g e  benef i t s  t o  a system, It could be noted, however, 

tha t  by dropping the  above two requirements from the  system, t h e  equip- 

ment becomes simpler t o  fabr ica te .  It has general ly been recognized t h a t  

the  p i t ch  ex t rac t ion  requirement f o r  analys is /synthes is  systems always 

pose problems o f  one s o r t  of another, The dropping of t h i s  requirement 

would therefore  simplify the  equipment moderately, 

Arthur D Little, lnc. 



APPENDIX I V  

THE NATURE OF TRANSMISSION CHANNELS 

A. TRANSMISSION OF ANALOG SIGNALS ON DIGITAL CHANNELS - PCM 

I n  t h e  19501s ,  long be fo re  t h e  exp los ive  growth of computer communi- 

c a t i o n s ,  B e l l  Telephone Labora to r i e s  developed a p u l s e  code modulation 

(PCM) t r ansmis s ion  system t o  handle  v o i c e  s i g n a l s  over  d i g i t a l  l i n e s  -- 
t h e  T1 c a r r i e r  system. I n  t h e  o r i g i n a l  T1 c a r r i e r  system (whose t e rmina l s  

a r e  now des igna ted  a s  D l  channel  banks) each v o i c e  channel  used a 64,000- 

bps p u l s e  stream. Despi te  t h e  apparen t  squandering of bandwidth, T1 was 

economically compet i t ive  w i t h  contemporary ana log  c a r r i e r  systems. This  

was a c l a s s i c a l  t r adeo f f  of bandwidth f o r  o t h e r  advantages -- p r i n c i p a l l y  

t h e  a b i l i t y  t o  r egene ra t e  s i g n a l s  a s  they  went a long so  t h a t  degrada t ions  

d i d  n o t  accumulate wi th  d i s t a n c e .  

It i s  i n t e r e s t i n g  t o  observe  what D l  channel  banks do w i t h  t h e i r  

64,000-bps p e r  channel:  t h e  vo ice  bandwidth i s  l i m i t e d  t o  w e l l  below 

4000 Hz and t hen  sampled a t  t h e  Nyquist r a t e ,  8000 t imes p e r  second. 

(Note t h a t  t h e  sampling r a t e  could be lower.  With expensive f i l t e r s  

t h e  te lphone  band could be sha rp ly  l i m i t e d  t o  3000 Hz and t h e  sampling 

done a t  a l i t t l e  more than  6000 p e r  second. S ince  f i l t e r s  r e p r e s e n t  a 

per-channel c o s t  r a t h e r  than a common equipment-shared c o s t ,  t h e  d e c i s i o n  

was made t o  u s e  a sampling r a t e  of 8000 p e r  second and avoid t h e  u se  of  

expensive f i l t e r s  .) 

I n  D l  each sample i s  encoded i n t o  a 7-bi t  b inary  word. An e i g h t h  . 

b i t  i s  added f o r  s i g n a l l i n g  and supe rv i s ion .  Thus, each channel  uses :  

(7 + 1 )  8000 = 64,000 bps.  

The n o i s e  i n  a PCM system i s  mainly due t o  quan t i z ing  d i s t o r t i o n  

which i s  caused by t h e  approximation i n  a s s i g n i n g  a d i s c r e t e  b ina ry  

word t o  t h e  va lue  assumed by a cont inuous speech v o l t a g e  waveform. A 

well-known t h e o r e t i c a l  a n a l y s i s  which assumes a uniform p r o b a b i l i t y  den- 

s i t y  of  t h e  quan t i z ing  e r r o r  over  +1/2 - t h e  s i z e  of t h e  l e a s t  s i g n i f i c a n t  

b i t  ha s  t h e  r e s u l t  t h a t  f o r  an n b i t  b ina ry  word t h e  r a t i o  of  t h e  r m s  
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quant iz ing  e r r o r  t o  t h e  f u l l  range of va lues  i s  1 / 2 " m .  Thus, f o r  t h e  

7 b i t s  of D l  t h e  t h e o r e t i c a l  r a t i o  o f  t h e  ms quant iz ing  n o i s e  is (in dB): 

