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. INTRODULTICN

Thig report is submittza in accordance with the requirements of
Contract NASw-700 with National Aeronautice and Space Administration.
It is a final technical report, and covers the work cavried out during a
pericd of nine months in 1963-4, The propram, which lies in the general
area of speech processing, was inonitured by Dr. Joan M. Walker, Chief,
Corimunication and Tracking, and Mr, Thecdore Tsacournis, Engineer,
Communication and Tracking, Code RET, NASA Headquérteru. Washington,
D.C.

The bulk of our work was devoted to two tasiks: a survey of the
present state-of-ihe-art in the field of speech compression, and a search
for new techniques which might lead to improved speech comgresgaion
cagability. We concluded that presently available techniques do net zp-
proach the theoretical limits, and several new technigues were uncovered

which appear to offcr promise.

The problem of speech compression per se is only a part of the
larger and more general problem of language processing for the purpose
of facilitating communication between *wo systems. In the case of speech
compression, the two systems are (ultimately} two people, and communi-
cation is eifected by means of accoustic speech signals. Communication
is facilitated by making use of (electrical) substitute signals which occupy
less band-width than the direct electrical analogues of the original speech
signals, and which have a smaller dynamic range. The substitute signals
are derived from the original acoustic speech signals, and are of such a
nature as to permit synthesis of satisfactory replicas of the original
signals. In the more general case of language processing, one, or both,
of the systems may be non-human -- or even inanimate (a computer, for
example), The original signals include {acoustic) speech signals and may
also include (non-acoustic) para-speech signals. Communication may be
facilitated, as in the case o speech compression, by minimizing the load,

in some seuse, o an associated communication sub-system. Alternatively

" 9



tor example, (oinmdvud o uny be fachitated by deriving a sa0 of sub-

g stitute srgnais which are chosz 1 0 as 10 he easitly recognizable oy the
reconing gystery. Throochant the course of the verk ander this cuntract,

we neve attenmtad o counsider the problen of specch Ccornpression in the

context of the broader problem of language processing.
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2. S5CCPE OF THFE PROGKRAM

2.1 Objectives Under the Present Coutract

2.1.1 The work called for in Contract NASw-700 was divided into three
tasks. Paraphrasing the ianguzge used in Article Il (Description of Work)

of the contract, these are described »riefly as follows:

Task A Establish critevia for the evaluation of speech

compression techniques.

Task B Analyze the speech compression problem from

a technical standpoint,

Task C Survey the current state-of-the-art and make
recon.rnendations for future work in the field of

speech compreasion.

z

In all cases, the speech compression probiem was to be con-
sidered in the context of a requirement for voice communication from a
manned spacecraft to the earth, On the basis of post~contract verbal
discussione with NASA, consideration was limited to spacecrait missions

within the solar system.

2.1.2 Our r'rst eftort was a brief examination of the overall problem
with which we were faceil in our consideration of speech compresgsion, We
discuss this problem, and set forth some of cur conclusions, in Sub-
section 2.2, In the ’ight of these conclusions, we devoted moat of our
subsequent effort to a survey of the current state -of~the -art {in the field
of speech compreasion) and to a search for possible new techniques.
Reiatively r-inor €4fort was devoted to consideration of the special prob-
leras of the communications suosystem, to development of criteria for
avaluating speech compression techniques, and to a limited amount of

experimental work.

2.1.3 The results we obtained are presentod briefly in Section 3.

More detaised discussions are seot forth in Saction 4, Present State-of-the-Art,
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Section 5, Current Trends 1. Research, Section 6, Experimental Work
Carried OQut Urder the Contract, aad Section 7, New Avenues for Future
Work.

2.2 The Overall Problem

2.2.1 If we postulate the existeace, in the near future, of manned
spacecraft at interplansatary distances from the earth, it is obviqus that
there will be a ccncomitant need for man-to-man communication from
such spacecraft to the earth. It is pertinent, then, to ask why speech
should be a preferred mode of communication under theee conditions.

Three rather obvious answers are:

a) The use of speech requires no special training in ths
use of the communications subsystem. Such training
is required, for example, if communication involves

. the use of a telegraph key or 2 teletype keyboard.

b} The use of speech is efficient in the sense that the
speaker can commaunicate while simultaneously

carrying out other tasks.

c) The availability of an easy mede of communication
will contribute to the psychologicai well-being of the
cccupant of a spacecraft. .

Considerations (a) and {c) imply the d=sirability of using natural

-language instead of some artificial language, which might be superior

when judged by a limited set of criteria, or some stylized v rsion of
naturai language. On the basis of the foregoing cursory examination, we
take it that the basic problem is one of finding techniques which will per-
mit communication (over interplaftetary distances) by means of natural

language.



2.2.2 Having poscd the basic problem, we'now ask what constitutes an
acceptable solution. We have, rather avbitrarily, seitled on three per-

forinance standards whicn are as follows:

a) Minimum Performance. A minimum pe-formance

system is one which dalivers the basic information,

in the semantic sense, contained in its natural language
inout, By basic informution, we mean the infor ma-
tion contained in an unpunctuated written transcript

of the spoken input, or the information ccntained in

2 spoxen version of such a transcript when it is read
without expression other tnhan pauses as indicated by
spaces in th.: text. We estimate that the output ol a
minimum performan:e system v-iil be a slightly de-
graded versicn of good telephone speech, It is to be
noted ihat the degradation occurs at the semantic level,
because of the loss of all nuances of stress and intona-
tion which make up expression, rather than at the

phonetic level.

b) Iutermediate Performance. An intermediate per-

formance system is one which deiivers all of the in-
formation, again in a semantic sense, contained in

its natural language input. This includes all of the
nuances which are dropped bv a system of minunum
pecsformance. The output of an intermediate-perforniance
system will be a high-fidelity reproduction of its

acoustic inpui, and the system will provide a one-way
channel of communication equivalent to that available

to a blindfolded listener in a face-to-face conversation.

¢y Maximum Performance. A maximum performance

system is one which delivers, in addition to a high-
fidelity reproduction of its acoustic input, a display
of its (non-acoustic) para~speech irputs. Such inputs
‘ma'y be obtainec from a variety of sensors attached to

2-3
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the speaker (sensors for skin resistance, pulse rate, potentials associated
with facial muscles, facial expression, lip nosition, and trhe like). The
purpese o the displays associated with the para-gpeech inputs is to pro-
vide, without goirg as far as a television link, those non-acoustic signals

which are available in a face-to-face conversat:on.

2.2.3 We now ask what minimum requirements the foregoing systems

impose on the associated communications subsystem  the radio link).

These requirements can be stated in terms of bits/second as shown in

Table 2-1.

Table-2-1
System Requirementsan Pits/Second
System - Requitements
Minimum Performance 90 bits/second
Intermediate Performance 135 bits/second
Maximum Performance 200 bits/second

The heuristic arguments whi~ justily theee nunbers are given in
Appendix A" for the minimum performance systern and in Appendix '"B"
for the other :wo sysiems. These figures, of course, describe the trans-
riission !cad which is presented to tie communications sudbsystem, and
have unothing tc do with the information content (in either the semantic or
the infcrmation-thecretic sense) of tiae messages which constitute the
transrnission load, except that the inforination content, in the information-
theoretic sense. cannot exceed the transmission load.-

In cach case, the numbers are derived on ke basis of brute-
force coding. More sophisticated coding, which takes account of the re-
lative frequencics of octurrence o the different input symbols, v:rould
probably effect reductions of the order of 3C. percent. A iurther reduction
coulcd certainly be achieved by taking account of the inter -symbol con-
straints, and it is probable that the numbers in Table 2-1 are high by a

.factor of two. They will serve, nonetheless, as approximate values for »



the theoretical lower limits of the transmission lcads associated with the

three sorts of communications svstems Jdescribed in 2.2. 2.

2.2.4 In Table 2-1 i: the preceding paragraph, we gave approximations
for the theoretical lower limits of the transmission loads associated with
comrnunications systems having minimum, intermediate, and maxiraum
performance. Attainment of these limits involves, by definition, the use
of optimum speech processing. We now ask what are the transmission
loads if the communications system uses speech wiHich has undergone no -
processing except simple bandlimiting. As a first step toward answering
this question, we epecify three grades of speech: poor, good, and

excellent.

a) Poor speech ias about what is delivered by a rather

bad intercom system.

b) Good speezh is what ig delivered by a good telephone

system:.

c) FExcellent speech is what is delivered by a good high-

fidelity system adjusted icr speech.

The characteristics oi these three grades of speech are derived

on an heuristic basis in Appendix "C'" and are repeated in Tab'e 2.2.

Table 2-2

.Characteristics of Three Grades of Speech

Poor : 500 - 1500 cps +i¢dd S/N

clipping at 2.2 times RMS level, Z2 levels, 7 4,000 bits/second
Good o 300 - 3300 cps +25db S/N

clippin - at 3.1 times RMS level, 25 levels,: 30,000 bits/second
Excelle.it .90 - 9180 cps + 60 db S/N

clipping at * 5 times RMS level, 2! levels, 200,000 bits/second
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2.2.5 Poor speech is adeauate 'or routine con'munication under condi-
rions where it is easy to interrupt the speaker with "'say again' when
something is not understood. Although it is possible that a manned space
missinn might be consideres routine, the possibility of interruption does
not exist at o ronlanetary distances where the transit time for radio sig-
nals is measured in minutcs v even tens of minutes. Accordingly, we

drop this class of speech from {urther consideration.

Good speech offers something between minimum perfcrmance anc
intermediate performance, as described in paragraph 2.2.2, and excellent
speech offers either intermediate performance or something just a little
lower. The transmission loads for these grades of speech and for these

level: nf performance are restated in Table 2-3.

