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FOREWORD

This report was prepared by Arthur D. Little, Inc., Cambridge, Massa-
chusetts under USBM Contract No. HO346045. The contract was initiated
under the Coal Mine Health and Safety Program. It was administered under
the technical direction of the Pittsburgh Mining and Safety Research
Center with Mr. Howard E. Parkinson acting as the technical project
officer. Mr., Michael W. College was the contract administrator for the

Bureau of Mines.

This report is a summary of the work recently completed as part of this
contract during the period May 1974 to July 1975. This report was sub-
mitted by the authors in July 1975. .

No inventions or patents were developed and no applications for inven-

tions or patents are pending.
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I. EXECUTIVE SUMMARY

A. INTRODUCTION

Since the passage of the Coal Mine Health and Safety Act of 1969,
the Bureau of Mines has made many advances in mine communications. These

efforts have resulted in the following developments and demonstrations:

e Surface-to-surface electromagnetic transmission of baseband
voice signals through overburdens as deep as 600 feet. This
transmission was achieved with equipment from the Interim
Mine Rescue and Survival System Program, and demonstrated
that baseband voice communications could be obtained through
these overburdens in the absence of mine-generated noise;
that is, when the mine power system was shut off. However,
during mine operational conditions, the mine-generated noise
proved to be so large that effective baseband voice communi-

cations to the desired depths could not be effected.

@ 'The development of beacon transmitters for locating trapped
miners. This work was again the outgrowth of the Interim
Mine Rescue and Survival System. Extensions of this work
have led to reliable detection and location of trapped
miners to depths of 1000 feet. The system, which makes use
of a loop antenna deployed where the trapped miner is lo-
cated, uses low-duty-cycle, tone-burst transmission. Por-
table tuned receivers and loop antennas are used on the sur-

face to determine the location of the trapped miner.

An extension of .this work has led to a call-alert paging
system concept, wherein a transmitter, similar to that used
in the trapped miner systém, is used to audibly and/or
visually alert key mine personnel carrying pocket receivers
" that they are wanted at the nearest mine telephone. In
addition, a roof-bolt paging system has been developed,
wherein commercial paging and mine carrier phone equipment
are used in conjuﬁction with a long-wire "roof bolt" antenna

to page individuals and relay to them short voice messages.
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Despite these advances in communication capabilities within mines,
some major unmet needs which require further research and development
still remain. One of these major needs is wireless electromagnetic
through-the-earth voice communication channelé capable of being operated
in the presence of both surface and subsurface noise énvironments.~ Cal-
culations have been made by both Arthur D. Little, Inc.(l) and Collins

Radio Company(z)

relating to the power requirements for such a voice
communication system. In both instances the power requirements under
operational conditions for depths of 600 to 1000 feet have been quite
substantial, in fact, prohibitive, for ﬁplinks and downlinks between the
surface and the subsurface. The power requirements range from 5 few
kilowatts up to the 100-kilowatt range. Similar levels were also pre-
dicted for side-link communication paths within the mine, These paths
may run from a central fixed transmitter to roving miners carrying por-
table units, or between two portable units. Here the problem is not so
much reaching the roving miners from the fixed tramsmitter location, but
the reverse talk-back problem of the roving miner to the central loca-
tion, or from roving miner to roving miner where transmitter power is se-
verely limited. The Collins Radio Company's calculations-for.power re-
quirements for the roving miner to roving miner indicate that portable
battery-operated equipment appears barely adequate to meet a 600-foot

range requirement imposed on such side-link communication systems.*

Recent in-mine EM propagation measurements made by Collins do show an
unexpected propagation enhancement for frequencies near_SOO kilohertz.
It is not known how consistent’this enhancement willlbe over a range
of coal mine environments, but should it be found to be comnsistent,
then the problem of achieving adequate side-link communiéation range
will be considerably alleviated. However, it appears that the mech-~
anism that'provides this enhancement of side-link propagation will
serve to make vertical propagation more difficult and thus the prob-
lem 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
comptession 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 feason why voice bandwidth compres-—
sion appeared attractive is that at VLF to MF frequencies the noise
kreceived 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, av10:l’reduction in receiver-bandwidth could be
expected to yield a 10:1 reduction in received noise and hence a 10:1
improvement in signal-to-noise ratio for the same amount of transmitter
power. Extending this simplistic‘notion'even further, a 100:1 bandwidth
reduction could be expected to yield a 100:1 reduction in transmitter
power. These potentiél 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:

Arthur D Little Inc



1. There has been no demonstration as yet of a system which
even comes close to coding speech at a 50-~bit-per-second
(bps) rate, which is the information rate attributed to

a voice transmission channel;

2. Although substantial bandwidth reductions are achieved
by certain of the voice bandwidth compression schemes,
such reductions are achieved at an increase in the re-
quired signal-to-noise ratio, thus obviating some of the
“expected savings of transmitter power that would accrue
if the systems were able to operate at the séme signal-

to-noise ratio as for a conventional voice band;

3. The emphasis of most of the work on voice bandwidth com-
pression has been directed toward means of achieving more
voice channels in a given bandwidth. There has been very
little concern in this work with the added neéessity of
increasing power per chamnel. It has rather been strictly
based on getting more channels into a given bandwidth. For
For this reason, the results are less applicable to mine

communication needs than might otherwise be expected.

Bandwidth>compression of modest amounts; that is, more than 4 or 5
to 1 in bandwidth, is generally achieved with analysis-synthesis systems.
In this type of system, the input voice signal is first analyzed. Then
voice parameters extracted by the analysis, parameters which will allow
the voice signal to be recomstructed, are transmitted in a narrow band
to the receiver. At this point these extracted parameters are used to
reconstruct the original voice message. Research in this area in the
1930's, 1940's, and 1950's was directed toward using amnalog circuits to
implement these systems., Work centered on digital systemsAin the 1960's

and 1970's, and progress has been significant.

To digitize conventional telephone speech requires approximately
50,000 bps. This assumes a bandwidth of about 3000 Hz and a sampling
rate of about 10,000 Hz with quantizing to around 8 bits. Modern digi-

tal systems can encode the analyzed version of the speech into 1200 bps

‘Arthur D Little Inc



and, in some extreme cases, into as little as 700 bps. This indicates a
compression of 40:1 is obtainable by these systems. However, the more
advanced systems of this type require considerable computer power, placing

them considerably beyond their application to mine communication

requirements.

2. Non-Real-Time Techniques

In the area of non-real-time voice bandwidth compression'techﬁiques,
we feel there may be some merit to the stretched-out voice syétem wherein
an original message T seconds long is in effect stretched to NT seconds

: long for fransmiésion. All the quality of the original’Speech may be
preserved at the same signal-to-noise ratio as would be required for

full bandwidth transmission, but with a bandwidth that is shrunk in
direct proportion to the stretch-out factor. Thus, true transmitter
power requirement savings can be made, but only at the expense of a delay
between the time the message is spoken and the time it is available to

be heard at the receiver.

C. CONCLUSIONS

From our study we conclude that real-time state—of-the=-art voice
bandwidth compression techniques are not suitable as a ?ractical means
for improving mine wireless communications performance at present. How-
ever, non-real-time voice bandwidth compression techniques and real-time,
non~-voice systems do offer means for meeting the needs of throﬁgh—the—
earth emergency subsurface to surface communications. We conclude that
the advantage of limiting the voice signal waveform to improve received
signal-to-noise ratio should be applied to mine wireless communication

systems.
D. RECOMMENDATIONS

Based on the findings and conclusions of our study, we recommend
that the stretched-out voice systems be further explored as a means of
meeting certain of the mine communication needs, particularly for links
through the earth for emergency purposes, and most important, the link

from underground to the surface. It is particularly true that power’
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savings here can be important because of the limited amount of energy
available to a miner trapped underground and the requirements for intrin-
sic safety for electrical communication equipment. We feel that in an
emergency the delay time imposed by a stretched-out speech system becomes
a much less important objection than it is for use in the day~-to-day
operation of the mine; and that a suitable system could be made to operate

at a substantially reduced power using this means.

We also recommend that non-voice~type systems where truly narrow-
band operation can be achieved be studied further. One such"SYStem
might be a very low-bandwidth teletype—quality system wherein the operator
uses an alphabet keyboard to spell out his message and a LED display to

present both incoming and outgoing messages,

State-of-the-art electronic components are available today which
make both of these alternatives to a real-time voice system.extremely
attractive for emergency mine communication needs, and capable of being
demonstrated in the form of prototype hardware with only a modest devel-

opment effort,

Arthur D Little Inc.



II. THE NATURE OF VOICE SIGNALS

Speech is produced by the excitation of a complicated acoustic filter
by raw acoustic energy. The filter consists of the cavities of the
throat, nose, and mouth. The energy sources are either produced by air -
vibrating the vocal cords (voiced sounds) or by turbulent air flow be-

- tween the teeth or between the tongue and the teeth or the palate (un-

voiced sounds) or by some such combination.

Typical vocal tract filter characteristics consist of a series of
resonances and anti-resonances with as much aé 10 to 20 dB between peaks
and Valleyé. At the peaks of these resonances some of the harmonics in
the'excitihg forces are reinforced relative to the others. These fre-

- quencies where reinforcement takes place are réferred to as formants,

of which there may be as many as five.