20 log  [(0.707) (m) (z7) /2]  = 44 dB 

which i s  s u r p r i s i n g l y  good. I f  i t  were no t  f o r  t h e  r e s t r i c t e d  bandwidth, 

i t  might q u a l i f y  as high f i d e l i t y .  A l i n e a r  PCM system, however, is 

very poorly matched t o  t h e  amplitude s t a t i s t i c s  of  a speech s i g n a l .  D l  

consequently was modified t o  provide optimum performance f o r  speech s ig -  

n a l s  by compressing t h e  speech s i g n a l  before  encoding and expanding i t  

a f t e r  decoding. This compressing p l u s  expanding ( c a l l e d  companding) 

fol lows an experimental l a w  such t h a t  f o r  t h e  compressor alone: 

where p = 100 f o r  D l .  The e f f e c t  of t h i s  logar i thmic  companding is t o  

smear t h e  o r i g i n a l  s ignal- to-noise r a t i o  ou t  over  a wider dynamic range. 

With l i n e a r  encoding, 7 b i t  t h e o r e t i c a l  SIN is  44 dB a t  f u l l  load  and 

drops 1 dB pe r  dB a s  t h e  l e v e l  decreases (reaching 0 dB a t  -44 dB s i g n a l  

l e v e l .  This  behavior i s  shown by t h e  do t t ed  l i n e  i n  Figure I V - 1 .  With 

p = 100 the  signal-to-noise r a t i o  remins a t  30 t o  35 dB from 0 to  -30 dB 

s i g n a l  l e v e l  ( see  Figure IV-1). Logarithmic companding is  t h e r e f o r e  a 

t r a d e o f f ,  s i n c e  i t  provides more no i se  d i s t o r t i o n  f o r  l a r g e  amplitudes 

and l e s s  f o r  smal l  a p l i t u d e s ,  but  t h a t  i s  j u s t  what voice  s i g n a l s  need. 

I f  D l  channels had been meant f o r  some o t h e r  s i g n a l ,  such as fac-  

s i m i l e  o r  f s k  d a t a ,  t h e  companding ( i f  any) would c e r t a i n l y  have been 

completely d i f f e r e n t  . 
A value  of 100 f o r  y was chosen f o r  TI  because of t h e  technology of 

t h e  l a t e  1950's.  The compressor and expander nonl inear  c h a r a c t e r i s t i c s  

were determined by diode networks, and t h e  h igher  t h e  p, the .more  d i f f i -  

c u l t  was t h e  problem of t h e  two c h a r a c t e r i s t i c s  t r ack ing  t o  cancel  each ' 

o the r .  It should be noted t h a t  t h e  logar i thmic  c h a r a c t e r i s t i c  used i n  

T 1  is by no means un ive r sa l  and o t h e r  coun t r i e s  use d i f f e r e n t  companding 

laws 0 
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Dl channel banks were designed f o r  exchange t runk transmission and 

d i d  not  meet t h e  requirements f o r  longer  hau l  t runk c a r r i e r s .  The D 2  

channel bank was designed about a decade a f t e r  t h e  D l  t o  make use of 

more modern technology t o  provide t o l l  t ransmission without  changing t h e  

b a s i c  T1 l i n e  format of 1,544,000 bps. It was c l e a r  t h a t  using a whole 

b i t  pe r  sample (8000 per  second) t o  t ransmi t  switchhook and d i a l i n g  in-  

formation was was tefu l ,  so D2 uses t h i s  b i t  f o r  vo ice  s i g n a l  t ransmission 

5 times out  of 6 .  (A s l i g h t  change is  requi red  t o  keep t r a c k  of channel 

s i g n a l  framing a s  we l l  a s  channel number framing.) I n  D2, was changed 

t o  255. No longer  a r e  coder and compander sepa ra t e  -- t h e  two funct ions  

a r e  combined i n  a s i n g l e ,  nonl inear  coder performing both functi.ons. 

These two changes r e s u l t  i n  a t h e o r e t i c a l  SIN r a t i o  b e t t e r  than 35 dB 

over about a 39-dB dynamic range which meets t o l l  requirements i n  t h e  

d i r e c t  d i a l  h ie rarchy (see  Figure IV-1). 

It should be r e a l i z e d  t h a t  logar i thmic  companding i n  i t s e l f  is  a 

powerful bandwidth compression scheme. By c a p i t a l i z i n g  on t h e  ins tan-  

taneous amplitude d i s t r i b u t i o n  of  speech, i t  o f f e r s  a g r e a t  economy i n  

number of b i t s  needed. For example, t o  pick a range on t h e  D l  curve, 

i f  we want t o  maintain a 17.5 dB SIN r a t i o  a t  a s i g n a l  power 40 dB below 

f u l l  load wi th  l i n e a r  PCM, 11 d i g i t s  would be needed per  sample in s t ead  

of 7. Thus p = 100 companding reduces t h e  l i n e  b i t  r a t e  by 36%. 