Table 2-3

Transmission Loads for Two Grades of Speech
and Performance Levels

5
Excellent Speeck 200, 300 bits/second
Good Speech 30. 000 hits/second
Intermediate Perf{ormance 135 bits/second
Minimum Performance 90 ~its/second

L:,
We can equate excellent speech with intermediz e performaénce.

On the basis of the discussion in this sub-section, we conclude that optimum

processing of excellent speech will yield a compression ratio of Z—Og-i—g-?—g- '

' _or about 1500, with no loss in pzrformance.

Good speech offers something between minimum performance and
intermediate performance. We conclude, therefore, that optirnum pro-

. N : : 30, 00
cessing of gocd speech will yield & compression ratio between T
.30,00¢C . . .
or 220, and 55— or 330, with no loss of performance. Since good
speech is far closer to minitnum performance than it is to intermediate

performance, we suggest 300 as a working value of compression ratio.

2-6



2. 26 Having derived theuretical himits for the compression ratios
available through optimum speech processing, we now ask how closely
present sgeech prucessing systeme apprcach these limits. Present
syatems handle good speech rather than excellent speech, and the ap-

plicable !imit is 300 rather than 1500,

Our {irst major effort was devoted to a survey cf the current stale-of-
the-art. This survey, which is discussed in detail in Section 4, es-
tablished the fact that present techniques yield compression ratios in

the range from 10 to 30.

2.7 The basic problem, as developed in paragraph 2. 2.1, is that

of finding techniques which will permit communication over interplanetary -
distances by means of natural language. In view of the disparity between
presently availeble speech compression ratios and the theoretical limil .
attainable by optimum processing, we conclude that the immediate problem’
is one of discovering new techniques of speech processing which offer

some hope of approaching the theoretical limit. On the basis of this
conclusion, which we reached about half-way through the program, the
second major effort was devoted to a search for such techniques. We
turned up a nurnber of techniques which, it is believed, deserve study.

These techniques are discussed in detail in Section 7.



3. WORK ACCOMELISHED UNDER THE PRESENT CONTRACT

3.1 Preliminary Study

3.1.1 Considering only the problem of Speech Compression, we com-
pleted a brief study aimed at establishing theoretical limits for the com-

pression ratios available through optimum speech processing.

a) We established the desirability of natural language
as a medium of communication from a manned

spacecraft to the earth.

b) We formulated gualitative descriglicas of the
performance of three grades of communications
systems, using natural language, and estimatad
the minimum transmission load, in bite/second,

for each.,

c) We formulated qualitative descriptions of three
grades of uuprocessed egeech, and estimated
the band-width, signal-to-noise ratio, and trans-

mission load for each.

d) We arrived at theoretical limits for the compression

ratice aitainable through optimum speech prunessing:

¢) We dstermined, on the basis of a brief survey, that

current speech processing techniques do not offer

¢ s

compression ratios which approach the theoretical

limit,. \

3.1.2  The details of this study are discussed at length in sub-section
2.2, and need not be repeated here.: The conclusions, however, probably

- : deserve restatement,

a) It appears that optimum processing of high-fidelity
speech should vield a compression ratio of about

1500 with no lass of quality. 4 )

% ' ) -7



h} Iteppearsthatoptinium nrocessing of good telephone épeech
should vinld a compression ratio of-about 300 with no loss of
quality.

<3 Current speech processing techniques yieid compression
ratios ranging from about 10 to about 30.

d) In view of the wide disparity between current achievements ‘
and theoretical limits, it seems ent 'ely reasonable to iook
for new techniques which might offer drastic improvement

in compression ratio.

3.2 The Need for Speech Compiession

3.2.1 Having arrived at some idea of how much speech compression is
currently available, and having estimated how much can be achieved through
optimum processing, we now ask whether or not compression is useful for

the missionsg we have under considerations.

3.2.2 Minimum and maximum operating ranges for the various missions
are valculated in Appendix “D'. The results, expressed in Astronomical
Units (one AU is the mean distance from the earth to the sun) are given,

after rounding-off, in Table 3-1.

Table 3-1
Maximum and Minimum Operating Ranges for Various Missions
Mission -Distances to Earth
Min, Max.
Mercury ) :
Venus ) 0.27 2.7
Mars )
Jupiter )
Saturn ) 4.0 11.0
Uranus ) )
Neptune ) 17.0 50.0
Plute )
r

ta?

- L.
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3.2.3 We now caiculate the power required‘to send unprocessed speech
in analopue form, assuming the use of single-side-band, suppressed-
carrier, amplitude-modulation trunsmission and synchronous detection
with image suppression. If no other signal from the spacecraft is available
and from which the carrier can be constructed for re-insertion at the
receiving 'end, a vestigial carrier can probably be transmitted for this
purpose. The power involved would be small and is omitted from our

calculations.
In Appendix "E' we estimate the transmitter oufput necessary to cdevelop
a signal-to-noise ratio of unity {at the receiver) over a band-width of one
cps at « distance of one AU. This is

20 milliwatts = -17 dhw (3-1)
using current techiiaques, or

10 microwatis = -50 dbw (3-2)
using 1970 techniques. {(dbw is db relative to one watt.)
To arrive a! the required transmitter cutput, we multiply the basic power
level by the product of the aucdio band-width the desired signal-to-noise
ratio (with synchronous detection and image suppressicn, the post-detection
and pre-detection signal-tn-noise ra‘ios are identical), and the square of

the distance in AU,

Band-widtha cnd signal-to-noise ratics ares taken from Table 2-2 and re-
peated in Table 3-2, rounded off to the nearest ib.

3-3



Table 32

Characteristics of Three Srades of Speech

. Band- Width in db
Speech Quality Relative to one cps S/N in db
Toor +30 +10
Good +35 +25
Exceilent +40 +60

Tne squares of the distances given in Tablie 3-1 are converted to db and

given in Table 3-3, rounded off to the nearest db.

Table 3-3 \
Mission Distances in Decib‘**ls
Missicn Distances to Earth.
Min, Max.

Mercury) -11 +9
Venus )
Mars )
Jupiter )
Saturn ) +12 +2;
Uranvs )
Neptune ) +25 +34
Pluto )

3-L



The results are summarized, for current techniques, in Table 3-4, The

required transmitter outputs are given in dbw.

Tavle 3-4

_é_r_\_alog Transmission, 1963

Mission Speeck Quality
Foor Good Excelient

Min Max Min Max Mir Max
Mercury )
Venus )
Mars ) +12 +32 152 +52 +72 +92
Jupiter )
Saturn ) +35 +44 +55 +64 +95 +104
Uranus }
Neptune ) +48 +57 +68 +77 +108 +117
Pluto )

It is cleur from this table that if we are restricted to reasonable power
levels and the us2 of current techniques for analogue~transmission of un-
processed speech, the best we can do is to provide poor speech over the

shorter distances associated with the Mercury/Venus/Mars mission.

The corresponding power levels using 1970 techniques are given in
Table 3-5,



Table 3-5

Analog Transm-ssion, 1970

Mission Speech Quality

—— - L —————mrr—

Poor Good Excellent

Min Max Min Max Min Max

Mercury)

Venus )

Mars ) -21 -1 -1 +19 +39 +59
Jupiter )
Satura ) + 2 +1i +22 +31 +62 71
Uranus )

Neptune )
Pluto ) +15 +24 +35 +44 +75 +84

By 1970, the useful range of a poor-speech sysierm: (which we consider to
be unsatisfactory) will be extended, but good speech will be limited o the
Mercury/Venus/Mars mission. FEaxacellent speech will stiil be out of range,

unlesz we use excessive power,

3,2.4 Somc saving in pdwer can be efiected if we digitize the speech
signal (with no speech processing). We show, in Appendix "F'", tha. we
can transmit a bit-stream at a rate ol C bits/second with C times the
power required to develop a signal-to-noise ratio of one over a hand-width
of one cps. Using the basic power figures, multiplying by the square of
the distar.ce and by the bit-rate we have the required transinitter power
The square of the: distance, in db, is given in Table 3-3. The regiired
bit-riate for vartous graces of nuprocessed speech is available in Table

«-2 and is repeated in db rel-tive to cne bit/second in Tabie 3-6.
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Table 3-6

Characteristics of Fhree Grades of Speech

Quality - Bit-rate in db
Poor +36
Good +45
Excellent +53

Using current techniques, the transmitter power in dbw

is given in

.

szle 3'7-
Table 3-7

Digital Transmission, 1963

Mission Speech Guality
Pouor CGood Excellent

Min Max Min Max Min 7 Max
Mercury )
Venus )
Mars ) + 8  +28 1T 437 +25 +45
- Jupiter )
Saturn ) +3! +40 +40 +49 +48 +27
Uranus )
Neptune ) .
Pluto ) +44 - +53 +53 462 +61 +70

N )
3-7




Usirg 1970 techniques, we Lave, a3 shown in Toble 3-4:

Table 3.8

. Disitai Transmission, 1970

Mission Specch Quality
Poor Good Excelient

Min Max  Min Max Min Max
Mercury }
Veaus )
Mars ) -25 -5 -16 +i4 . -8 512
Jupiter
Saturn ) -2 + 7 + 7 +16 +15 +24
Uranus )
Neptune ) +11 +20 +20 +29 +28 +37
Pto )

3.2.5 We are now in a position to attem;t a justificatiun for a program
aimed at perfecting optimuin speech prccessing techniques. We will con-
sider only the case of digital transmission, since this uses less power
than éna.logue transmission, and will use the figures given in Tables 3-7
and 3-8,

In Tabie 3-9, the powevr levels for good speech and excellent speech are
shown using 1963 communication equipment. The upper figure in each
box is basea on cdrrent speech processing techniques, the lovyei‘ is based
on optimum techniques. It is assumed that current piocessiﬁg techniques
offer a power saviné of 10 db for good speech and that they are not ap-
plicable to excelient specech. We assume that oj;timum processing
techniques offer power savings of 25 db for good speech and 32 db for

excellent specch.