For unvoiced sounds the spectrum of the exciting signélvis like noise
spréad out over the audio range. If they go through the filter, they
exhibit formant frequencies. Hissing sounds that do not go through the

filter (ssss and sh) are noise-like, with a very wide frequency band.

Voiced sounds look iike a train of impulses with a fundamental fre-
quency between 60 and 240 Hz (for men, but higher for women and children)
with a rich harmonic structure that falls off with frequency up to per-
haps 4000 Hz. These harmonics are modified by the filter and the formants

form an envelope on the harmonics.

Formants differ from individual to individual, making the voices of
different individuals distinctive. However, the combined effects of
harmonics and filter always produce a rapidly falling spectrum. Figure
1 shows the envelope of spectra for male speakers and illustrates this

feature.

One of the most straightforward ways of decreasing the frequency
required for voice transmission is simply to chop some of it off. Exten-
sive tests have been conducted on the intelligibility of telephone

speech as a function of bandwidths.
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Figure 2 shows the effect of changing the upper end of the speech
band with a variable cutoff low-pass filter. If the band is restricted
to 1000 Hz, intelligibility is decreased to 407, but 837 of the energy
is still present. This curve shows that low frequencies contribute to
energy much more than to articulation. Figure 3 shows the effect of
eliminating low frequencies with a variable cutoff high-pass filter.
This shows that elimination of frequeﬁcies below 900 Hz leaves intelli-
gibility above 90%, but decreases energy to 177 of the total. While in-

telligibility is preserved, speaker recognizability deteriorates severely.
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ITI. METHODS OF VOICE BANDWIDTH COMPRESSION

Systems designed to compress the bandwidth of speech fall into two

categories:
1. Those which act or modify the speech signal directly, and

2. Those which analyze the signal and transmit facts about
this analysis to the far end where they can be used to

reconstruct (synthesize) the original speech.

In the following sections we treat methods of bandwidth compression

of these two classes,
A, MODIFICATION OF SPEECH SIGNALS

l. Band Limiting

An obvious way of decreasing bandwidth is to cut some of it off with
a filter or filters. We have observed in Figures 2 and 3 that very
little articulation is lost by cﬁtting off a substantial portion of the
lower frequencies or a moderate amount of the upper end of the band.
Restricting the bandwidth decreases the noise at the‘receiver. Cutting
off lower frequencies is especially attractive in a noise environment
with large discrete frequency noise contributions at the power frequency

and its first several harmonics.

During World War II the Bell System installed "emergency banks" that
provided two voice channels in a standard 4000 Hz slot intended for one
voice channel. This method was accepted as a wartime‘measure and pro-

‘vided at least marginally useful channels.

Experiments have shown that restricting the band to 500 to 2000 Hz
results in about 607 intelligibility for isolated words, but provides
adequate performance for connected speech with suitable repetitions.

(5)

Kryter has found that intelligibility with a 1500 Hz bandwidth can

be improvedvby dividing the band into three separate 500 Hz bands cen-

tered within the range 500- to 3000-range (see Figure 4).

Pursuit of this simple approach may be an attractive possibility

for mine communication, since the bands (not necessarily limited to

13
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three, nor to a total of 1500 Hz) may be strategically located to avoid"

dominant noise sources.

2. Time Assignment Speech Interpolation

Time assignment speech interpolation (TASI) makes use of silent
periods in speech in a given direction -- either while the source is
listening or in silent intervals between words or sentences -- by inter-
leaving words from'different speakers. This has been effective on trans-
atlantic cables where the medium is costly enough to warrant the.expen-

sive terminls, but it does not seem applicable to mine communications.

3. Temporally Interrupted Speech

Channel utilization can be improved by continuously interrupting the
speech signal at a fairly high frequency. If a 507 duty cycle is used,
another channel may be interleaved in the same band. The resultant in-
telligibility_is a little better than that obtained by halving the fre-
quency bandwidth. If the samples are run together, they can be trans-

mitted at half speed and put back together at the réceiving end, halving

the bandwidth required in the channel.

4, Clipping

Where the signal-to-noise ratio is low, some improvement in intelli-
. gibility results from simple clipping. This results from increasing the
energy in lower amplitudes at the expense of distortion on the peaks.

Simple clipping differs from companding in that no compensating expan-

sion takes place at the receiver.

Clipping may be carried to the limit, giving a constant-amplitude
"infinitely clipped" fectangular waveform. The onlybinformation pre-
served is the zero crossings of the original speech. Surprisingly,
little intelligibility is lost, but speaker recognizability is almost

obliterated and the quality is unpleasant.

An improvement in effective signal power of as much as 12 dB can be

obtained from clipping. This represents a large number of watts at the .

power levels we are considering.
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5. Frequency Division (Stretched—out Voice)

One of the most effective ways of decreasing bandwidth is to divide
all frequencies by a constant before transmission and multiply them back
to their original values at the receiver. If all cycles of all frequen-
cies are transmitted, this implies a slowing down of transmission by the
constant used. An elementary way to achieve this is to record speech on
a tape recorder and play it over the line at a slower speed with a corre-
sponding decrease in bandwidths. At the receiver the speech is again
recorded and played back sufficiently speeded up to reconstitute the

original.

In principle, there is no limit to the savings in bandwidth achievable
in this way. From an information theory viewpoint there is absolutely no
saving in channel capacity since a greater time is used. Time and band-
widths are exchanged. Further processing may reduce the actual channel
capacity needed. Interrupted samples may be joined and sent as discussed

in Section A-3.

Real-time compressed speech may be sent by dividing in real time with,
for example, phase-locked loops. The divided frequency is sent for the
amount of Eigg_——‘not cycles —— that it occurs and is multiplexed back
up for that time at the receiver. This is actually a form of "synthesis-
analysis' compression where a frequency is encoded into 1/n times itself
and decoded by multiplying by n at the receiver. This type of processing
goes beyond modification of the voice signal and will be discussed fur-
ther in Section B-2, Harmonic Compression. This form of frequency divi-

sion is limited to about 3 to 1.
B. ANALYSIS-SYNTHESIS TECHNIQUES - VOCODERS

The compression methods discussed so far try to preserve, however
crudely, the original voice waveform. Another approach to bandwidth
compression is to transmit only the important Erbperties of the speech
signal with the intention of synthesizing at the receiver a signal that
sounds like the original. Systems that work in this way are cglled
"yocoders," a term coined in 1928 by Homer Dudley of Bell Telephone

Laboratories.
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Three important properties of human hearing are fundamental in the

analysis-synthesis process in vocoders:

1. The ear is a spectrum analyzer with a relatively short

integrating period;

2. For monaural sounds, the ear is virtually insensitive to

phase; and
3. Hearing is extremely sensitive to pitch variatiomns.

For a vocoder to be successful then, the short-term power spectrum
has to be preserved without worrying about the phase relationships. The

generic system for doing this is the spectrum channel vocoder.

©-1. Spectrum Channel Vocoder

Figure 5 is the block diagram of a spectrum channel vocoder. A set
of bandpass filters divides the voice signal into frequency channels.
To determine the power in each band, the signals are rectified and passed
through low-pass filters. The oﬁtputs of these filters are continuous
estimates of the speech power spectrum in each channel. Working on the
whole input signal, a pitch extractor determines the pitch and a detec-

tor determines whether the speech sound is voiced or unvoiced.

The separate channels' are transmitted by any of a number of means,
either analog or digital, to the receiver synthesizer which reconstructs
the signéls using the spectrum energy estimates to modﬁiate the recon-
structed pitch and voicing signal. During voiced segments a pulse gen-
erator puts out short pulses at the pitch rate. During unvoiced sounds,

a noise generator output is fed to the filter bank modulators.

Voéoder research was active in the 1950's and concentrated on the
number of channels and optimization of channel filter design. With
increasing emphasis on digital transmission and availability of power-
ful computers in small spaces, recent channel vocoder research has been

directed to digital implementation.
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2. Voice-Excited Vocoders*

Naturalness in channel vocoders can be increased by eliminating the
pitch detector and voicing detectors and substituting a low-frequency
portion of the baseband signal (hopefully containing the fundamental).
The excitation function is‘generated at the synthesizer by rectifying,
filtering, and clipping the baseband signals, thus creating a spectrally
flat signal with energy at pitch harmonics for voiced sounds, noise for
unvoiced sounds, and silence for silence. The set of filtérs does not
need to include the frequencies covered by the low-bandpass filter since

these signals can be directly added in at the output (see Figure 6).

3. Cepstrum Vocoder

The channel vocoder essentially transmits the Fourier transform of
the speech signal. Because of the nature of typical voiced speech, sig-
nificant changes are more readily detectable in the Fourier transform of
the logarithm of the power spectrum which has been named the Cepstrum.
Cepstrum information can be more easily used by the synthesizer to sep-

arate the envelope of the spectrum (slowly changing vocal tract configu-

ration) and excitation function.