The curves i n  Figure I V - 1  a r e  i d e a l  curves.  Actual  PCM systems may 

be 1 to '  3 dB poorer f o r  any of a number of reasons such a s  small  e r r o r s  

i n  sampling time, f i n i t e  r a t h e r  than instantaneous sampling, compressor- 

expander c h a r a c t e r i s t i c  mistracking,  no i se  i n  dec i s ion  c i r c u i t s ,  and 

general  system noise .  

The analog telephone channels derived on T systems a r e  used i n t e r -  

changeably with a l l  o t h e r  analog channels i n  t h e  telephone p l a n t .  Thus, 

i t  i s  not  unusual f o r  a 1200- o r  2400-bps modem s i g n a l  t o  be r id ing  on 

a T c a r r i e r  channel us ing  64,000 bps. This dual  s tandard  poses t a r i f f  

i ncons i s t enc ie s  f o r  telephone companies. For example, t o  provide a 50- 

kbs d a t a  channel,  12 voice  channels must be removed from an analog car-  

r i e r  but  only one from a d i g i t a l .  T a r i f f s  a r e  not  geared t o  t h e  p a r t i c -  

u l a r  f a c i l i t y  providing s e r v i c e .  Is t h e  f a i r  p r i c e  f o r  a 50-kbs channel 
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roughly 1 o r  12  t i m e s  t h a t  f o r  a v o i c e  channel? This  i ncons i s t ency  i s  

one of t h e  p r e s s u r e s  t h a t  i s  l ead ing  t o  a l l  d i g i t a l  systems such  a s  Datran 

and Bell's Dataphone D i g i t a l  Se rv i ce  (DDS). 

B. TRANSMISSION OF DIGITAL SIG~ALS ON ANALOG CHANNELS - MODEMS 

A t  t h e  same t i m e  t h a t  B e l l  was f i n d i n g  i t  economically a t t r a c t i v e  t o  

t r a n s m i t  ana log  s i g n a l s  on d i g i t a l  chane l s ,  t h e  i n v e r s e  problem a r o s e  

and grew r a p i d l y .  Telephone p l a n t  had evolved over  t h e  yea r s  t o  handle  

v o i c e  e f f i c i e n t l y  and was no t  w e l l  s u i t e d  f o r  raw d i g i t a l  d a t a .  For 

example, phone channels  gene ra l l y  do n o t  t r ansmi t  DC o r  indeed any f r e -  

quency below a few hundred Her tz ,  s o  they  a r e  n o t  s u i t a b l e  f o r  baseband 

DC pu l s e s .  To t rans form t h e  d a t a  in format ion  i n t o  a format compat ible  

w i t h  t h e  te lephone  channe l ,  i t  i s  necessary  t o  modulate i t  i n  some way. 

To r e c o n s t i t u t e  i t ,  it  must be demodulated a t  t h e  o t h e r  end. This  com- 

b i n a t i o n  of  a modulator-demodulator i s  c a l l e d  a modem o r  a d a t a  set .  

By t h e  mid 1960's  d a t a  sets f o r  1200 t o  2400 bps us ing . f requency  

s h i f t  keying (FSK) o r  phase modulation were r e a d i l y  a v a i l a b l e .  It i s  

i n s t r u c t i v e  t o  cons ide r  how much b e t t e r  t r ansmis s ion  might be .  A w e l l  

known r e s u l t  from informat ion  theory  i s  ~ h a n n o n ' s  expression(16)  f o r  t h e  

in format ion  capac i t y  of  a band-limited channel  i n  t h e  presence  of gaus s i an  

c = wlog2 ( 1  + 5) n 

where C i s  t h e  channel  c apac i t y  i n  bps ,  W i s  t h e  bandwidth i n  ~ e ; t z ,  s 

i s  t h e  s i g n a l  power, and n t h e  n o i s e  power i n  t h e  band W. Shannon's 

equa t ion  i s  analogous t o  t he  Carnot c y c l e  i n  thermodynamics; i t  sets an 

upper bound on t h e o r e t i c a l l y  ach ievable  performance, b u t  does n o t  t e l l  

how t o  ach ieve  o r  even approach t h i s  bound. 