3-8



Table 3-G

Digital Transmission, 1363 |

Current Processing
Optimum Processing
Speech Qualiiy
Good Excellent
Missi_gg Min. Max. Min. - Max.
Mercury ) 1 27 +25 +45
Vesnus ) - 8 +12 - 7 +i3
Mars ) V
Jupiter ) +30 +39 +48 +57
. ¥I5 23 ¥16 ¥25
41 Saturn ) )
Uranus )
Neptune )
Pluto ) +43 +52 +6 1 +70
¥28 37 29 Ex1:

in calculating the power levels required with 1970 communication equip-
ment, Table 3-10, we assum.e that current séecch processing techniques
will (by 1970) yicld power-savings of 20 db on good speech and 10 db on
cxcellent speech. Optimum processing, of cdurse, is still limited to

.. power savings of 25 db and 32 db. -



. Table 2-10

Ili_sital Transmission, 1970

] 1970 Processing
Optimum Processing

Mu:ssion Specch Quality '
Good Excellent
Min. Max. Min. Max.

Mexrcury )

Venus ) N -36 -16 -8 + 2
Mars ) -41] -2 -40 -20
- Jupiter ) -13 -_f + 5 +14
Saturn ) -18 - 4 -17 - 8
Uranus ! o 0 + 9 +18 +27
Neptune ) ’ - 5 + 4 - 4 + 5

In the context of 1963 communications equipment, Table 3-9, the argumeﬁt
for optimum processing is based on power gaving. Excsllent speech with
optimum proceusing requires less power, bv & factor of 14 db, than good

speech with current processing techniques.

In the context oi l?70‘commﬁnications equ.pmeni and 1970 versions of cur-
rent speech processing techniques, the power argument applies ouly to t‘hev
dranub/Neptune/Pluto mission. If, however, we ask for excellent speech
rather than good speech, and if we have a multi-channel communications
"system, the 22 db advantage (excellent speech with 1370 processing versus
excellent speech with optimum processihg) becomes meaningful even for

the Jupirer/Saturn mission.

Totelly aaéise from the problem of man-to-man communications, we wish
to point ’on:'t that the development of optimum processing techniques wijl
make it feasible to use natural language as a means of communication

across the man-machine interface.-

310



3.3 The Present State of The Art

3.3.1 We examined the present :tate-cf-the-art, primarily through the
rmedium of a literature search. No speech processing equipment is pre -
sently available in the operational cense. Current lzboratory equipments
appear to offer compression ratios of about 10 with reasonable inteili-
gibility as measured on a standard PB (phonetically balanced) word list.
The subject is discussed in detail in Section 4, Present State of The Art.
The techniques of measuring intelligibility, including the use ¢f PB word

list3, are discussed in Appendix "G'.

3.3.2 We made « search of recent and current journals in vrder to
reach some idea of present research ‘rends. This search was supple-
mented by a number of persounal contacts with workers who are active in
the field of speech processing, Most current work is ultitnately oriented
toward improvemen‘t of current speech processing devices, which are al-
most all based on the concept of transmitting information about the
short-term power spectrum of the speech signal. There is a distinct
trend, however, toward the concept of pattern recognition schemes which
attempt to discern patterns in the time-varying speech signal. This sub-

ject is discussed in detail in Section 5, Current Research.

3.4 Developmcnt of Criteria

3.4.1 Performance criteria for apeech processing systems seem
relatively simple to set up. For & simple analog system, as shown in
Figure 3-1, we chserve that the transmitter power required is proportion-
al to the product of band-width by signal-to-noise ratio, both measured

at the input to the synthesizer. In the absence of the spéech processing
sub-system, the transmitter power required to achieve equal peiiforx'nance
is probortional to the product of band-width. by signal-to-noise ratio,

3-11



measured this tirne at.the syntheasizer output.

£NANG
N
]
ANALCG SIONAL (8/N); {(8/M) ANALOG

Figure 3-1. Simple Analog System

We have, therefore

B_(S/N
_ o (§/N) (3-3)

B, (S/N)i

where R is the compression ratio.

If the system makes use of a digital transmission link, as shown in
Figure 3.2, we still use equation {3-3) as a definition of the compression
ratio, B and (S/N) are measured, as before, at the (analog) input and

output of the synthesizer.

- ,
mw--o{ ANALYZER J—DL CIBMZEN e ], ANTI-GIBITIZER —-t{svmuwm

ANALOG

Figure 3-2. System with Diqital Transmission Link
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For a digitz! processing system, as shown in Figure 3-3, we define the

compraeasion ratio as

(bit-rate)
R = ° (3‘4)

{bit—rate)i .

where the measurements are taken at the (digital) input and output of the

synihesizer,

ANALOS

|

OIGITAL DIGITAL OIGITAL
. DICITIZER =P| ANALYZER [mmemmeld{ SYNTHESIZER -—-—bl aNTI-DIGITIZER ’
4

!

ANALOG

Figure 3-3. Digital Procéssing System

Finally, for a uybrid system, as shown in Figure 3.4, we use equation
(3-4). We derive an equivalent value of (bit-rate) by starting with B,
and (S/N)o and usging the method of Appendix "C".

{¥BITAL : , . .
ANALOG ~afpl ANALYZER ‘o wlP{ SYNTHESIZER ==P-ANALOG

: " Figure 3-4. iyt rid System

. .

3.4.2 Making use of the thebreﬁcad limits for the compression ratio,
derived in sub-section 2.2, we can define a compressaion efficiency

n= R, _ (3-5)

o

where RL is the limiting compressicn ratio. Finally, we em set up a

figure of mexit for periormance
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Mp = L (3-€)
where I is an intelligibility index of some sort and I_ and Ii ire easured,
respectively, at the system output and input, Mp will then have a value
of unity for a perfect system. The question of how I should be measured

is discussed in Appendix "G",

3.4.3 MP' as defined in the previous paragraph, is a combined mea-
sure ¢i power reduction and ~ngervation of basic information conten: {(as
defined in paragragh 2. 2. 2a). We have not developed an index for des-
cribing the ability of a system torreprodug:e expression (as defined in the
same paragraph). One possibility, however, lies in testing the ability

of listeners to identify different speakers. The percentage of correct
identifications using the output of the system can be divid:d by the cor--
responding percentage using the outp:t of a high-fidelity audio link, or by
the percentage achieved in a face-to-face situation with visual contact
eliminated by means of a screen or a blincfold. The resulting ratio will

serve 28 an index of conservation of expression.

3.4.4 - We have not been successful in developing any useful hardware
criteria. It is obvious that the prime desideratum is the reduction in

lifted weight, providing that this can be achieved at negligible cost in terms

of volume, reliability, maintainabilit -, repairability, operational efficienc',

training mequirements, etc., etc. Successful speech compression will, to
be sure, afford the possibility of a xeductxon in radmted transmitter powez,
and reductioa in weight can be achieved either by reducing the transmitter
output or by reducing the anténna size. It is difficult, however, to develop
any mea.mngiul trade-off. A reduction of 900 watts in required transmitter
output is an exciting prespect, if it means thiat ‘a 1000 watt transmitter can
be replaced by one celivaring only 100 waits, The shift from 2000 watts
to 1100 waits is inteiesting but hardly exciting, and the shift from 10, 000

3-14 .
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watts to 9, 100 watts or from 50, 00C to 49, 100 is hardly worth mentioning.
Accordingly, we suggest that the develcpment cf firm hardware criteria
and trade-offs should be deferred until mere is known about the overall

communications requirement of a particular mission,

3.5 Other Investigations

We devoted a small amount of effort to a seriza of short studies,
all of which are described in detail in Section 6, Experimental Work
Carried Nut Under the Contract. Taese studies are listed briefly as
follows:

a) An examination of the recording and transcript

of communications to and {rom Mercury flight of
. Walter Schirra, sub-section 6. 1.

b) A brief study of the utility of lip reading as a
medium of communication, sub-section 6. 2.

c) A short experimental program, aimed at pre-
liminary verif cation of the usefulness of a new
specch-pattern vecognition scheme, sub-sect.on
6. 3.

d) A brief attempt to duplicate the work of G, W.
Barton and §. H. Barton, and x{:a'i')orted on in

- 13 December 1953 issue of Science magacine,
in producing a new type of speech pattern which
may bz zasier to recognize than a conventional

sonogram, sub-section 6. 4.