4, Harmonic Compression

As described in Section A-2, frequency division without compression

simply slows transmission. A harmonic compressor, as shown in Figure 7
] g L]

The voice—excited vocoder is an excellent examplé of the simplifica-
tion possible for mine communications compared with telephone appli-
cations. For an acceptable telephone voice-excited voéoder, the low
band must include the fundamental frequencies for voices of men, wo-
men, and children. The wider this band, the more it eats into possi-
ble bandwidth compression. By limiting the band to the range of fun-
damentals of men's voices only and optimizing the design around accom-
panying expected formants, much more encouraging results may be ob-

tained than telephone research would lead one to expect.
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halves the instantaneous frequency of each band, transmits the compressed
signal, and resynthesizes the input by doubling in each of the (halved)

bands.

A harmonic compfessor can be applied to the baseband signal of a
voice-excited vocoder (Section B-2) to decrease the bandwidth required

by that type of vocoder.

5. Autocorrelation Vocoder

A vocoder that operates on the autocorrelation function of speech is
shown in Figure 8. In the analyzer the short time autocorrelation func-
tion is derived for a number of discrete delays. The autocorrelation
function is band-limited to the same band as the input signal and is
therefore completely specified by the instantaneous values for discrete
delays whose period is no more than the reciprocal éf the Nyquist
 interval. A delay step of 0.1 msec corresponds to a 5000-Hz band-limited
signal. Speech quality is influenced by the maximum delay (number of
steps). For a 2.5-msec delay 26 delay channels are available. Each
represents a time-varying sample of the short-time autocorrelation func-
tion. If each channel is limited to 20 Hz, a total gross transmission

bandwidth without multiplexing or excitation of 520 Hz is required.

At the synthesizer the original signal is regained by a process
which is essentially a time-varying transverse filter multiplying the

excitation spectrum by the power spectrum of the original speech.

The autocorrelation vocoder is not susceptible to degradation re~
sulting from arbitréry choice of bands of frequency that may not corres-
pond with the harmonic structure of voiced speech sounds. However, the
anélogous problem crops up in the choice of maximum delay relative to

the fundamental frequency being encoded.

6. Phoneme Vocoder

Continuous speech may be broken into perhaps 40 distinct elements,
called "phonemes." Typical phonemes are all vowel and consonant sounds
in a language. A system that would recognize these phonemes and send a

simple code to the far end where the phoneme would be generated again
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probably offers the greatest band saving possible. Vocoders of this type
have not been very successful, although the synthesis process alone is
useful for speaking machines operated by a keyboard or a computer. Since
pre—arranged phonemes are used, speaker recognizability is loét in a

phoneme vocoder.

7. Adaptive Predictive Coding

A great deal of current research is based on adaptive predictive
coding. This embodies a combination of differential quantizing and
vocoder techniques, and depends on sophisticated computational ability
in real time. In this approach both the transmitter and the receiver,
using the same algorithms, predict what the current value of a signal
should be based on its history. The difference between this valué and
the actual value is transmitted to the receiver where the difference is
added to the predicted value to produce the next sample. The predictor
at each end is adaptive -- that is, it changes its ground rules period-

ically to minimize the error.

Work in this field is taking place using simulation on large digital
computers rather than hardware implementation of systems. Workers in
the field estimate that high quality speech may be realizable with rates
as low as 1000 bps.

These systems tend to be vastly confused by signals other than sin-
gle talkers. Noise and double talking can make them useless. This is

a serious drawback for use in mines. -

8. Pattern Matching Coding

Caldwell Smith<ll) has developed a speech coding system which uses
a set of patterns as the base for coding speech. A channel vocoder
operates on the speech, and the time history of the output responses
from each channel forms a pattern over a preselected period of about
20 msec. For each pattern thus obtained, a best match is found to omne
of 1024 stored patterns, for exam@le. The basic information transmitted
to the receiving location is a series of pattern numbers, thus developed.

The speech is reconstructed by a generator which produces a series of

24

Arthur D Little Inc



sounds corresponding to the sequence of patterns. Data rates for such
systems are from 500-1000 bps, depending primarily on the number of stored
patterns used. Intelligibility ranged from 83 - 92% in tests of such

systems.

9. PFormant Vocoder

The spectral envelopes of speech sounds are characterized by several
prominent maxima. These represent the resonances of the vocal tract
called the formants. Below 3000 Hz three formants are typically found
in adult speech. In a formant vocoder, the analyzer attempts to deter-
mine the frequency locations of the major formants. Signals corresponding
to the formant locations and strengths are transmitted and utilized to
control the resonances of a formant synthesizer consisting of ﬁhree or
more single-tuned resonant circuits. The block diagram of a formant

vocoder is shown in Figure 9.
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IV. TFUNDAMENTAL LIMITS TO BANDWIDTH COMPRESSION

A number of investigators have treated the problem of the information
rate associated with speech communication. They tend to agree on a fig4
ure of about 50 bps as being the upper limit of the information rate com-
municable to a person listening to speech. This rate falls far short of
the nominally accepted 50,000-bps rate necessary to code a digital repre-
sentation of speech directly. This value is arrived at by assuming a
sampling rate of 8000 bps and a 7-bit amplitude resolution (corresponding
to"l part in 128). It is this savings of 1000:1 that is the lure for the
development of compressed speech for use in communication systems such as
' might be employed in the mine environment. No one has yet developed a
real-time voice communication system that achieves this ultimate in bit
rate. However, if such an achievement were made, it should be ppssible
to transmit the 50-bps rate in a communication system whose bandwidth
in Hz is approximately this value. Indeed, by using modern digital data
transmission techniques, it would be possible to confine the bandwidth
to even less than this ultimate 50 Hz. However, in general, the reduc-
tion of bandwidth beyond that represented by the basic bit rate would be
bought at the expense of added transmitter power as can be seen from an

examination of Appendix IV, Section E.

There is another point of comparison that can be used in arriving at
one of the limits to the compfession of voice in real time, and that is
to accept the number of bits per second required in a phonémic-type voice
reproducer which responds to phonemic commands and produces an under-
standable voice output from these phonemic commands. Such a device is
the Votrax manufactured by the Vocal Interface Division of Federal Screw
Works(zs), If pitch and inflection commands are deleted from those of
the Votréx, then a six-bit characterization results for each phoneme.

If one assumes a nominal speaking rate of 4 or 5 phoneme words per sec-
ond, a usable output results at a 90-bps rate. These two limits, then,
seeﬁ to be the boundaries'agaiﬁst which voice bandwidth compression

systems can work. It is instructive to note that a high-speed electric

typewriter which types 1 character at a time can achieve a typing rate
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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 the classes of bandwidth compression schemes discussed
in Section III and compares their respective parameters. The character-
istics compared include: bandwidth or bit rate, signal-to-noise ratio
required, band reduction ratio, estimate of sentence intelligibility,
estimate of computational requirementé for analysis and synthesis, ana-
log signal processing requirements, acoustic background influences, the
deterioration of performance with decreasing signal-to-noise ratio,
pitch preservation, speaker identification, real time, delay time if it
is noﬁ a real-time system, the state of development, cost, size, weight,
power consumption, and an estimate of voice quality. In a number of in-
stances the bases for comparison were relative, not absolute, with the
data presented meant to provide a sense of the relative behaviors of the
various systems. In addition to various types of bandwidth compression
techniques presented in the matrix, we also presented three others, which
are not directly bandwidth compression échemes; but represent other means
of preserving or saving signal-to-noise ratio or decreasing the required

transmitter power, such as method of clipping and companding.

The basis for comparing the compressed systems is a direct baseband
voice system. The prominent features of each of the voice bandwidth

compression techniques tabulated in this comparison are discussed below.

A. ADAPTIVE PREDICTIVE CODING

Adaptive predictive coding is an area of current ongoing research
and development. The emphasis in this area is on producing a telephone-
quality voice with é small bps rate. The impetus for this work is to get
more voice channels per digital channel in communication systems. The
general system requires computer operation to develop the codes to repre-
sent the speech from the sending station. However, the mine environment
is a drawback to the use of such a technique. There is heavy reliance
on very sophisticated and. complex digital data processing at both ends
of the system, and the computer power required is quite significant.

Another problem is that the adaptive predictive coding system is quite
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sensitive to background acoustic noise that mixes with the original voice
message. The system attempts to translate the total input signal into a
representation as if all signals were of the voice message. Hence, the
performance in a noisy enviromment could become quite poor. The ongoing
research indicates that, for telephone-~type use, excellent system per-
formance will be achieved at a level of about 700 or 800 bps within the
next few years. The two features of extreme computer power required and
the susceptibility to background noise make this particular system quite

unattractive for mine communication systems.