An i n t e r e s t i n g  consequence of Shannon's equa t ion  i s  t h a t  channel  

c apac i t y  can be  i nc r ea sed  wi thout  bound f o r  any W o r  S/N r a t i o  provided 

t h e r e  i s  no l i m i t  on t h e  o t h e r .  Another l i m i t  t o  t ransmiss ion  r a t e  i s  t h e  

Nyquist r a t e  2 W  -- t h e  upper bound on which symbols can be s e n t  through 

a band W. This  i s  n o t  a l i m i t  on channel  c apac i t y  s i n c e  t h e r e  i s  no 

l i m i t  on t h e  number of b i t s  t h a t  can b e  encoded i n  each symbol; indeed 
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i t  is  i n t u i t i v e l y  c l e a r  t h a t  the  l a r g e r  S/N r a t i o  is ,  t h e  more b i t s  per  

symbol a decoding arrangement can dis t inguish .  Section E shows some of 

t h e  proper t ies  of Shannon's equation. 

What does Shannon t e l l  us about a telephone channel? For an untreated 

channel the  band may be 400 t o  3000 Hz f o r  a W = 2600. I f  the  S/N r a t i o  

i s  30 dB, we get :  

C = 2600 log2 ( 1  + 1000) = 25,900 bps. 

Using complex combinations of phase and mul t i l eve l  modulation, modems 

f o r  9600 bps a r e  now ava i l ab le ,  considerably s h o r t  of the  25,900 b i t s  

theory says a r e  poss ib le .  I f  we take t h e  t r u e  capacity of t h e  channel 

a s  25,900 bps, we can assess  t h e  present  s t a t e  of the  a r t ,  i n  terms of 

e f f i c iency  : 

For d i g i t a l  transmission on analog channel: 9,600 = 337% 
25,900 

For analog transmission on d i g i t a l  channel : 25¶900 = 46% 
56,000 

This i s  the  money changer s i t u a t i o n  -- you lose  both ways. I n  the  next 

two sect ions  we examine what hope the re  is  f o r  improving these  two 

e f f i c i e n c i e s .  

C .  BPS PER HERTZ I N  DIGITAL TRANSMISSION ON AN ANALOG CHANNEL 

While it  is a s i d e  i s sue ,  i t  may be worth noting t h a t  9600 bps on a 

telephone channel, even though i t  represents  only 37% ef f i c iency ,  may be 

c lose  t o  t h e  bes t  t h a t  w i l l  be accomplished f o r  a long time, maybe ever. 

Shannon's equation speaks only t o  the  problem of gaussian noise  and the re  

a r e  many other  degradations i n  phone channels including phase d i s t o r t i o n ,  

impulse noise ,  c r o s s t a l k ,  phase j i t t e r ,  frequency o f f s e t s ,  and nonlinear 

d i s t o r t i o n s .  It has only been the  development of means of coping with 

the  f i r s t  of these,  phase d i s t o r t i o n ,  with automatic t r ansversa l  equal- 

i z e r s  t h a t  speeds have r i s e n  from the  2400-bps range to  9600 bps. Cure 

of some of the  remaining i l l s  i s  beyond t h e  present  s tate-of-the-art .  
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It is  use fu l  t o  examine t h e  t h e o r e t i c a l  e f f i c i e n c i e s  of var ious  modu- 

l a t i o n  techniques, De ta i l s  of t h e  techniques themselves a r e  beyond t h e  

present  scope of t h e  r epor t ;  s ee  f o r  example, Bennet & Davey (17) or 

Martin(18). For band-limited gaussian no i se ,  t h e  e f f i c i e n c i e s  a r e  

p l o t t e d  i n  Figure IV-2 (from Salz - Ref. 19) .  These curves assume t h a t  

t r a n s m i t t e r s  and r ece ive r  f i l t e r s  a r e  optimized t o  d iscr iminate  aga ins t  

noise .  Smooth curves a r e  drawn connecting t h e  e f f i c i e n c i e s  of  2- level ,  

4- level ,  8 - leve l ,  e t c . ,  systems. 

S ingle  sideband i s  t h e  most e f f i c i e n t  system although i t  f a l l s  f a r  

s h o r t  of Shannon's equat ion.  FSK is  l e a s t  e f f i c i e n t .  Some of  t h e  cur- 

r e n t  research  i n  modems use novel modulation no t  shown on Figure IV-2, 

f o r  example, simultaneous combination of amplitude modulation and 

phase modulation. 