3.6 New Avennzs for ¥Future Work

We fe=l that we can offer a significant contribution in this area.
Briefly, it appears to us that the art of speech processing is now at a



point where it should be considered as a subject for interdisciplinary
study. We feel that when scientists from one discipline have pushed a
problem to an interdisciplinary boundary, as is the case here, significant
advances can be achieved wiilh rciative ease by allowing people on the other
side of the boundary to do a little puiling. Specifically, we believe that it
is t'me to look at the whole problem of speech proressing from the stand-
poiuts of infecrmation-processing, decision-making and pattern-matching.-
All of these disciplines are well deveioped, and ezach has an extensive

body of theory to bolster a broad area of current practice. Our specific
recornmendations are discussed at length in Se«tion 7, New Areas for

Future Work, and are listed briefly as follows:

a) A study of the statistics of quantized sampled
spcech signals. 1f each quantizing level is con-
sidered as a symbol, in the information-theoretic
sense, the speech signal is a message which is
expresced as a string of symbols. The sét of
symbols constitutes a code which has a re-
dundancy, in the information-theoretic sense,
in excess of 99%. It should be feasible to
devise a translation to a new code having less
redundancy, thus affording a significant degree
of compression, as measured in bits/second.
The problem of devising a new code is almost
entirely a problem in information p-ocessing,

sub-section 7. 2,

b) A search for easily-recognizable patterns in
quantized sampled speech signais using a tech-
nique of pattern-discovery which does not depend
on any preconcepticns about what the pattern

ought to look like, gzub-section 7.3,



L

d)

e)

f)

g)

A mechanization of a phoneme recognizer,
using a pattern-matching technique which has

already been partly tested, sib-section 7.4,

A study of the use of nan-scanning optical cor-
relation techniques to recognize patterns {sono-
grams, for example) derivec¢ from speech

signale, sub-section 7.5.

A study of the use of linguistic, para-linguistic,
and para-speech cues as aids to pattern recog-
nition in speech processing. ‘fhis is an appli-

cation of decic.ion theory, sub-section 7.6.

A study of the application of linguistic constraints

to the decision-making process in a speech syn-

' thesizar whose input has been corrupted by addi-

tive noise, To the extent that the synthesizer
operates on non-redundant inputs, developed
by an optimum analyzer, something of this sort

will be mandatory, sub-section 7.7,
A study, from the standpoint of linguistics, of

the information conveyed by '"expression'’ and by

para-speech, sub-sectica 7.8,
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1. THE PRESELT STATe OF TH - WR1

4.! Gener:! Cunsider aitions

In this section v¢ desceibe present speech compr “ssion tech-
niques which are in various stages of research and deveiopmert. The
ultirnate speech compression system with a2 necessary channel capacity
of 90 bits/sec is still a research problem with nc immediate sclution,

As each system or compression technigue is described, we discuss its
limitations and associated problem areas. Th.se problerm areas point
out an important congideration that must L« recognized when we consider
bandwidtk compression schemes. The development of hardware follows
basic speech research and heips to define the current problems of that
research. Thus, the basic research perforined at Haskin's Laboratory
and elsewhere on vowel-consonant transition cues, has helped the formant
vocuder to be a workable device in reproducing consnnants, although the
as yet incomplete knowledge of consonant structnre has hindered com-
nletely adequate consonant synthesis. For this reason, although vocrders
will n~ver be entirely satisfactory until speech ressarch has provided
answers to puzzling acoustic problemms, the atterapt ar e¢a.ly hasdware
developr is justified Woth by the actual success a}ready achieved and
by the proniein sareas in speech research uncovered and defined by such

hardware development,

Table 4-1 indicates the scape of presentiy availoble sprech com-
pression technigques which are in the near-hardware or hardware stage,

based on Stevens et all. .
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D | ‘ TABLE -1

Scope of Presentlv Availablc Speech Compression Techrniques

1
Group A B C
Range of Informatior. 18, 000 to 2, 03O 2, 090 to 800 Below 800
Rate Bita/Sec
Approximate Compression 2:1 to 15:1 15:1 to 36:1 Over 30:1
Ratio
Techniques Bandpass Filtering Formant Vocoder Spectruin
Amplitude Clipping Pattern
Time Compression
Spectrum Samzi‘ng Matching
Semi-Vocoder + Ceding
<7 ' Channe! Vocoder
4.2 Systems with Compression Ratics up to 13,1

4.2. 1 The first four systems mricluded under this he¢ading have compres-
sion ratios rangiug up to 5:1. They dep2ad upor simple cperations per-
formed on the elecirical speech signai iv either the time or the frequency
domain. They offer no real ncpe for future developmenrnt, but within their
limitations of compression ratio and intelligibility they are valid schemes
alraaly operacional. They will be discussed only briefly. ‘

Bandpass Filt2ring — Experiments have shown thet with a 2000 cycle

& 7 bandpass filter, intelligibility of . B. words (see Appendix G) approaches
: 90%. The naturalness i8 somewhat less than telepkone qaality speech but
S is adequate. This system is used mostly as a reference for testing other

. systems. ,
i .

R
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Amolitude Clipping -—- This technique mevely clips the sprarch zbove 2

specisied amplitude level. Modast clipping has very little effect on intel-
ligibility and this techrique ha? been used to extend the range of radio-
téiephane tranemillers by reducing tue ratio oi peak puwer to average
power. It has been found th .t iufinitely clipped speech, which reduces the
gignal to a succession of zero croussings, can jive P. B. word intelligibility
of 80% but produces ar unnatural voice quality. Clioping can give compres-

sion raiics of the order cf 3:i a* the expense of voice guality.

Time Compression — This is 2 general term for cchemes invelving the J

extraction of time samonples of speech, the division of thesc samples in
frequercy and the forma-ion of a continuous signal from the successicn of
samples. The signaiz are then replayed 2t the proper speed in order to
recourstitute the speech. P.B. word iutelligibility of better than 80% can
be achieved, and the voice guality, although nct good, i# better than thai
of clipped speech. A compression ratio of 2:1 can b2 achieved. (It is
interesting to nofe that a variation of this technique was used in some of
the Russian manned orbital misrions. ) The inhercnt lixnitations of this
technique are the small compression ratio and the somewnat complex

timing probles.

4.2.2 The following two systems give compression ratics on the order
of 3.1 and prov.de very good speech intelligibility znd fairly good voice
quality,

Spectrum Sampling — The basic concept used here to achieve speech
zompressicn ie that of being able to sample only portions of the frequency
sr «ctrum of the speech signal by the uez of optimally placed fiiters.
Variations of this simple scherne have teen suggested and implemented

in prototype form. One sys.em which Las been tested uscs three 650 cps
filterv centered about optimarn frequencies of 500, 1500 and 2500 ¢ps, and
provides P. B. word scores of nearly 90%. A six-filter system having a

‘w
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total anaizg bandwidth ¢f about 750 cps has been developed. 2 Other modi-
ficaiions have been suggested, such as moving the center frequencies of
the filters in accordance with the sheort-time energy distribution of the
speech spectram. This technigue provides 2 compression ratic of about

3:i with good intelligibility.

The Vocoder — The vocoder, which is descrided below, derives coatrol

signals {rom its input and uses these to pir'ogram a synthesizer which re-
produces spezch in a2 way that is an electrical analogue of human nbeech
reproduction. A few simple perceplive mechanisms are used in vocoder
systems. However no operational or projected hardware development

has carried the use of ¢ither articulatory or perceptive criteria very far.
The reason for this is that the basic knowicdge of these mechanisms is 2ot
fully understood. Thisproblemistreated bothir the followingdiscussionand ina

more general farminSection 5. Channel Vocodersuse compression ratiosupto15:1.

4.3 ‘The Chanuel Vocoder and Semi-Vocoders

"
3

“4.3.1 The following is a brief description in a simplified generic fashion

of the channel vocoder. Many systems have been attempted with slight
modification of the bacic prcmises. These are Zescribed briefly here, and
more detailed discuseions are contained in many of the refererces in the
bibliography. Figure 4-1 is a block diagram of a classical cliannel vocoder.”
It provides a bandwidth saving of the order of 10:1. Oue consiraint of pro-
duction (voiced, voiceless distinction) &nd one constraint of perception
{intelligibility retained By short-time amplitude spectrvm) are incorporated
in its design. A set gf contiguous bandpasse filters BPl--b BPN. with
envelope deteciors and low passa filters, produces values of the short-time
amplitude spectrum at liscrete frequancy points. This i ,%o a first ap-
proximation, the magnitude of the vocal transfer funciion I;Ins, constant
featuree of excitation and radiation. A valtage proportionsd to the funda-
mental frequency is provided by tae ritch exirastor and is also transmitted

- Van
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via low pass {iltering. At the receiver, this zignal makes vciced- voice-
less distinciiona by modulating the irequenc of a buzz-source generator
or seie<ting noise for the excitation. (This ias essentially a crude anclog
device for duplicating the human vocal imcchanism. ) The spectrum signals
operate modulators at the respective inputs of a set of bandpass filters
identical to those in the transmitter. The ocutputs are summed and the

short-time spectrum is reconstructed.

4.3.2 What do vocoders really measure? Consider how we produce
sueech. The sound source may be the larynx, which produces a sequence
¢t pulses 28 it converts the air flow from the icags into speech-like sounds.
The pulse repetition rate and the pulse shape are variable. We can also
make sounds by having the air from the lungs impinge upon an obstacle
like the teeth, or by forcing air through a constriction in the vocal tract
to produce a "hissy" sound. This type of sound is random in character,
’ as opposed to th= general formant frequency character of the voiced

¢ larynx sound. The terin forman: frequency is an acoustic-phonetic term
*hat refers to the frequency of the max.mum of a gross concentration of
cnergy in a speech sound, as indicated by a peak in the envelope of the
spectrum. The formants are indicated bv nuvmber with the lowest formant
being identified as the first, etc. The two types of sound sourcezs may
operate eingly or as a ccrabination. The -aound spectrum from these
scurces is then modified by the vocal tract caviti4ss and by the articulators
{toague, I{ps, palate, etc.j, T-ere organs do not mowve ra2pidly, and
hence the spectrur. of the speech lqm»:i‘:!;:nges slowly.
4.3.3  The bawic object of the vocods¥ lor of anv sther lpeech‘ comprocs-
sion device) is wn Jignal, in 2 more econumrical ina.uncr than by e repro-
duction of the total acoust’s speecd output, the significant paramears ane

: information-?:eviugfelém'é ::. of che speech act. it sh.uld be noted that

this does nct preclude sigaaling of non-acoustic correlytes of the speech
act, such a5 poni‘.on of the drt‘xculatorc\ iagial expressions, exc., as

4 : 4-6 .
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miormation-bearing elements. As indicated by the feregoing description -
of the channel vocoder, two basic parameters of the speech act are con-

tained in its implementation. The {irst is one of production, the voiced-
unveiced distincticn, and the other essentially one _f perception, and ‘

that intelliibility is generally maintained by preserving the short-time
amplitude spectrum. Speech sound amplitedes change slowly within the
bandpass tilter outputs and therefore can be represented by the smoothed

outputs of the envelope detectors. The phase spectrum is not transmitted

as it appcars to carry no usable intelligence to the ear.