B. SPECTRUM CHANNEL VOCODER

Spectrum channel vocoding, which was highly developed 20 years ago, is
an old art compared to adaptive predictive coding. Relatively unsophis-
ticated circuitry would suffice to provide systems of this type. The
subjective voice quality from a system of this type is classed as good.
There will be machine-like characteristics to the reproduced voice, but
this should offer little problem in a mine environment. An interesting
advantage of this type of vocoder is its relative immunity to background-
interfering acoustic noise at the sending station. This is so because
the device uses a Bank of tuned filters and tends to emphasize the reso-
nant formants of the speaker's voice to the exclusion of background

‘noises.
C. TFORMANT VOCODERS

The developments in formant vocoders follow the lines of the spectrum
channel vocoders; the characteristics are generally the same. Some feel
that the perceived subjective voice quality of the reconstructed voice is
- somewhat more machiné-like than that of the spectrum channel vocoder. A
common problem to both the spectrum channel vocoder and the formant
vocoder is the problem of extracting accurate pitch information for re-
construction of the voice. For mine-type applications it may be possible
to drop the requirement for pitch entirely; This will let intelligible
messages be transmitted, but the received voice would have a monotone
characteristic to it, or the received voice could be made to sound like a
whisper and it would then be entirely df an unvoiced character (see Appen-
dix I1I).
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D. BASEBAND VOICE

Baseband is included as a basis of comparison for the other systems
for mine communication uses. One of the characteristics of the direcf
baseband voice -- or a band allocated to voice —-- is that its deteriora-
tion with deteriorating signal~-to-noise ratio is gradual and well under-
stood. By reference to Figure 11%*, it can be seen that there is no sud-
den deterioration of the ability to discern the message. It deteriorates
gradually with decreasing signal-to-noise ratio, whereas most of the
processed speech systems fall apart suddenly and completely destroy the

ability to communicate.

E. BAND LIMITING

Band-limiting systemé provide an opportunity to make relative simple,
very modest ratio reductions in bandwidth required for voice communication.
Such a system simply blocks out certain bands and transmits the remaining
part. Performance from such band-limiting systems is presented in Appen-—
dix I. The conclusion reached is that no great benefit can be obtained

with such systems.
F. TEMPORALLY INTERRUPTED SPEECH

Many experiments on temporally interrupted speech have been conducted.
They were directed toward speeding up or slowing down recorded speech for
either rapid comprehension of voiced messages, or during a learning pro;
cess; to present the voiced message at a slow rate for greater comprehen-
sion of difficult subject matter. It is completely evident from this
work that one can drop one-half of the voice message without disturbing
the ability to understand the spoken messages. In this way one can, by
various techniques, cut the bandwidth required for transmission to one-half
of the original band. We do not expect that there will be any savings in
transmission power for such a system, however, because it represents a
removal of redundancy in speech, rather than a repackaging of the form of
the speech. Again, simple systems can be made and they do work; the

applicability to mine communication needs is not evident, however.

"
See page 41.
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G. FREQUENCY DIVISION (STRETCHED-OUT VOICE)

It is obvious that an appreciable reduction of required bandwidth for
transmission of voiced signalé can be obtained simply by'recording the
original voiced message and then playing it back at a much reduced rate
or stretched out in time. The bandwidth associated with it will shrink
directly in proportion to the stretch-out factor one uses. In this
event, one can claim a direct transmitter power savings proportional to
the stretched-out ratio. The major problem associated with such stretched-
out voice systems is that the users of the system must adapt to the
enforced added time delay between the sender speaking and the receiver

hearing the spoken message.

While an emergency voice transmission system might be able to accom-
modate quite large delay times imposed by this restriction, it is unlikely
that day-to-day communications would tolerate a stretch-out factor of
- more than 10 to 1 at the most. A 10-to-1 ratio would correspond to a
10-to-1 ratio in transmitter power savings. Applicable experience with
systems of this type comes from the U.S. Navy's underwater telephone
systems. In seawater the velocity of propagation of sound is approxi-
"mately 5000 ft./sec., and it is well known that transmissions over 5
nautical miles are obtainable with such underwater telephone systems.
Hence, one-way time delays of 6 seconds are experienced. The telephone
operators know that time delay is inherent in their communication system
and thus are able to adapt to it without severe difficult. For an
untrained person, however, such a time delay could be annoying if he
were not experienced with it nor expecting it. Certainly for the day-to-
daybcommunication needs of mines, delays of this type could be considered
anvundesirable characteristic of the system. For a true emergency voice
communication system, we do believe that delayé of this length, or even
longer, would not pose a severe problem. The application of these sys-
tems can provide a reduction of power capacity required for voice at the
expense of the imposedvtime delay. Such a s&stem would best operate with
very short voice messages, because it is the length of message and the

reduction ratio that determine the delay time between the transmission
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and reception of the signal. The possibilities for using this system

are discussed in Section VII in more detail.
H. HARMONIC COMPRESSION

Harmonic compression schemes of many kinds have been developed. In
princible, these systems take the original voice spectrum and by real-time
signal processing reduce the bandwidth by a factor of, say, 2 to 1. Thus,
an original voice band between, say, 200 and 3000 Hz would be reduced to
100 to 1500 Hz,'cutting the bandwidth in half. Upon reception, the sig-
nal frequencies in the received waveform would be analyzed, multiplied

. by 2, and presented to the listener.

Band reduction ratios of 2 to 1 are readily obtainable in this way.
Again, a somewhat higher signal-to-noise ratio than for a baseband sig-
nal would be required, and there appears to be almost no advantage in

terms of power requirements for a voice link obtained by this means.

I. CLIPPING

Clipping of transmitted waveforms has long been used, particularly
in instances where the limitation on transmitter power is the peak power
rating of the transmitter. The ability to communicate depends on the
received signal-to-noise ratio which is proportional to the average
power of the transmitter. The average power can be much higher when
clipping is practiced, thus causing the transmitter to operate at maxi-

muﬁ.power all of the time.

However, there are some problems with clipping systems. In partic-
ular, there is a harshness to the quality of the voice as received. If
a high degree of clipping is used,  the quiet passages where the voice is
not present tend to fill up and respond to noise. This creates an irri-
tating property to the output speech presented. There are modifications
of this technique, such as Lincompex discussed in Appendix V of this
report. In Lincompex, in addition to hard limiting or clipping, a
narrow-band moduléting signél is transmitted which is used to control
the level at the receiver. This operation makes the voice natural and

also avoids the problem of the quiet periods being filled up with noise.
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Clipping can be of considerable use in a voice communication link if
the transmitter power is peak—limited. The degree of improvement can be
as high as 12 dE (more than 10 to 1 in power). Thus, it would appear to
be a desirableafeature to include by itself in a mine voice communication

system, either with or without the Lincompex type of control signal.

J. PHONEME CODER

There has been much talk and little resulting hardware related to a
phonemic-type coding system. One can make up a perfectly adequate English
language representation with as few as 32 phonemes. There is hardware
and equipment that accepts phonemic commands. From these commands it

can generate understandable English or an artificial speech. The Votrax

" is a device of this class.

There does not presently exist the capability of accepting spoken
English messages and from these messages obtaining the extraction of the
phonemic structure to a degree that would be adequate for a voice commu-
nication system. It also appears that a device capable of extracting thé
phonemic structure of general spoken English would be a computer-based,

‘complicated, non-mineworthy piece of equipment.

It should be pointed but that present voice communication research
is directed toward the telephone-quality voice systems, such as those
represented by the adaptive predicted coding already discussed, and that
little work is being done on the phonemic coder. It may be appropriate
to keep track of the progress being made in the area of voice-controlled
computers (a part of continuing voice research), because many of the
voice input systems, as part of their basic structure, need decoders

similar to those required in a true phonemic coder.

K. PATTERN CODING -

The pattern vocoding systems developed by Caldwell Smith are an
interesting approach to producing voice communication systems. The
basic Caldwell Smith approach is to look at the patterns of'spegtral
energy distribution with respect to time produced by the various sec-

tions of spoken words and, by examining these patterns over periods of
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25 to 50 milliseconds, try to find a family of patterns from which the
spoken messages can be coded, then transmit by codes the sequence of

patterns found in the spoken stream being analyzed.

Experiments by Caldwell Smith show that bit rates of 300 to 500 bits/
second can provide intelligible message transmission. For mine communi-
cation needs the amount of storage of information and computer processing
required to generate the proper interpretation of the patterns is quite
large. Caldwell Smith's system used a magnetic disk storage unit,
entirely inappropriate for use in the mine communication systems presently

contemplated.
L. COMPANDING

Although not a voice bandwidth compression device, companding is fre-
quently used in communication systems to permit a relatively narrow dy-
namic range system to accommodate a substantially wider dynamic range of
message input. It automatically compresses the loud passages of spoken
messages and automatically increases the level of>quiet passages for
transmitting purposes. Upon reception, the‘opposite is done to restbre.
the correct level to the passages of the spoken message. In some ways
it suffers from the same drawback as the limiting or clipping of speech
in that during quiet passages background noises will be amplified and

transmitted.
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VI. COMPARISON OF SYSTEMS

A. METHODS OF COMPARISON

There are a number of ways in which various voice bandwidth compres-
sion systems can be compared. These include degree of circuit complexity,
weight, size, adaptability for mine enVironment, power consqmption of
processing circuit, quality of voice, processing power consumpfion, in-
herent delays in the system, and so forth. Bandwidth reductién ratio, or
the factor by which the voice band can be compressed into a transmission |
band, is a parameter which is also central to all voice-compression tech-
niques. However, it should be borne in mind that the application to mine
wireless communication sYstems is one in which the prime measure of the
effectiveness of candidate voice bandwidth,compression techniques is not
the bandwidth reduction ratio per se,'but how much power reduction can be
made while maintaining an adequate signal-to-noise ratio or comprehension
level for the reconstructed voice message at the receivef. This consid-
eration is therefore qﬁite different from the considerations related to

much of the past and present work on voice bandwidth compression.