I The problem of mine communication wi th  bandwidth compression tech- 

niques i s  t h e  j o i n t  problem of process ing  and transmission through a very 

h o s t i l e  medium. E f f i c i e n t  i n t e r a c t i o n  of t h e  two i s  of utmost importance. 

An experimental program i n  bandwidth compression must take  i n t o  account 

t h e  o v e r a l l  system. For example, Figure IV-2 h i n t s  a t  t h e  r ap id  changes 

i n  e r r o r  r a t e  with small changes i n  SIN r a t i o .  Two equal ly  e f f i c i e n t  

processing schemes mayq r e a c t  q u i t e  d i f f e r e n t l y  t o  a d i s t r i b u t i o n  of 

d i g i t  e r r o r  l i m i t s .  It  should a l s o  be noted t h a t  Figure IV-2 dea ls  only  

wi th  gaussian no i se .  The pecu l i a r  n o i s e  environment i n  a mine may give 

very d i f f e r e n t  r e s u l t s .  

D .  HERTZ PER BPS I N  ANALOG TMSMISSION ON DIGITAL CHANNELS 

W e  have seen t h a t  companding reduces t h e  number of b i t s  f o r  D l  chan- 

n e l  performance from 11 t o  7 ,  bu t  t h a t  t h e  r e s u l t a n t  e f f i c i e n c y  s t i l l  

leaves  room f o r  improvement. A g rea t  dea l  of telephone-oriented research  

has been tak ing  p lace  i n  Delta  modulation and r e l a t e d  d i f f e r e n t i a l  quan- 

t i z i n g  techniques.  The prime motivat ion of t he  research  has no t  been 

bandwidth saving  p e r  s e ,  but  r a t h e r  coder-decoder s impl i f i ca t ion .  

A nonl inear  PCM encoder-decoder i s  q u i t e  expensive. This i s  not  

s e r i o u s  i n  T c a r r i e r ,  s i n c e  i t  i s  shared by 24 channels so t h e  per  channel 
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c o s t  i s  n o t  excess ive .  There a r e  a p p l i c a t i o n s  i n  s u b s c r i b e r  c a r r i e r s  for 

much s m a l l e r  bundles t han  24,  and h e r e  t h e  c o s t  of  t h e  PCM encoder-decoder 

becomes a problem. A D e l t a  modulation coder-decoder is  ve ry  s imple  com- 

pared w i t h  i t s  PCM coun te rpa r t .  I f  D e l t a  modulation can be made a s  good 

a s  PCM f o r  a given b i t  r a t e ,  t h e  economics of  smal l  d i g i t a l  systems be- 

come a t t r a c t i v e .  

The b a s i c  i d e a  of a l l  d i f f e r e n t i a l  quan t i z ing  schemes i s  t o  quan t i ze  

and encode changes i n  t h e  s i g n a l  r a t h e r  than  i n s t an t aneous  samples of 

t h e  s i g n a l  i t s e l f .  The s i m p l e s t  t y p e  i s  D e l t a  modulation which can be 

thought  of  a s  1 - b i t  d i f f e r e n t i a l  PCM. 

A D e l t a  coder c o n s i s t s  of a comparator i n  which an ana log  s i g n a l  

de r ived  from t h e  coder ou tpu t  is compared w i t h  t h e  i n p u t  s i g n a l .  A t  i n -  

t e r v a l s  c o n t r o l l e d  by a c lock ,  an  ou tpu t  p u l s e  is  s e n t  i f  t h e  i n p u t  i s  

l a r g e r  than  t h e  ou tpu t  and no p u l s e  i s  s e n t  i f  i t  i s  smaller. Decoding 

c o n s i s t s  of a s imple  i n t e g r a t i o n  p roces s .  The more o f t e n  p u l s e s  a r e  

s e n t  ( h ighe r  b i t  r a t e )  t h e  b e t t e r  t h e  approximation. D e l t a  modulat ion 

is s u b j e c t  t o  a unique type  of d i s t o r t i o n  known a s  slope-overload 

d i s t o r t i o n .  Here t h e  r a t e  of  change of t h e  i npu t  s i g n a l  becomes t oo  

l a r g e  f o r  a series of  ones t o  fo l low.  A s  a r e s u l t ,  curves  of S / N  r a t i o  

v s  l e v e l  a r e  d i f f e r e n t  f o r  d i f f e r e n t  f requenc ies .  Fo r tuna t e ly ,  t h e  l e v e l  

f o r  a given d i s t o r t i o n  f a l l s  o f f  a t  almost e x a c t l y  t h e  same r a t e  a s  a 

normal speech energy spectrum. A s  a consequence, i f  a n  adequate  S/N 

r a t i o  e x i s t s  a t  800 Hz, speech w i l l  tend t o  sound n a t u r a l .  