4.3.4 The {irst vocoder was develuped in 1939 by iHlomer Dudley at the
Bell Laboratories. Early vocoders had an intelligibility score approach-
ing 70% of P. B. words. In recent years, improvements of the original
designs have provided intelligibility ratings of about £5% on P.B. words

and a compression ratic of about 10:1.

4.3.5 1In its original form, and even now, the channel vocoder is plagued
by the ""unnaturslness' of its sound cutput. Essentially, naturalness is a
sensory dimension, and as such it is not well defined even today. The
basic problem seems to be in tracking at the analyzer and reproducing

at the synthesizer the crucial features of the excitation signal. One
method of bypassing the problem is shown in Figure 4-1 in the box at the
top of the figure. This configuration is called a semi-vacoder. Perhaps
1/3 to 1/2 of the ordinary speech signal is transmitted (the lower part) as
an ordinary unprocessed baseband. After delay, it is recombined with
the outputs of the higher vo .cder channels, which are excited by noise.
This eliminates the pitch extraction problem, but no voiced exciiation
ca now be delivered to .t!}a higher bands, and the voiced-voiceless dis-
tinction remaina. In addition, the compression ratio is drastically

reduced.
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4.3,6 A number of factory contribute to the pitch extraction prablem.
Among these are the presenée of strong harmonics in the gignal used to
rmeasure the fundamental frequency, and the smoothing inherent in most
frequency measuring circuits which wipes out the cycle-by-cycle vari-
ations of the fundamental frequency which may be significant. Auto-
correlation and cross-correiation techniq_uess' 4.5 have recently shown
some promise of providing.‘a reaconably satisfactory solution to these
problems. However, reseavch is still needed.in this basic areasto
determine exactly what pa.ra.;neters of the fundamental frequency signal
must be transmitted and to what extent these affect inteiligibility and
naturalness. Any advancee made in the general ag: #cn research areas
of determining the critical parameters fci percestien of speech will 'm-
prove the channe! vocoder by indicatiz:¢ what portion of the transmitted

speech signal must be emphasized.

’9 4.4 The Formant Tracking Ve ) sder

4.4.1 Consider the number of cutput patterns iha’ cais L produced by
a chiannel vocoder. If we have a 16 channel vocoder with ampiitude
quantizing to 8 levels, 248 output patierns are possible, Now consider
the fact that vowel-like sounds at lcast can be represented by the first

' three formants present in the acoustic outputb, and that the observer
cannot-perceive these formant frequzncy differences to leas than 3 per
cent at best. 7 If each fcrmant frequency has a frequency range of 3.2 to’
one, it appears at one of 40 possible frequencies and at one of 8 possible
levels. Then there are at xnost (40 x 8 )_3 or about 2?‘5 pa_ssible vowel-
sound patterns. This number is an estimate of the ability of the vocal
cavity to produce, and of the observer to perceive vowel-like sou:ds.
If one knew how to represent consonantal sounds as a complete set of
acoustic output parameters, and if orne knew the threshold for discrimi-
r.ation of such pa(ra.metérs, 6,7 one could estimate the approximate

4.0
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miximum number of patierne perceived by an observer., 1t is gencrally

fcic this number would be considerably less than the &48 possible patterns
produced by a channei vocoder. Furthermore, the actual number of )
percelved paiterns is less than the theoretically possibie nwmber determi-

ned by this means, as the position of the formants of vowel!-like sounds

are limited roaghly to certain regions and to certain relationships among
themselves. At any rate, a speech comprcssion device, p.ore ambitious

than the channel vocoder, and called a resonance voc-der or formant

tracking vocoder, suggests itself fromn these principles., A discussion

of this device follows.

4.4.2 Most of the receat attempts at speech compression techniques
have centered around development of the formant or resonance vocoder.
This is a more ambitious attempt at duplicating certain voc#l cerd tuntions
as well as incorporating some aspects of the chaanel vocoder. Vowel
sounds may be charzcterized in a general way by nearly constant spectral
maxima which are called forx;nanta. These are represented in serne models
as being caused by poles (4 pole representations have proved td be
reasonably adeyuate) and no zeros. The consonants, however, contain
zeres as well as poles. It has been possible to develop equipment that

can extract the formant frequency and amplitude for the vowels, As yet,

it has been impossibie to extract the poles and zeros of consonants from
continucus speech. Figure 4-2 illustrates the formant vocoder, which

can give a compression ratio of 20:1 or even greater. The chouice of
excitation source is ‘he same as im the classic vocoder, but the speech
spectrum is analyzed in order to extract the frequency cnd amplitude

of the formants. It is otien divided into three contiguvus wide bands
éorresponding to the range of-the formant frequencies, and two.voltagﬂs

are transmitted corresponding to the amplitude and frequency of eacl of

the spectral maxima, Al the synthesizer the frequency voltages tune -,
formant resonators and the amplitude voltages modulate the inputs to

the resonators. A similar type of hybrid system which transmits the

4.9

o

R S e AN 2 4 SN W 2 (R R R KA (ST Tt St C e g Neadn e, t 3 e e e A ke 4 Bl N
‘



PITCH
["1 EXTRACTOR |
MﬂANT '
ANALYZER
e

]

DX

[

FORMANT 2 |
ANALYZER

FORMANT 3 [ ol y ao:;n
"" ARALYZER | Fy ‘ .i Mo 3
r"—"’ . N | N | Z e

Figure 4-2. Formant or Resonance Vocoder



S,

lower portion of the spcctrum 4s an unprocessed baseband has been in-
vestigated and, as with the clas~ical voc.ider, improvement is obtained

at the expense of bandwidth.

4 4 3 As is obvious from the foregouing discussion, the formant vocoder
as well as the channel vocoder, 12 plagued by the problem of extructing
and signaling the excitation function accurately., Bceyond this common
problem, the formant vocoder is a much more ambitious attempt to

signal the information-bearing pararmeters of speech. Its compression
ratio may be as¢ high as 30:1. In order to achieve this much compres-
sicn, a limited number of parameters must be extracted iu *he analyzer
and then reconstructed inte speech at the aynthesizer Unfortunately
these parameters are not completely defined, especially for most
consonents. Vowels are fairly well described by the first three formants,
and synthesizing networks have been constructed with can reproduce

them to a bigh degree of intelligibility. I» addition, certain fricative
conscnents such as /S/ and /f/ have Lren synthesized with different
networks than are used for vowels. However, a mathematical model
adequate for all speech sounds is not yet available for use in a synthesizer-
analyzer system. In fact, the type uf synthesizer now used in formant
vocoders may not, in general, be adeguate to produce consonantal

scunds, and it might be more convenient to synthesize these with a vecal
tract analogue depsndiang on articulatory constraints, This subject is
8,9,10,11,12 The work

at M. 1. T. is part of a general research study in automatic speech recog-

being Leawviiy researched at present ai M, 4. T.
nition and is discuss=d in Section &,

4.4.4 The present performance of formant vocoder systems is gener-

ally not agresd upon in the litcrature. What appear to be impartial teste
1,15, 14 rate the formant .occder performance very low (P, B. word

. ot . 2 5
articulation 22%), bui cn the other hand Contracter finil reporte’ 4,



show test results of the order of 75 to 857 P.Z. word intelligibility,

{See Appendix G). Further comments cn reference (‘9)lS indicate that
performance may be better than is indicatc< in that survey, Al any rate,
certain problems existing in such equipments h~ve not been solved. "L
chie? among these being the basic nroblem of signaling the signifi~znt
parameters of certain sound= and the incrility to g ninesiz< cortain

sound patterns. Also, uva u hardware developraent level, no cluce ~- 3
aias from the prediciive or past history «f tt'm:: gpaccl sign2l are used 7.
present, although they _bviousiy coatribute ts the human producti- 1 and
processing of speech. ‘As the saz.c st~ 1, cf the frequency spectrum of
speech, either on an acoustic basis or on 2= articulatory basis, reveals
further indications and classifications of the speech azt, the performance
of formant vocoders should reflect these advan-es and thef should become
more useful operational devices. The compiexity of both tne analyzing
and synthesizing harcdware devices seems destined to increase in large
degree as zuch advances are forthcoming from the researcn field In
addition, the research areas are not ones which pr_mise quick and easy
colutions to the existing problemms, They have heen attacked for a number
of years, and although they have y elded sufficient data for the p. :sent
hardware developrments, many problems c“ both synthesis and analy~is

of the speech signals on a purelv acoustical or articulatory basis remain.
It seems that additional help is needed from analysis related to the speech
act in slightly differcnt ways than the acoustic or articulatory.