In the area of past and current progress in voice bandwidth compres-
sion, emphasis has been placed, not on saving transmitter poWer, but
rather strictly on the conservation of bandwidth. Much attention has
been directed toward adding capacity in terms of voice channels to already
existing bandwidth-limited communication paths, which focusses the con-
servétion efforts at bandwidth and not at power. vThus, the objectives
sought in much of the voice bandwidth compression work are not necessarily
compatible with the objectives of the Bureau of Mines for voice bandwidth
compreésion techniques. For this reaéon we believe that the method of
comparison between various candidate systems should be based strictly on
the amount of transmitter power required compared to a standard level
required'for full-voice bandwidth transmission. Such a posture will
clarify the real power demands placed on the transmitter of such a system.
Then the impoftance of bandwidth compression ratio vanishes from the com-
parison criteria and the power requireméﬁts are given prime importance,

together with the complexity required to achieve the reported performance.
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There is a well established body of data from which the various mea-
sures of channel quality can be assessed for full-bandwidth baseband
voice communication. In particular, we used the articulation index as
a measure of the cabability of a voice channel. Figure 10 shows how this
quality varies as a function of signal-to-noise ratio in the channel.
There are se&eral conditions associated with the performance indicated.
The first assumption is that the background noise has a flat spectrum
over the voice.band, and the second assumption is that the signal-to-noise
ratio is constant over the band. This assumption means that modest pre-
emphasis of the voice signal has been used and a method of restoring'the
spectral shape of the original voice is used at the output end of the
system. Undér these conditions the plot illustrates the articulation
index as a function of signal-to-noise ratio. The signal power for these
plots is the long-term average signal power at the output end of the

system. Similarly, noise power is the long-term average noise power.

The articulation index (A.I.) is a measure of a listener's correct
interpretation of voice sounds. There are several features of the Fig-

ure 10 plot that are worthy of note:

1. At a Signal—to—noise'ratio of +18 dB, articulétion index is
approaching the asymptotic value, and any further increase
in the signal-to-noise ratio would be judged solely as an
improvement in quality of the channel, not in intelligi-

bility of the messages received through the channel.

2. At a -12 dB signal-to-noise ratio, essentially all articu-
lation index is lost and communication becomes almost

impossible.

This form of articulation index plot can be converted to one in which the
abscissa is signal power rather than signal-to-noise fatio_merely by
relating the total average signal power to the average power found in a
1-Hz bandwidth due to the received noise. If this is done, various sys-
tems of bandwidth compression can be compared strictly on the basis of
power necesséry on reception to échieve various levels of articulation

index. What this new plot will show are the relative power requirements
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for the various bandwidth compression techniques, togethér with a mea-
sure of what intelligibility or articulation index can be expected for
the various systems. Although many of the bandwidth compreséion tech-
niques do not have fully identified articulation indexes as the signal-to
noise ratio deteriorates, they do identify minimum required values of the
signal-to-noise ratio in specific bands, and sometimes give a measure of

articulation index, on which we can base a comparison with other systems.
B. DISCUSSION OF COMPARISON PLOT

The first item of concern in the modified articulation index compari-
son plot of Figure 11 is the way that articulation index varies as a
function of signal power. For the full voice band (200 to- 6100 Hz), it
can be seen that once the total signal power exceeds approximately 56 dB
relative to the noise power in a 1-Hz band, there is no further improve-
ment in the ability to interpret voice sounds.spoken through a communica-
tions system. A drop of 15 dB in the signal power leads one to a point
where the articulation index is around 50%. As one decreases further in
signal power, a corresponding loss of articulation index results. Gen-
erally, a communication network that works with articulation index below
30% becomes difficult to use, although not impossible. Consequeﬁtly, only
systems that achieve something of the order of 30% articulation index

should receive serious consideration.

The plot of Figure 11 also shows points or regions where some of the
voice bandwidth compression techniques fall. The ideal region for tech-
niques for mine wireless communications is the upper left corner; they
are also not complex. The most inappropriate system shown on this ﬁlot is
the two-formant frequency vocoder developed by Philco Ford(23). For this
vocoder, it is better to use the full-voice bandwidth instead of the
160-Hz wide channel of the vocoder because the vocoder requires a 30-dB
signal-to-noise ratio, thus leading to a higher power requirement at a
75% articulation index than for the full-voice band. In fact, at the
same power level an articulation index of about 90% results for the
full-voice band as compared to a 75% level for the Philco Ford vocoder.

Indeed, because of the nature of that vocoder, even as signal-to-noise
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ratio improves, it is unlikely that the articulation index would improve
at all. Therefore,.this system is inappropriate for mine wireless commu-

nication applications.

(12)

The next system of interest is one identified with Flanagan in
which a 43-Hz wide bandwidth is required for vocoded speech, with a
signal—td—noise ratio of 35 dB yielding only a 1-dB improvement over the
full-voice bandwidth. Again, the system is inappropriate for application

to mine communication needs.

Another system of interest is the 2400-bps voice—compressioﬁ system.
Such a system, typical of the digitally processed adaptive predictive
systems with a signal-to-noise ratio of 6 dB, ﬁould'result in an improve-
ment of some 8 dB over the full—ﬁoice band. This improvement would be
at the cost of complicated digital processing equipment, and therefore
we do not expect that it would be economical or mineworthy at the present

time.

The Caldwell Smith pattern-recognizing vocoder seems to be oécupying
a favorable position. The use of this technique is dependent on equip-
ment that is quite complex. Caldwell Smith used a learning process as
well as a disk storage system to perform the analysis and synthesis re-

quired for his processing.

A 4 to 1 non-real time, stretched-out speech system is also shown on
the plot of Figure 11. This type of processing preserves the character-
istic of the full-voice bandwidth system as a function of signal-to-noise
ratio. Therefore, this relatively simple system, stretched-out voice,
will have a 507 word intelligibility at the same power level that
Caldwell Smith's pattern-recognition system would show an 80% word
intelligibility. Thus, in terms of the communication systems, it is
éntirely reasonable to expect acceptable performance from the stretched-

out voice system.

As a final point of comparison, power requirements for a three char-
acter-per-second teletype code system operating over a 30-Hz bandwidth

with a 6-dB signal-to-noise ratio are shown. This system appears to be
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extremely favorable from the point of view of power consumption, and doés
provide a data rate that would be useful for some purposes. This should
be borne in mind when considering alternatives to voice bandwidth com-

pression systems (discussed later).

The general overall conclusion obvious from the plot of Figure 12 is
that available state-of-the-art voice bandwidth compression techniques
do not offer sufficient improvements in power requirements to make their

use universally applicable to mine wireless communication systems.
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VII. TIME-DELAYED SPEECH

As stated in Chapter VI, present real-time voice bandwidth compres-
sion systems have an extremely limited capability for decreasing the
power requirements of voice communication systems., The non-real-time
systems, on the other hand, do offer some improvements in this respect.
However, this improvement is bought at the expense of time delay in the
voice channel., It is well recognized that modest time delays in the
voice channels offer no serious problems., For example, earth-to-moon
voice communications have been demonstrably easy to conduct. In this
instance, one-way delay times of about 1-1/2 seconds and round-trip

delayed times of about 3 seconds are experienced.

Underwater acoustic voicé channels suffer a delay of 1.2 seconds per
nautical mile and are known to be useful for ranges beyond 5 nautical
miles., At 5 nautical miles the one-way transmission delay time is
6 seconds and the round-trip time is 12 seconds. Operatoré who use
these underwater systems have no trouble using the system, but they do

know that delay is to be expected and they so adapt.

It therefore seems reasonable to expect that a mine wireless commu-
nication system having delays of 12 seconds could prove to be a usable
system., Indeed, an underground-to-surface system between fixed or
semi~portable stations could well employ such a system. It
noted that for such a system it may be appropriate to use different
stretch-out factors for the two directions of transmission. A large
stretch—-out factor would be used for the in-mine transmitter and a
small stretch-out factor would be used for the surface transmitter.

This difference in stretch-out factor is possible because the power of
surface transmitter is not as limited as that for the in-mine tranmsmitter,

both from the safety aspect and the availability of raw power.

There are a number of ways that such stretched-out voice messages
could be handled. Figure 12 illustrates some of the possibilities, At
‘the top of this figure is shown an initial voice message of 2-seconds

duration. The second line illustrates the stretched-out wversion of this
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1. Original Message

2. Stretched-Out Version of Original Message

3. Received Reconstructed Message F—"‘]

4. Alternate Message Reconstruction at % Original
Articulation Rate l

5. Repeat of Message Reconstructed at % Original
Articulation Rate

Seconds

FIGURE 12 FORMATS FOHR RECONSTRUCTION OF STRETCHED-OUT
MESSAGES AT 6 TO 1 STRETCH-OUT RATIO
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message, the time stretch-out factor being 6 to 1. The generation of
this stretched-out version can start immediately; it does nmot require

that the full message be completed before transmission of the stretched-

out version starts.