F igure  I V - 3  compares d i f f e r e n t i a l  quan t i z ing  schemes w i t h  D l  theo- 

r e t i c a l  performance. For no rma l i za t i on ,  a vo i ce  s i g n a l  r a t e  t h e  same a s  

D l  ( i . e . ,  56 kbps) i s  assumed. It w i l l  be noted t h a t  s t r a i g h t  De l t a  mod- 

u l a t i o n  is  q u i t e  i n f e r i o r .  D e l t a  modulation i s  app rec i ab ly  improved by 

companding. ,Various companding schemes a r e  d e t a i l e d  i n  t h e  r e f e r ences  . 
' One of t h e  most promising (Tomozawa and Kaneki (20))  i s  shown i n  F igu re  I V - 3 .  

More s o p h i s t i c a t e d  schemes have been proposed. One of t h e s e  (Greefkes 

and Riemens (21)) is f o r  d i g i t a l l y  c o n t r o l l e d  companded De l t a  modulat ion 

(DCDM). Here t h e  q u a n t i z a t i o n  s t r i p  s i z e  i s  v a r i e d  a t  t h e  t r a n s m i t t e r  
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and r e c e i v e r  s imul taneous ly  under t h e  c o n t r o l  of t h e  d i g i t a l  s i g n a l .  To 

i n d i c a t e  t h e  p o t e n t i a l  u se fu lnes s  of t h i s  f o r  mine communications, t h e  

BOO-Hz performance o f  a  16-kbps DCDM channel  i s  compared w i t h  5 kbps D l  

PCM f o r  r e f e r e n c e  and shown i n  F igure  IV-4. 

E. CHANNEL CAPACITY RELATIONSHIPS 

I n  t h e  i n v e s t i g a t i o n  of t h e  a p p l i c a b i l i t y  of v o i c e  bandwidth com- 

p re s s ion  techniques  t o  mine communication systems,  i t  is  impor tan t  t o  

know t h e  g e n e r a l  way i n  which channel c apac i t y  v a r i e s  a s  a func t i on  of 

channel  bandwidth, n o i s e ,  and s i g n a l  power. The c l a s s i c a l  r e l a t i o n s h i p  

i s  contained i n  S e c t i o n  B and has  been r e c a s t  below: 

P 

where 

C = channel  c apac i t y  i n  bps ,  

W = bandwidth i n  H e r t z ,  

P = r ece ived  s i g n a l  power, 
0 

N = r ece ived  n o i s e  s p e c t r a l  d e n s i t y  ( f l a t  n o i s e  assumed). 
0 

Two curves  (F igures  IV-5  and IV-6) de r ived  from t h i s  r e l a t i o n s h i p  a r e  

p l o t t e d .  F igu re  IV-5 seeks  t o  show how t r a n s m i t t e r  power (and t hus  

rece ived  power) depends on bandwidth f o r  a  f ixed-channel  c apac i t y  

requirement.  This  p l o t  i l l u s t r a t e s  t h e  p e n a l t y  i n  power t h a t  i s  exac ted  

i f  one i n s i s t s  on a  conununication system t h a t  a sks  f o r  even a  few bps 

p e r  Hertz  of  bandwidth. F igure  IV-6 shows how channel  c a p a c i t y  v a r i e s  

f o r  a  f i x e d  power l e v e l  and v a r i a b l e  bandwidth. 
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APPENDIX V 

LINCOMPEX 

Perhaps t h e  most i n t e r e s t i n g  method of improving s igna l - to -no ise  r a t i o  

i n  voiced AM r a d i o  c o m u n i c a t i o n  developed i n  t h e  p a s t  decade i s  t h e  