4.5 Miscellaneous Devices

A variety of other compression devicea ranging from C. P,
Smith's Spectrum Pattern Quantizationlé’ 17 Technique to perception
network patterns have been ai:temptoad.m In ;2> case has more than
limited success wirth théé.x,‘ devices been reported. However, tie appli-
cation of such patterning devices is in its early stages and should prove
to be a significant step in speech regearch.
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3. CURRFEVT TRV 0N RESEARCH
5.1 General Remnaras

Research in spee ¢ 1'reCessing 17 procesing in sevorat inter-
related areas alined at finding basic data on the 1inlormaiica-bhearing
eleruents oI the speech signal, on its percentual attributes, and wa the
"ratural' representatics of speech systems by quantitative muodels. The
concrete objectives of tliese basic programs «+¢ ma-y and varied, ia-
cluading automatic speech recogmtion (non-machine voice crammunication),

inlormation retricval, bandwidth conmpression, and osthers,

In the followirg discusaion, research arcas are arbitrarily
divided into acoustic-articulatory and perceptive-linguistic categories.
These areas are related, and the division into two clesses 18 not meant
to indicate that they are divorced from each other., 1% is merely con-
venient to make this distirction for the purpose of discussirn. The two
catogories do not exhaust the fieid, but d» cover the major trents,

1Y

5.2 Acoustic Speech Analysis ara Synthesis

52,1 The greatest concentrat.. n of effort seems to be centered on
analyses of the irequency spectrum of the acoustic cutput and on models

. : : 4, 20
o1 the underlying source and cavity that produce the aconstic outp;:t.“’ '

3 =7
21,22,2%  Other etudies are concentrating on identification of a limited

24, 28, 24
nuriber of patterne {for examole, words or syliables), 77777 77,

5.2.2 A recent significant paper indicates ore of the key problems,
Sinmiply stated, this is the specification of the dynamic properties of
speech generation. The static properties of the accuctic output have
been defined to a great extent, ¢ Spec. fication »f the dynarnic properties

of apeech involves determination of the articulatory parameters and study

5ol
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of how changes in thesc paramcters modiiy the acoustic speech output.
Consideration of th2 physiological constraints on speech generation may

vield invariant and significant cves for specch perception.

The discussion in pointmdeals with the dynamnic propertiee of
vowels as determined by a series of controlled experiments providing
spectral data on vowels in various consonantal environmentis, Tue€ study
seems to indicate that there are definable targets for vowel generatior.
that remain invariant under a variety of consnnantal environments as
well as under variation of stress and duration. These data are signi-
ficant, id that they point toward "encoding and decoding in terms of an
analysis-by-synthesis procedurea_._ or the motor theory of speech per-
ception''. .. 28.A "The implication is that accustic and physiclogical data
may provide linguists with criteria that contribute toward elimination of

- - the classical problem of 'nouuniguencss' in phohemic analysis, Moreover,
i ’ they can serve as a prelimina»y answer to (the) challenge to the effect
that there is no reason to belicve that any approach will materially
reduce the obvious complexity of rhonologic-acoustic correlation.'' The
‘article concluZes with a suggestion for future work in the areas of identi-
N ‘ fication of specific "targets” a speaker aims for {(acoustically and physi-
- olcgically! when he speaks,of the rulec which govern the temporal dis- \
tribution of these targets, and of the properties of the aiructures that

respond to ine target instruction.

5.2.3 The sigr:yicance of theee preliminary experimental resuits, and
of the whole series of programs coming out of M.1. 7., R.I.T. (Royal
Ingtitute of Technology;, Stockkolm), and other places, is that a concerted
v . attack on an acoustic-articulatory basis shows hope of providing the in-
- variant or significant cues and of identifying ths iaformation-bearing
p.rameters of the spcech signal. If successful, these studies will provide
raw data which will allow automatic speech recognition sysiems to be
built to the highest intelligibility standards. . I is obvious that thes. .

——
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programs are long-term eundeavors of great c\-mpie»:ity;, and as yet they
have not provided encugh data to permit significant use of their findings
in hardware development. Meny research questions must be answered
before practical applications can be atlempted — evean good consoaant
models are net yet available in any general form However, it is not
too farfetched to envision (as onc of the resusis of this type of reserrch)
a speech compression system with the {ollowing general characteristics:
the system wonld consist of an analyzer and a synthesizer, each with
extensive computationa! capacity; the analvzrr would divide the incoming

speech into distinct segmented phonemes, and toe synthesizer wculd then

chocse stored sampies from which it would reconstitute continuous speech.

5.2.4  The arez of synthesizing speech from stored segments has oc-
cupied the attention of researchers for many vears. Among the most
recent work tc be reported, and a gucd sumamary of synthesizing '.e:c:h-
niques now available, is the recent paper by 5. E. Estes et al ""Specch
Synthesis From Stored Data'. 39 An analog synthesizer is used in the
reported work. Instezd of natural speech segments, the system uses
segmented ccutrol signals to the syntheéizer. This techrique pypasses
the difficulties of discontinuities in pitch and formant frequencies at the
segmental junctions. Contro: signals are variad until the speech segment
being studied is satisfactory, and connected speech may be generated by

- computé'r assembly cf the synihesizes control signais corresponding to

a sequence of speech segments. The system provides for specification
of the sequence of segments. This recent paper provides a partial
answer to Silvertsens' discussions, 31 which pose the problzm that:‘

"It is well known that there are a numbe * of difficidties in segmentation
of the spceck continwum. Doutts have been raised whether such segmen-
tation is at all possible acoustically or physxologtca}.ly, cxcept in a pusrely
physical sense, X-ray studies of the physiological inechznism (see
reference 6 for a later discuassion o1 X-ray technique), and acoustical

analysis of the speech wave show contmuoualy changin? formaticn and

5.3
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patteins in many cases where an iniuitive auditory phonetic analysis {inds
a segment border."

5.2.5 Additional areas of research on an acoustic level indicate the
broza scope of the programs at R, 1. T. Stockholm, M.1.T., Bell Labks,
and elsewhere. A typical repcr t”is a good indication of the acoustic
patho being followed. These include:

Spectrum Analysis -— Recent work in this arex involves the use of a new

technique which deserves brief comment. ''Inverse f{iltering", also known
as ""anti-rescnance filtering', attempts to cancel the formant frequencies
by ihe use of filters, thue defining the spectrum of a larynx source
funciion. By &pplying this techrique, ore can also determine formaat
frequenciecs quite accurately.

Speech Parameter Tracking — In this area, which relates to vocoderl
32

basic studies are being carried out on veice frequency tracking A
and on the definition of voiced-voiceiess distinctions 20

Speech Prodt..ct‘on -=-- Work in this arex includes measurements of

glottal pulse amplitude and shape, and of the variation of thess para-
meters from speaker io speaker. An understanding of this aspect ¢f the
physiology of speech production is important in defining the a.oustic
source function and in normalizing my genorahzed mach.ne for speecs

analysis and synthesis.

Speech Seymentation and Synthesis —- This area is discussed briefly

above in paragrapn $.2.4. Other work ie concerned with aralyzing the
acoustic cues for segmentation which are contained in the natural speech
waveform and with determining theiv variant and invariant characteristics,
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Articulation — An attack is being made on an articulatory level to

determine the parameters and sigrificant variations of the acoustic speech

act. This research is centered at M.1. T 8,9,16, 11

and is based on auto-
matic computer programiming. In its early stages, ‘human-in-the-icop”
strategy is uned in an Z**empt at analysis by synthesis by varying the
articulatory parameters of a2 mgod-i in order o provide acceptable

acoustic outputs. This is in contrast to the tzchnique of varying acoustic
paramesters. In some ways, it appears that a simpler description of the
speech act is availabl> by this method, using fewer paramecters than are
required by purgdy acousti: analysis. This research is in ite early stages,’
As a tech-

although significant results have aicready be~n reportedw‘ e

nique it is complementarv to acoustic techniques.

5.3 Speech Perception and Linguistics

5.3.1 “Work in speech perception correlates very closely with acoustic
and articulutory research. Since normal speech communication is aimed _
at a human listener, it is tailored to the perceptual ability of man. There-
fore any knowledge of perceptual clues will influence the concepts involved

in speech processing.

5.3.2 A recent paper-lsumm:u :zes what is known at prezsent ahout per-
ceptive criteria. In it, difference limens (D. L.} for various sounds and
phonsmes zre given. For formant recognition devices, it is shown that
"the just-discernable changes in formant bandwiu;hs are much larger
than those for formant frequency. Probiems in this area are also
defined {for example, "Apparentiy diacriminations of simultaneous
changes in frequency ind bandwidth have not been measured. The manner
in which these cues combire would be an interesting question. That ie,
what is the 'D. L. area' in the cémplex frequency nlane?'.) Similarly,
S pitch changes of 0. 3% to 0. 5% have been defined as the upjss bound to
/ ' the accasacy neceasary in processing pitch data. Many questions c¥isi.

A
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regarding the uses of the rate of chunge of pitch and the detection of in-

. - . 33,3 e
flection contours for higher order processing ' 4. There are 1dditional
questions of glottal oulse perceptual criteria. Much work r>maias to be

accomplished iv the area in terms of medels of speech percapticu

5.3.3 In a recent paper, A. M. Liberman, ¥ S. Cocvper, K. S. Harris
and P. F. MacNezilage! of Hacskins Labordtcrieszsdeﬁnc perhaps the most
interesting trend :n moedern speech perception, using linguistic and psy-
chologicai coustrainie and infereuces. This sectior. wili end with a dis.
cussior of their Mo*ur Theory of Speech Perception. The first iew para-
graphs of their discussion offer a precise definition of their problem
approach and of the background reasoning that lea tn their theory. As
such, they oifer an excellent rerspective of the probleins of man-machine
rela*ionships relative to speech processing. Thaese paragraphs are there-
fvre repsated in their entircety. It is our feeling that this ares deserves

much attention ir future rcsearch efforts.