There are a number of alternative ways that the receiver end can be
handled. Perhaps the most obvious is compressing the received message
by 6 fo 1, such that the last part of this reconstruction corresponds to
the last part of the stretched-out version. This mode is shown on line 3.
A second interesting alternative is to compress the received version by'
only 3 to 1, but keeping the pitch to a natural one (this is a familiar
technique for the slowed-down speech systems promoted for learning for-
eign languages from tape recordings). This compression would be domne by
repeating on a subphonemic level short passages of the received and com-
pressed waveform. The output presented at the receiver would occupy
4 seconds and end as the stretched-out version ends. This mode is shown
on line 4. A still further possibility is to use 3 to 1 compression and
repeat it twice, as illustrated on line 5. It is interesting to note
that this mode results in received messages starting to reach the operator

only 4 seconds after the start of transmission.

Stretched-out transmission systems seem to offer one of the few vi-
able means of reducing transmitter power requirements for wireless
through~-the-earth voice communication links. As shown above, there also
exists considerable flexibility in the Way such systems can be

organized.
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APPENDIX I
NARROW BAND VOICE USING FREQUENCY SLICING

It is a well known fact that the full-voice band from 200 to 6100 Hz
is not necessary to provide completely acceptable voice channel communi-
cations. Indeed, a telephone channel whose transmission band is confined
to 300 to 3000 Hz is generally considered a good voice channel, and, at
adeduate signal-to-noise ratio, would far exceed the requirements for
voice communications within coal mines. One of the means of achieving
narrow-band voice communications is to restrict the transmission band

even further than is done for telephone service.

A conéenient way to access the performance to be expected is by
using the articulation index developed for voice transmission systems.
'The articulation index (AI) ranges from O to 100%Z. If a system has an
AT of 1007%, it indicates that all isolated words spoken into the system
would be cofrectly recognized by a listener. (A moderate degree of skill
is expected for both speaker and listener.) Cofrespondingly; an AI of

50% would mean correct identification of spoken words 507% of the time.
(13,22) '

Kryter and others have developed means for predicting the AI
for voice channels. The method is based on bands of equal contribution
to articulation index and the signal-to-noise ratio in each band. Twenty
bands are used, each contributing a maximum of 57 ﬁo the AI. If the S/N
ratio (long-term average signal power to average noise power) is 18 dB

or greater, the maximum contribution of 5% per band is achieved. If this
S/N ratio is -12 dB or less, no contribution is made to the AI. Between
these two values, AI contribution depends linearly on the S/N ratio in
dB. Thus, if the S/N in a band is +3 dB, that band contributes 2.5% to

the AI. By using this means, it is possible to estimate the performance

of any proposed frequency-restrictive voice channel.

The bands of equal contribution to articulation index are tabulated

in Table I.

51

Arthur D Little Inc.




TABLE I-1.

TWENTY FREQUENCY BANDS OF EQUAL CONTRIBUTION
| TO SPEECH INTELLIGIBILITY

Band Mid- Band Mid-
No. Limits Frequency _No. Limits Frequency

1 200 to 330 cps 270 cps 11 1660 to 1830 cps 1740 cps

2 330 to 430 380 12 1830 to 2020 | 1920
3 430 to 560 490 -13 2020 to- 2240 . 2130
4 560 to 700 630 » 14 2240 to 2500 2370
5 700 to 840 770 15 2500 to 2820 2660
6 840 to 1000 920 16 2820 to 3200 ‘ 3000
7 1000 to 1150 1070 | 17 3200 to 3650 3400
-8 1150 to 1310 1230 18 3650 to 4250 3950
9 1310 to 1480 1400 19 4250 to 5050 4650
10 1480 to 1660 1570 20 5050 to 6100 5600

From this table we cén easily determine that a telephone channel from
330 to 3200 Hz, for example, shows an articulation index of 75% at best
—- that is, if the S/N ratio in all bands is greater than 18 dB. If the
S/N in all bands decreases to 8 dB (1/3 of the way to -12 dB), then the
Al falls to 507%. For mine communication needs, this value of AI is
probably more than adequate. The readson this is so can be seen from
Figure I~1, which shows that for an AI of 50%, a sentence intelligi-

bility near 957 can be expected.
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It is instructive to examine how power requirements can be expected
to vafy for a frequency-sliced voice communication system. We start
with the assumption that received noise is flat across the voice band.
We also assume that the signal~to-noise rétio of proposed systems is
equalized across the band of interest: 200 to 6100 Hz. In an actual
system, this would probably be done by pre-emphasis of the voilce signals.
Because the noise is flat across the band, we can equate the total.noise
power directly to the’bandwidth of a hypothetical system, and we can
plot Al as a function of signal power level for such hypothetical systems.

The results of this exercise are shown in Figure I-2 for four con-
ditions: full-voice band of 200 to 6100 Hz; a telephone band of 330 to
3200 Hz; bands 1 through 9 and 11, the 10 bands of largest contribution
to AI per Hertz of bandwidth; and bands 1 through 5, the five bands of
largest contribution to AI per Hertz of bandwidth.

It is obvious from these plots that if AI's larger than 30% are
desired, there is no merit whatever in terms of signal power require~
ments to the use of frequency slicing. Indeed, the merit is found in

the use of the widest possible bandwidth.
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v APPENDIX II
ALTERNATIVES TO VOICE BANDWIDTH COMPRESSION SYSTEMS

Although we were not asked in the contract to explore altermatives
to voice communication channels, the subject of narrow-band, coded sys-
" tems of a non-voiced type surfaced at almost every interview and discus-
sion, both amongst our own staff and those of other organizations‘with
whom we discussed the voice bandwidth compression techniques. We tabu-
. late these topics and ideas here for the sake of completeness and be-
cause of the fact that most voice bandwidth compression techniques do

not appear to have as much merit as was orginally expected of them.
A. LIMITED SYMBOL NARROW-BAND CODE SYSTEM

This system would use an approach very similar to that of Westing-
house in their Interim Coal Mine Rescue and Survival System wherein a
limited set of symbols is transmitted to provide a communication
channel. 1In that instance, pushbuttons representing four or five
messages were used to send very narrow-band, coded signals between the
subsurface and the surface and the surface and the subsurface to provide
a limited message—capability’communication‘system. This approach was
mentioned quite frequently by people with whom we discussed the general

mine communication problem.
B. MORSE CODE-TYPE SYSTEMS

It is certainly possible to communicate over a very narrow band-
width system with a Morse Code-type of communication. The problem with
using Morse Code is that miners are likely to be unfamiliar with the
Morse Code, and the difficulty of reading from a list of alphabetical
characters and their Morse Code equivalents could pose a problem, par-

ticularly during emergency or dark conditioms.
C. AN ALPHABET SYSTEM WITH KEYBOARD

Communication and data=-link equipment manufacturers have brought
about the development of compact, hand-held keyboard and display units,

such as that illustrated in Figure II-1. A 5-bit code is entirely
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FIGURE. 11-1 HANDHELD KEYBOARD AND DISPLAY
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adequate to represent a full alphabet of characters and messages would
simply be spelled out in sequence by the operator and subsequently
encoded and transmitted by the unit in a narrow-band transmission scheme.
The keyboard on this portable unit is intended for one-finger operation;
thus; the character rate is probably limited to three or four per second
and the bit rate is approximately 20 per second, a number easily handled
by a narrow-band communication system. Received messages could be pre-
sented on the optical display part.of the hand-held unit such that
received messages are spelleﬂ out in front of the operator. Such a low
bit-rate system would appear to be compatible with performance‘achievedl
by the trapped miner detection and location equipment presently under-
going tests by the Bureau, and units suitable for use in mines should

v

not be difficult to develop.

D. FLAG SIGNAL SYSTEMS

On two occasions when we were talking_with people about communiéation
requirements in_éoal mines, they immediately suggested the use of flag
codes as used at sea for developing a message structure capable of trans-
mitting a wide variety of messages with a rather small number of symbols.
Naturally, the flag would be replaced by coded signals, but the technique
of communicating could be made the same. Unfortunately, in this instance
a look-up book would be required at both transmitter and receiver to
enable the operator to put together messages and to interpret received

messages.
E. PANTOGRAPH SYSTEM

In conversations with other people concerned with the narrow-band
communication systems, we found the consensus to be that the Pantograph
System used in some restaurants to communicate a written order from the
waitress to the kitchen might be feasible for mine use. In such a sys-~
tem, two analog signals can characterize the position on a piece of paperb
of a pen from which the original written message can be_reconstructed.