Lincomp ex  (24) ( f o r  Linked Compressor and Expander) t echnique .  The b a s i c  

i d e a  is  t o  t r ansmi t  t h e  speech s i g n a l  a t  t h e  maximum l e v e l  c a p a b i l i t y  o f  

t h e  channel.  Amplitude v a r i a t i o n s  i n  t h e  speech s i g n a l  a r e  almost e n t i r e l y  

removed by a  compressor. The ampli tude in format ion  is t r a n s m i t t e d  as a  

narrow-band frequency modulated s i g n a l .  I n  t h e  r e c e i v e r ,  t h e  amplitude 

s i g n a l  is used t o  c o n t r o l  an expander i n  o rde r  t o  r e s t o r e  t h e  normal 

ampl i tude  v a r i a t i o n s  i n  t h e  speech s i g n a l .  

A s i m p l i f i e d  b lock  diagram of  t h e  Lincompex system is  shown i n  Fig- 

u r e  V - l .  The i npu t  speech is supp l i ed  t o  an amplitude measurement c i r -  

c u i t  a s  w e l l  as a  d i r e c t  speech channel .  The de lay  i n  t h e  speech chan- 

n e l  i s  necessary  t o  synchronize t h e  ampli tude measurement, which i s  

delayed by a  low-pass smoothing f i l t e r ,  wi th  t h e  envelope o f  t h e  speech 

s i g n a l .  The amplitude s i g n a l  c o n t r o l s  t h e  compressor, a  v a r i a b l e  ga in  

a m p l i f i e r ,  s o  as t o  reduce t h e  ga in  a t  h igh  amplitude and i n c r e a s e  t h e  

ga in  a t  low ampli tude,  r e s u l t i n g  i n  a compressed speech s i g n a l  wi th  con- 

s t a n t  ampli tude.  The speech s i g n a l  i s  then  f i l t e r e d  t o  remove any com- 

ponents  above 2700 Hz. 

The amplitude s i g n a l  i s  a l s o  a p p l i e d  t o  a  vo l t age -con t ro l l ed  o s c i l l a -  

t o r  t o  o b t a i n  a narrow-band frequency-modulated s i g n a l  va ry ing  from 2840 

t o  2960 H Z ,  which corresponds t o  an amplitude range of 60 dB (2  Hz p e r  

dB). This  FM amplitude s i g n a l  i s  now added t o  t h e  f i l t e r e d  compressed 

speech s i g n a l  t o  modulate t h e  SSB t r a n s m i t t e r .  

The speech and ampli tude components of  t h e  r ece ived  Lincompex s i g n a l  

a r e  s epa ra t ed  by f i l t e r s ,  a s  shown i n  F igure  V-1.  The FM ampli tude s i g -  

n a l  i s  d e t e c t e d  by a  d i s c r i m i n a t o r ,  and t h i s  ou tpu t  i s  used t o  c o n t r o l  

t h e  expander.  The speech s i g n a l  i s  a l s o  app l i ed  t o  t h e  expander.  The 

expander i s  a v a r i a b l e  ga in  a m p l i f i e r  opera ted  i n  t h e  r e v e r s e  manner 

from t h e  compressor. Now t h e  ga in  i s  increased  by h igh  ampli tude s i g n a l s  
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and reduced by low amplitude s igna l s  from the  discriminator,  with the  

r e s u l t  t h a t  the  speech output of the  expander has t h e  amplitude va r ia t ions  

of the  o r i g i n a l  speech s igna l .  Obviously, it is very important t h a t  t h e  

speech and amplitude s igna l s  be kept i n  synchronism i f  the  system i s  t o  

work properly. This necess i t a t es  severa l  o ther  delays not shown i n  the  

s impl i f ied  block diagram, A high degree of frequency s t a b i l i t y  is  a l s o  

required because of the  narrow-band FM used t o  transmit  the  amplitude 

information. The o v e r a l l  system i s  complex and expensive, 

While the re  is  general  agreement t h a t  Lincompex does provide s igni -  

f i c a n t l y  improved qua l i ty  conversation under c e r t a i n  poor signal-to-noise 

condit ions,  t h e r e  i s  a d i f ference  of opinion on the  d e s i r a b i l i t y  of 

Lincompex f o r  c e r t a i n  appl ica t ions .  The negative view contends t h a t ,  i n  

genera l ,  the  improvement i s  not  worth the  expense, and t h a t  most of t h e  

t i m e ,  transmission condit ions a r e  s u f f i c i e n t l y  good so t h a t  the  improve- 
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