“The accuracy and speed with which speech is perceived must
surely rank as one of its most important croperties. To appreciate how
remarkably gocd lar guage is in {his respect, one need only try to find or
to fabricate a set cf non-speech sounds that will serve a human being as
weil. Attempis to do this in connection with reading snzrhines for the
blind, for example, have not been notadle successful, and we know that
Mo}se code is relatively poor By comparison with spzech, sven after

years of practice.

"Eecause the sounds of speech are h:ghly distinctive -- that is,

~ absolutely and quickly identifiable -- they are «f{ficient vehicles of infor-

mation transmission. But the distinctiveness of speech sounds is more
than & matter of mere convenience and utility; it is, in fact, necessary

if « language as we know it is to exist. An obvious consideration is that

5=k
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a phonemic system requires by its vary nature that the sound slements
be identifiabie in absolute terms. The phoneme /d/, for example, must
be perceived not merely as something which is 1nore or less iike /4/ than
the last sourd heard, but as /d/ itself. Nor does the grammar of our
tanguage permit vhat this or any oth-~r phoneme be transfcrmed intc a
rauically different perception according to the context in which it appears
Phoreme perception must se absciute, or very nearly so, if language is
te be phonemic. W= should note, tuo, that there is a sound psychclogical
reason why languages are phonemic: a noa-phounemic cede would present
difficulties for much the same reason, and to roughly the same extent,
that a syliabic or word system of writing and reading is more difficuic

than ore based on an alphabetl.

"The requirement thai the phonemes be perceived guickly is,
perhaps, less obvious, but it is none the jess real. If one trivs to under-
stand language when it is r2ad to him slowly, letter by painful letter, he
sees that the phonemes must come along 2t 3 rather high rat~ else the

tistener caunot organize them into morphemes, words, and sentences.

"Although speech is highly distinctive :n human perception, ~o
rnrachine has ye¢t been designed which iinds it so. Indeed, it may well
be true -- and, .f so, ironic -~ that machines will have thzair gruatest
difficuity with those very phoaemes {e. g.. thc stoo and nasal consconants)
which are Jor human beic ¢s moest highly distinctive ana which probably
carx;y the heaviest 10as of information. There are of course, vafious
codes, all of them non-linguistic, which are well received by a variety
of machines, but these work badly with hu'nan beings. That man and
machine are so different in this respect is not \ery remarkable. It merel;
indicates that there 1s something psyrhologically interesting about the
efficiency of speech perception, and that we shall increase our under-
standing of language, and man, by inguiiing into the conditions of dis-

tinctiveness and the perceptual mechanisms which und lie it It also
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emphasizes, if emphasis were needed, that those who would design a

speech recognizer might somehow profit from the same kind of inquiry."

Next they ask what constitutes this distinctiveness. The first
point is that distinctiveness may not be ----"inherent in the acoustic
speech signal, but is rather added as a consequence of linguistic experi-
ence. More important, perhaps, it {the experimental evidence they use)
indicates that even with a considerable background of linguistic exnerience
on the part of the listener, the acoustic signal is digtinctive only when,

being heard as a speech sound, it engages some kind of speech perception

- system. "'

They go on to show that stop consonents are heard absclutely and
stored as given phonemes. Moreover, they indicate tnat this catagorical
perception is a iearned trait. Vowels, it appears, are not perceived
catagorical but continuously, although phonemic distinctions like length
and tone may lead to distinctive interpretations. {Consider the earlier
discussion in Paragraph 5. 2. 2 which indicates that, articulatorily, one
attemmpts to arrive at a distinct position when saying a vowel although one
may never reach the particular position-goal.) .\t any rate, it is sug-.
gested that perception is based on articulatory mcvements. Evidence is
cited that indicates ". ., the relationship between phoneme and articulatien
is more nearly one-to-one than hetween phoneme and acoustic signal.'
Further, the articulatory movements are not the descriptione of-articu-
latcry phonetics which are concerned with changes in the vocai tract
positions; rather they are related to the motor commands which initiate
thesc changes. To this end, the report concludes with a discus#ion of
possible‘ experiments to ve performed, and of studies presently in process,

which wiil give clues to neural commands or to particular muscle action

~ potentials with which the commands can be associated,



This important paper derives a new approach to speech proces-
sing, and the theory opens new avenues in a non-acoustic domain for the

processing, perception, and communication of speech signals.

e
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5, EXPERIMENTAL WORK CARRIZL OUT UNDER THE PROGRAM

Processin‘g Mercury Fliight Data

(o)
o

6.1.1 One of the most neglecied aspects of modern linguistics has been
that of "idiolectical linguistics'', i.e., the study Jf speech patterns of in-
dividuals rather than the generalized patterns of a linguistic community
or ""diziect'", Siace it seems reasonable Lo agsume that for voice com-
mu~nications to and from z spacecrall we shall be interested in a smail
number of known speakers, the study of individual idiolerts could prove
io be of great value in designing voice commumication systems and speech
processing techniques for space travel. To this end, the official NASA
transcript of the voice communications of Walter M. Schirra, Jr.'s MA-8

flight was examined for general and idiolectical linguistic irformation.

5.1.2 Schirra's voice communication was taken from the MA-8 space-~
craft's onboard tape reccrding. This tape was manually transcribed by
NASA into conventional meseage, sentence, and word format and ortho-
graphy. Our preliminary and necessarily brief examination of the tran-
scribed text, using manual data processing techniyucsg, indicated that
valuable linguistic and psycholinguistic information couléd be gicaned from
the text. It was also apparent thut the processing of the MA-8 voice data
could and should be mechanized {or more economic and accurate render-

ing of the data.

6.1.3 One of our first tasks was to obtain wome gross atatistics of the
message traffic. For example, keeping in inind always that we were not

dealing directly with verbal units but rather with transcribed or semi-

processed speech, we calculated that Schirra and his ground communicaters,

in his six-orbit rnission lasting some nine hours and twenty-three minutes,
uttered at least 30, 000 trenscribed "words.'' This means that on the

averags almost 55 "wordas'' per minute were sent and reccived by Schirra,



Or to put it another way: assumning that the average speaking rate is
about 125 "words' per minute, almost half of Schirra's entire elapsed
time was speut in sending and receiving voice cornmunications. This was
cbvicusly his main activily and took up most ot his time and

energy. We also found that, on the average, messages consisted of
fifteen wor is spread over 2.3 sentencer - or about seven words per
sentence. These and other similar statistics give us some feeling for

the size and limits of the space communication probiem.

6.1.4 We were also able, in the ail-too-brief time spent in examining
the transcript, to get some ideas concerning the possibility of gleaning
syntactic information from data. For example, we roticed that on oc-
casion, Schirra would stop using personal pronoung. Var this a random
or free speech variable or cor.-elated to some physical event? Also,
what are the syntactic peculiarities of a2 man under stress? What syn-
tactic patterns are mijunderstood or not received? These and many
other questions need to be answered; many of them can be explored by a

more careful, controlled examination of the Mercury transcripts.

6.1.5 We were also concerned with the problem of the transcription of
voice to printed form By comparing the actual tapes with the official
transcript, it was obvious that a faithful transliteration had taken place.
That is, from a :ommon-sense pcoint of view, the written text was sub-
stantially what Schirra said in terms of gross meaning. However, the
non-speech sounds he made were, for the most part, ignored (as they
rightly should have been for the purposes of transcription). A closer

or finer analysis of the tapes, and possibly a phonetic transcription,
might reveal more interesting data about his overall psycholinguistic
behavior. We have, for example, a rcugh estimate of the speed at which
che messages are uttered. Rut this is only an average per message. A
phonetic examinaiion of th:: tapes themselves might reveal (as they did in
a cursoury inspection) staccatce atterances in some places or more subtle
pauses, stamrners, ctc,, which were deliberately ignored by the tran-

scriber. These facts, when related with the other events of the flight
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and the pilot's physiological records, could be used to correlatr _guistic
with phyeécal and psychological states. In fact, it seems to be feasible

to do é.ox’fi: psycholngical proceesing of the astronaut by a careful exam-
ination of the linguistic and paraliaguistic data not usually coneid~red.
These and the other eyntaccic and semantic aspects of idiolectical

linguistice are fruitfvl sreas for future work. See Section 7,
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6.2 The Utility of Lip-Reading

6.2.1 During the study program a brief investigation of lip motion sen-
sing was carried out. Standard references on lip sensing were consultad,
and a visit was made to the California Schkool ior the Dezf for zonsultat.on

with teachers and students.

6.2.2 Obviously, visual clues contribute to intelligibility in spesch com-
municaticn. Consider figure 6-1, which indicates words correct ve speech-
to-noise ratio and articulation index with and without visual clueg. The
figure whicl is derived from re:ierence 29 indicates the increment of in-
telligibility as a funciion of sigral-to-noise ratio. When this ratio is high,
the listener hears clearly and therefore cannot take advantage of the cues
given by lip reading; if this ratio is low, the listener needs and uscs the
visual cues. The ''totally deaf' obviously inust and do use ''lip motion
sensing.' This technique appears to be successfil to the limit of its in-
herent constraints. Certain sound groups cannot be differentiated by
visual clues (e.g. b and p, 4 and g), and others can only be sensed if a
visual clue as to the voiced-voiceless distinction 18 available (for example,
through seeing or even feeling laryngeal action). The diffzrentiations must
be made or the biasis nf ""context" or higher order constraints. The re-
markable success some deal people have in ¢wmprehension cin only be
explained by the ma:velous adaptive corapuie they ka2 and the evolu.:ion
of natural language processing in humans through the eons of ‘.me.