We have not given much consideration to this as a viable means, but it

is an interesting possibility for communication.
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F. 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 systém could operate effectively in a fairly

narrow band., Little further attention was given to this as an alternate

possiblity.
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APPENDIX ITII
WHISPERED SPEECH

The analysis/synthesis type systems which form the major bulk of the
voice bandwidth compression systems require that pitch be measured and a
decision be made as to whether the transmitted part is voiced or unvoiced.
Data fromlFlanagan(lz) show that the channel capacity required for the
pitch and the voiced/unvoiced decision is approximately 125 bps. There~-
fore, if it were possible to drop these two measurements from the analyzing
equipment, a corresponding reduction in required channel capacity would
occur. How much of a savings this reduction in required channel capacity
achieves has to be referred'to the bits per second required for the full
capability of the system. These numbers range from 1000 to 30,000 bps,
so that at best a 12% savings of channel capacity, and hence, power,

could be achieved by the adoption of this scheme,

One might well inquire as to the quality or ease of dealing with con-
versations held in whispered voice -- the result of dropﬁing both the
voice/unvoiced and the pitch information in an analysis/synthesis system.
The reproductions of speech from the control signals would be produced
as whispered speech. While one might believe it to be difficult to carry
on a conversation in whispered speech, this perception is probably based
oﬁ the difficulty of articulating with whispered sbeech, but in the sys-
tems we are contemplating the input would be in normal voice and the
analysis/synthesis equipment would be used to create the whispered speech.
Bernald Gold of M.I.T.'s Lincoln Lab, in a private communication, told us
that whispered voice is perfectly understandable. We have two other
points of comparison for this conclusion. During our visit to Caldwell
Smith at Air Force Cambridge Research Laboratories, we witnessed demon-
strations of his equipment. One of the demonstrations was to have the
synthesis equipment operate in a whispered fashion: the whispered voice
resulting was perfectly intelligible. The second occasion waé’during a.
Votrax demonstration. By operating it in a whispered mode too, the put-

put was found to be perfectly intelligible.
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Thus, it can be said with a fair degree of confidence that an
analysis/synthesis system can be made which does not use pitch or voiced/
unvoiced information, and communicates in a satisfactory manner to the
listeners in a whispered fashion. Therefore, it is a perfectly accep-
table system to consider. At the present time the shortcoming of this
system would be that its application has only a mérginal effect on the
channel capacity required for communication purposes, and thus would
bring no very large benefits to a system. It could be noted, however,
that by dropping the above two requirements from the system, the equip-
ment becomes simpler to fabricate. It has generally been recognized that
the pitch extraction requirement for analysis/synthesis systems always
ﬁbse broblems of one sort of another, The dropping of thié requifement

would therefore simplify the equipment moderately.
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APPENDIX IV
THE NATURE OF TRANSMISSION CHANNELS

A. TRANSMISSION OF ANALOG SIGNALS ON DIGITAL CHANNELS - PCM

In the 1950's, long before the explosive growth of computer communi-
cations, Bell Telephone Laboratories developed a pulse code modulation
(PCM) transmission system to handle voice signals over digital lines --
the Tl carrier system. In the original Tl carrier system (whose terminals
are now designated as D1 channel banks) each voice channel used a 64,000~
bps pulse stream. Despite_the apparent squandering of bandwidth, Tl was
economically competitive with contemporary analog carrier systems. This
was a classical tradeoff of bandwidth for other advantages - principally

~ the ability to regenerate signals as they went along so that degradations

did not accumulate with distance.

It is interesting to observe what D1 channel banks do with their
64,000-bps per channel: the voice bandwidth is limited to well below
4000 Hz and then sampled at the Nyquist rate, 8000 times pet second.
(Note that the sampling rate could be lower. With expensive filters
the telphone band could be sharply limited to 3000 Hz and the sampling
done at a little more than 6000 per second. Since filters represent a
per—-channel cost rather than a common equipment-shared cost, the decision

was made to use a sampling rate of 8000 per second and avoid the use of

expensive filters.)

In D1 each sample is encoded into a 7-bit binary word. An eighth

bit is added for signalling and supervision. Thus, each channel uses:
(7 + 1) 8000 = 64,000 bps.

The noise in a PCM system is mainly due to quantizing distortion
which is caused by the approxiﬁation in assigning a discrete binary
- word to the value assumed by a continuous speech voltage waveform. A
well-known theoretical analysis which assumes a uniform probability den-
sity of the quantizing error over +1/2 the size of the least significant

bit has the result that for an n bit binary word the ratio of the rms
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quantiziﬁg error to the full range of values is 1/2™/12. Thus, for the

7 bits of D1 the theoretical ratio of the rms quaﬁtizing noise is (in dB):
20 log [(0.707) (Y12) (27)/2]1 = 44 dB

which is surprisingly good. If it were not for the restricted bandwidth,
it might qualify as high fidelity. A linear PCM system, however, is
very poorly matched to the amplitude statistics of a speech signal. D1
consequently was modified to prbvide optimum performance for speech sig-
nals by compressing the speech signal before encoding and expanding it
after decoding. This compressing plus expanding (called companding)

follows an experimental law such that for the compressor alome:

tn (1 + uEin)

out tn (L + )

where u = 100 for D1. The effect of this logarithmic companding is to
smear the original signal-to-noise ratid out over a wider dynamic rahge.
With linear encoding, 7 bit theoretical S/N is 44 dB at full load and
drops 1 dB per dB as the level decreases (reaching 0 dB at -44 dB signal
level. This behavior is shown by the dotted line in Figure IV-1l. With
pu = 100 the signal-to-noise ratio remins at 30 to 35 dB. from 0 to -30 dB
signal level (see Figure IV-1). Logarithmic companding is therefofe a
tradeoff, since it provides more noise distortion for large amplitudes

and less for small aplitudes, but that is just what voice signals need.

If D1 channels had been meant for some other signal, such as fac~-
simile or fsk data, the companding (if any) would certainly have been

completely different.

A value of 100 for ¢ was chosen for Tl because of the technology of
the late 1950's. Tﬁe‘compressor and expander nonlinear characteristics
were determined by diode networks, and the higher the n, the more diffi-
cult was the problem of the two characteristics tracking to cancel each’
other. It should be noted that the iogarithmic characteristic used in
Tl is by no means universal and other countries use diffgrent companding

laws.
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D1 channel banks were designed for exchange trunk transmission and
did not meet the requirements for longer haul trunk carriers. The D2
channel bank was designed about a decade after the D1 to make use of
more modern technology to provide toll transmission without changing the
basic Tl line format of 1,544,000 bps; It was clear that using a whole
bit per sample (8000 per second) to transmit switchhook and dialing in-
formation was wasteful, so D2 uses this bit for voice signal transmission
5 timeé out of 6. (A slight change is required to keep track of channel
signal framing as well as channel number framing.) In D2, u was changed
to 255. No longer are coder and compander separate -- the two functions
are combined in a single, nonlinear coder performing both functioms.
These two changes result in a theoretical S/N ratio better than 35 dB
over about a 39-dB dynamic range which meets toll requirements in the

direct dial hierarchy (see Figure Iv-1).

It should be realized that 1ogarithmic'companding in itself is a

powerful bandwidth compression scheme. By capitalizing on the instan-

taneous amplitude distribution of speech, it offers a great economy in
number of bits needed. For example, to pick a range on the D1 curve,

if we want to maintain a 17.5 dB S/N ratio at a signal power 40 dB below
full load with‘linear PCM, 11 digits would be needed per sample instead

of 7. Thus p = 100 companding reduces the line bit rate by 36%.

The curves in Figure IV-1 are ideal curves. Actual PCM systems may
be 1 to 3 dB poorer for any of a number of reasons such as small errors
in sampling time, finite rather than instantaneous sampling, compressor-
expander‘charécteristic mistracking, noise in decision circuits, and

general system noise.

The analog telephone channels derived on T systems are used inter-
changeably with all other analog channels in the telephone plant. Thus,
it is not unusual for a 1200- or 2400-bps modem signal to be riding on
a T carrier channel using 64,000 bps. This dual standard poses tariff
inconsistencies for telephone compaﬁies. For example, to provide a 50~
kbs data channel, 12 voice channels must be removed from an analog car-
rier but only one from a digital. Tariffs are not geared to the partic-

ular facility providing service. Is the fair price for a 50-kbs channel
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roughly 1 or 12 times that for a voice channel? This inconsistency is

one of the pressures that is leading to all digital systems such as Datran

and Bell's Dataphone Digital Service (DDS).
B. TRANSMISSION OF DIGITAL SIGNALS ON ANALOG CHANNELS - MODEMS

At the same time that Bell was finding it economically attractive to
transmit analog signals on digital chanels, the inverse problem arose
and grew rapidly. Telephone plant had evolved over the years to handle
voice efficiently and was not well suited for faw digital data; For
example, phone channels generally do‘not transmit DC or indeed any fre-
quency below a few hundred Hertz, so they are not suitable for baseband
DC pulses. To tranéform the data information into a format compatible
with the telephone channel, it is necessary to modulate it in some way.
To reconstitute it, it must be demodulated at the other end. This com-

bination of a modulator-demodulator is called a modem or a data set.

By the mid 1960's data sets for 1200 to 2400 bps using frequency
shift keying (FSK) or phase modulation were readily available. It is
instructive to consider how much better transmission might be. A well
' (16)

known result from information theory is Shannon's expression for the

information capacity of a band-limited channel in the presence of gaussian

noise:
C = Wlo 1+
g2 n

where C is the channel capacity in bps, W is the bandwidth in Heftz, s
is the signal power, and n the noise power in fhe baﬁd W. Shannon's
equation is analogous to the Carnot cycle in thermodynamics; it sets an
upper bound on theoretically achievable performance, but does not tell

how to achieve or even approach this bound.

An interesting consequence of Shannon's equation is that channel
capécityAcan be increased without bound for any W or S/N ratio provided
there is no limit on the other. Another limit to transmission rate is the
Nyquist rate 2W —- the upper bound on which symbols can be sent through
a band W. This is not a limit on channel cépacity since there is no

limit on the number of bits that can be encoded in each symbol; indeed
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it is intuitively clear that the larger S/N ratio is, the more bits per
symbol a decoding arrangement can distinguish. Section E shows some of

the properties of Shannon's equation.

What does Shannon tell us about a telephone channel? For an untreated

channel the band may be 400 to 3000 Hz for a W = 2600. If the S/N ratio
is 30 dB, we get: »

C = 2600 log2 (1 + 1000) = 25,900 bps.

Using complex combinations of phase and multilevel modulation, modems
for 9600 bps are now available, considerably short of the 25,900 bits
theory says are possible. If we take the true capacity of the channel

as 25,900 bps, we can assess the present state of the art, in terms of

efficiency:

37%

For digital transmission on analog channel: E%*g%%
A H

For analog transmission on digital channel: %%4%%%- = 467
R v

This is the money changer situation -- you lose both ways. In the next
two sections we examine what hope there is for improving these two

efficiencies.
C. BPS PER HERTZ IN DIGITAL TRANSMISSION ON AN ANALOG CHANNEL

While it is a side issue, it may be worth‘noting that 9600 bps on a
telephone channel, even though it represents only 377 efficiency, may be
close to the besﬁ that will be acéomplished for a long time, maybe ever.
Shannon's equation speaks only to the problem of gaussian noise and there
are many other degradations in phone channels including phase distortion,
impulse noise, crosstalk, phase jitter, frequency offsets, and nonlinear
distortions. It has only been the development of means of coping with
the first of these, phase distortion, with automatic transversal equal-
izers that speeds have risen from the 2400-bps range to 9600 bps. Cure

of some of the remaining ills is beyond the present state-of-the-art.
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It is useful to examine the theoretical efficiencies of various modu-
lation techniques. Details of the techniques themselves are beyond the

présent scope of the report; see for example, Bennet & Davey(l7) or -

Martin(ls). For band-limited gaussian noise, the efficiencies are

plotted in Figure IV-2 (from Salz - Ref. 19). These curves assume that
transmitters and receiver filters are optimized to discriminate against
noise. Smooth curves are drawn connecting the efficiencies of 2-level,

4-~level, 8-level, etc., systems.

Single‘sideband is the most efficient system although it falls far
short of Shannon's equation. FSK is least efficient. Some of the cur-
rent researph in modems use novel modulation not shown on Figure IV-2,
for example, simultaneous combination of amplitude modulation and

phase modulation.

The problem of mine communication'with bandwidth compression tech-
niques is the joint problem of processing and transmission through a very
‘hostile medium. Efficient interaction of the two is of utmost importance.
An experimental program in bandwidth compression must take into account
the overall system. For example, Figure IV-2 hints at the rapid changes
in error rate with small changes in S/N ratio. Two equally efficient
processing schemes may' react quite differently to a distribution of
digit error limits. It should also be noted that Figure IV-2 deals only
with gaussian noise. The peculiar noise environment in a mine may give

very different results.
D. HERTZ PER BPS IN ANALOG TRANSMISSION ON DIGITAL CHANNELS

We have seen that companding re&uces the number of bits for D1 chan-
nel performance from 11 to 7, but that the resultant efficiency still
leaves room for improvement. A great deal of telephone-oriented research
has been taking placé in Delta modulation and related differential quan-
tizing techniques. The prime motivation of the research has not been

bandwidth saving per se, but rather coder-decoder simplification.

A nonlinear PCM encoder-decoder is quite expensive. This is not

serious in T carrier, since it is shared by 24 channels so the per channel
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cost is not excessive. There are applications in subscriber carriers for
much smaller bundles than 24, and here the cost of‘the PCM encoder-decoder
‘becomes a problem. A Delta modulation coder—décoder is very simple com-
pared with its PCM counterpart. If Delta modulation can be made as good
as PCM for a given bit rate, the economics of small digital systems be-

come attractive.

The basic idea of all differential quantizing schemes is to quantize
and encode changes in the signal rather than instantaneous samples of
the signal itself. The simplest type is Delta moduiation which can be
thought of as 1l-bit differential PCM.

A Delta coder consists of a comparator in which an analog signal
derived from the coder output is compared with the input signal. At in-
tervals controlled by a clock, an output pulse is sent if the input is
larger than the output and no pulse is sent if it is smaller. Decoding
consists of a simple integration process. The more often pulses are
sent (higher bit rate) the better the approximation. Delta modulation
is subject to a unique type of distortion known as slope-overload
distortion. Here the rate of change of the input signal becomes too
large for a serieé 6f oﬁes-to follow. As a result, curves of S/N ratio
vs level are different for different frequencies. Fortunately, the level
for a given distortion falls off at almost éxactly the same rate as a
normal speech energy spectrum. As a consequence, if an adeqﬁate S/N

ratio exists at 800 Hz, speech will temd to sound natural.

Figure IV-3 compares differential quantizing schemes with D1 theo-
retical performance. TFor normalization, a voice signal rate the same as
D1 (i.e., 56 kbps) is assumed. It will be noted that straight Delta mod-
ulation is quite inferior. Delta modulation is appreciably improved by
companding. Various companding schemes are detailed in the references.

(20

One of the most promising (Tomozawa and Kaneki )) is shown in Figure Iv-3.

More sophisticatea schemes have been proposed. One of these (Greefkes

(

and Riemens 21)) is for digitally controlled companded Delta modulation

(DCDM). Here the quantization strip size is varied at the transmitter
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and receiver simultaneously under the control of the digital signal. To
indicate the potential usefulness of this for mine communications, the
800-Hz performance of a 16-kbps DCDM channel is compared with 5 kbps D1

PCM for reference and shown in Figure IV-4,
E. CHANNEL CAPACITY RELATIONSHIPS

In the investigation of the applicability of voice bandwidth com-
pression techniques to mine communication systems, it is important to
know the general way in which channel capacity varies as a function of
channel bandwidth, noise, and signal power. The classical relationship

is contained in Section B and has been recast below:

o
cC=W log2 1+ T )
o
where
€C = channel capacity in bps,
= bandwidth in Hertz,
Po = received signal power,
NO = received noise spectral density (flat noise assumed).

Two curves (Figures IV-5 and IV-6) derived from this relationship are
plotted. Figure IV-5 seeks to show how transmitter power (and thus
received power) depends on bandwidth for a fixed-channel capacity
requirement. This plot illustrates the penalty in power that is exacted
if one insists on a communication system that asks for even a few bps
per Hertz of bandwidth. Figure IV-6 shows how channel capacity varies

for a fixed power level and variable bandwidth.
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APPENDIX V
LINCOMPEX

Perhaps the most interesting method of improving signal~to-noise ratio
in voiced AM radio communication developed in the past decade is the
Lincompex(za) (for Linked Compressor and Expander) technique. The basic
idea is to transmit the speech signal at the maximum level capability of
the channel. Amplitude variations in the speech signal are almost entirely
removed by a compressor. The amplitude information is transmitted as a
narrow-band frequency modulated signal. In the receiver, the amplitude
signal is ﬁsed to control an éxpander in order to restore the normal

amplitude variations in the speech signal.

A simplified block diagram of the Lincompex system is shown in Fig-
ure V-1, The input speech is supplied to an amplitude measurement cir-
cuit as well as a direct speech channel. The delay in the épeech chan-
nel is necessary to synchronize the amplitude measurement, which is
delayed by a low-pass smoothing filter, with the envelope of the speech
signal. The amplitude signal controls the compressor, a variable gain
amplifier, so as to reduce the gain at high amplitude and increase the
gain at low amplitude, resulting in a compressed speech signal with con-
stant amplitude. The speech signal is then filtered to remove any com-

ponents above 2700 Hz.

The amplitude signal is also applied to a voltage-controlled oscilla-
tor to obtain a narrow-band frequency—modﬁlatedAsignal varying from 2840
to 2960 Hz, which corresponds to an amplitude range of 60 dB (2 Hz per
dB). This FM amplitude signal is now added to the filtered compressed

speech signal to modulate the SSB transmitter.

The sﬁeech and amplitude components of the received Lincompex signal
aré separated by filters, as shown in Figure V-1. The FM amplitude sig-
nal is detected by a discriminator, and this output is used to control
the expander. The speech signal is also applied to the expander. The
expander is a variable gain amplifier operated in the revérse manner

from the compressor. Now the gain is increased by high amplitude signals
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and reduced by low amplitude signals‘from the discriminator, with the
result that the speech output of the expander has the amplitude variatiomns
of the original speech signal. Obviously, it is very important that the
speech an& amplitude signals be kept in synchropism if the system is to
work properly. This necessitates several other delays not shown in the
simplified block diagram. A high degree of frequency stability is also
required because of the narrow-band FM used to transmit the amplitpde

information. The overall system is complex and expensive.

While there is general agreement that Lincompex does provide signi-
ficantly improved quality conversation under certain poor signal-to-noise
conditions, there is a difference of opinion on the desirability of
Lincompex for certain applicatiOns. The‘negétive view contends'that, in
general , the improvement is not worth the expense, and thét most of the
time, transmission conditions are sufficiently good so that the improve=-

ment due to Lincompex is marginal.
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