6.2.3 This brings us to one of the ke prcblems in epeech processiry -
that of defining the statistical contraints and feedback loops we use to in-
terpret speech. This topic ig discussed in section 7. 7. There is inlor-
maticn available on the physiological iavel which if sensed may provide
pattern data for processing systems. Ior iistance, the rerent work of
Hillix 36 indicates that for « limired vocabulary at least, information
provided by lip-morion sensiny can be used togather with acJustic cata to

provide better processing arcuracy.

&-"
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&3 Patteru-Matching oi Sampied Speech

We carried cut a brief experin.eiii in which we determined speech
signal pattcrns ior three different vowel sounds wiih two differen speakers
{three speakers in one case). Cross-correlation between patirrns for the
same vowel sound as spoken by different speakers was always avove 0, 5.
Crose-correlation between patterns for different vowel sounds, whether
spoken by the same speaker or hy different speakers, was never above

0.12. This is described in detail in paragraph 7.4.9.



C el

6.4 Two-Dimensignal Pattecns Fr.an Speech Signals

6.4 As a small part of our work, we davoted a few hcurs to a repz-

tition and expansion of the experiments perfosrmed by C. W. Barton and
5.H. Bartou and reported on in 13 December 1963 issue of Science

Magazine 37 .

t.4.2 The experiment essentially consists cf driving an oscilloscope,
through a simple retwork, with speech sigrals in order to produce recog-
nizabie pictures from speech sourids. The actual circuit ' sed is shown
in Figure 6-2. Neglecting loading and stray capacitance, the R C leyg of
the network lags the C R leg of the network by 90°. Speech iuput (sound

pressure from a single voice), whe played through a microphone inte

“the circuit, produces a stable oscilloscope trace of sound pressure versus

derivative of sound pressure. Pictures oi results from five subjects say-
ing the sare phonetic material are given in che Scierce article. Some of
the sounds are fairly constant anc easily recognizable, especiary e
vowels, but congor.ants;like th, v, z and‘mu are crite variable from sub-
ject to subject. Moreover only two pic..- 27 of unvoiced sounds (f and s)
are presented in the Science article and these noisy sovnds do not form

particularly eignificant piccures.

6.4.3  The real object of our experimenx was to determune if consonants,
which are much legs ensrgetic and have less harmcoenic content than vowels,
could be usefully displayed by this method and further, to see 11 we could

get vowel representations similar to thuse :n the Barton article., The

- latter point was verified, and Figures 6-3 and 6-4 are rep.'esentative ’

line drawings made from polaroid photographs of oscilloscupe picturcs
for two vowels, & and ah. Hcowever, we found it impossible to get dis-
plays of plosive consonants and certain other'unv;piced conecnants, This
is not an unexpected result, as it has been show.'i"';that the vowel transition

in many cases contains the consonantal inforrustion and the technique -

i
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- oiUT VOLTABE FROM AUDIO AMPLFER
l‘ QUTAUT VOLTAGE TO HORIZONTAL AMPLIFIER OF OSCILLOICOPE
" 8y~ OUTPUT VOLTAGE TO VERTICAL AMPLIFIER OF OSCILLOSCONE

Figurc o-2.  Oscilloscope Driving Circuit
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Figure 6-3

Line Drawing of Osuilloscope Picture of Vowel e

Figure 6-4

Line Drawing of Oscilloscope Picture of Vowel ah
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used in this experiment cannot sense thie, 1he technique is valid and
shows some promise if modifica sufficientiy to uvrovide as the authors of
the Science articlc state,.....'a natural phonetic alphabet with which
one ~-n capture nuances of pronunciation.....”". The value of such an

alphabe: is obvious.
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NEW AVENUES FOR FUTURE WORK

~1
P

General Considerations

7.1.1 We devoted a suhstantial traction of cur tutal ciforl (v a search

for rew ways of looking at the problem of speech processing in _general and
speech compression 1. particular., We Lave, we believe, turned up saveral
approacnes which apnear to offer the possibility of imprcvement ia the state
of the art. All of these are described in tnis section. Before embarking

on detailed discussions, however, we wish tu say something about our over-

ail vie'w of the problem.

7.1.2 We feel that the limited problem of speech compression (as opposed
to speech processing) can be consicered as the problem of minimizing the
transmission load required to tran:mit messages of a particular class —
messages which are the electrical equivalent of acoustic speech signals, In
order to devise a way of codiry suc: messages =0 as to m1mrmz the trans-
inission load requireiment, we inust have considerable detailed knowledge
about the mess.ges themselves. We do not, however, need to know anything
about where the messages come from, how they are produced, or how they

are understcod and interpreted.

I erfect, to devise a way of coding, we need to xnow as much as
possible about the electrical anzlogues of acoustic speech signals, but we
don't need to know anything about sprech per se. This view of the problem

y 4 ¥ PEL s€ 4 P

results in the first of our approaches, which is described in sub-section 7. 2.
S

I

¢

7.1.3 When we look at the more general problem of speech processing,
we think of speech 18 a sequence of specialized sound patterns, Since we
presumahly understand speech by recognizirg these patterns, the oovious
approach to speech processing is that of devising a machine which will be
able to t,:a.i-ry out Lhe same recognition process [“rom a linguistic stand-
po.nt, the basic units of speech are phonemes. It seems reasonaole,
therefore, to start by trying to mechanize the process of phoneme recogni-
tion. It is not too surprising to disccver that this is not an easy solutiom.

Phonrmes are, to be sure, the basic structural units of speech. We have
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no guarantee, however, that the hurnan nervouz system processes speech by
reccgnizing phonemes. Even if phonem=e turn oul to he the basic units used
by the human speech processor, it is alwa'ys possible that a mechaniral pro-
cessor may deal more efficiently with other units. It is a basic truth that
technology does not upsrate mosi efficiently wien it cepies narure — nobody
builda four-legged tractors, and the ornithooter is nothing moere than an
aerodynamic curiosity. The oroper spproach, we suggest, is to forget all
about speazch and look tor patterns in the electrical speech signals. This is

the basis of the approach descrihed in sub-section 7.3,

7.1.4 Our next approach, described in sub-section 7.4, runs counter to .
everything said in tl e foregoing paragranh -~ it is a technique for mechanizing
2 phoneme recogiizer. We include it because we think that it offers a good
chance for a quick payoff. Qu:r remaining aporcach, i2scribed in sub-section

7.5, is an off-Leai approach to the problem of pattern recognition.

7.2 Speech Compression as 2 Problem in Coding

7.2.1 This approach to the prdblem is aimed primarily at speech com-
pression, to the exclusion of speech processing. It will, however, provide
a wealth of interesting data as a by-product. Briefiy, we propose to sambole
and quantize speech signals, as outlined in Appendix '"C'"', We now think of
a speech messaye as consisting of a string of symbols, whre the alphabet
of symbols is simply the set of numbers which describes the various quan-

tizing levels. Thus, the syrabol string
143, 162, 190, 340, 27. -11 (7-1)

might be interpreted to meanr that successive samples of the speech signal

had voltage levels of

1.43, 1.62, 1,90, 3.40, 0,27, and -0.11 volts {7-2)
7.2.2 We start by determining the statistics of speech messages. Thus,

i{ P, is the relative freguency of occurrence of the j-th symbol {the symbol
which indicates that & sample of the speech signal, aiter quantizing, was at

7=-2



the j~th voltage level), we can calculate a value for ‘he infor.nation cuntent

cf speech, neglecting the intersymbol constraints, by using the usual relation
== L P log P. 7-3
Hy ? 5 108, (7-3)

where H is the informaticn contents in &t is/symbol and the subscript indi-
cates that we have neglected the intersymbol consiraints by considering

the symbols sepzrately. Similarly, we can calculate

- 1 \
B o= Z'J.Zk Pulog Py (7-4)
1
Hy = ?J% Pilog P (7-5)

etc., wnere P. for example, is the probability ot occurrence of the

jkl1’
triplet consisting of the j-ta, k-th, and ! -¢k symbols (in that order) and
the subscript on H indicates, in egquation (7-5). that we have considered

intersymbol constraints over groups of 3 symbols.

7.2.3 Using these data, we can attempt to verify some of the heuristic
conclusions set forth in sub-section 2.2 above. Suppose that we sample
at a rate of R samples/second and quantize to a total of L levels., The bit-

rate for unprocessed speech 15 then
R log,L bits/second (7-5)
Aw
The information rate, considering intargymbul constraints over blocks of

n symbeois, is RHn. The limiting compression ratio available by optimum

coding of blocks of n symbols is then

RlogzL logzL
% "®RE " H

n

(7-7)

Further, since n symbols are generated in 2 time n/R, vie can define

logzl‘

cn =
" (7-8)
T = n/R



where C{ ; is the limiting coinpression ratio available through optimuin

coding with a processing time T.

7.2.4  An interesting series of experiments would be the determinaticn

of RHn (for large n) for various values of R and L. This would give us some
idea of the penalty incurred by narrow-banding (reduction of R) and coarse
quantizing (reduction of L.). Comparing *hese data with the results of listen-
ing tests, we would be able to decide whethLar or not the huinan spe~ h pro-
cessor uses all of the information available to him., It is possible (or
example, that narrow-~banding starts io reduce infcrmation content befure
the ear can detect any difference. Should this be the case, we would con-
clude that the high-frequency portion of the speech signal might well con-
tain information that would be useful to a mechanized spuech processor

even though it is useless to the human listener.

7.2.5 Aside from the utility of this approach, in terms of generating
inleresting data, it might tell us enough about the statistics of natural
speech (from the information-theoretic viewpoini} ic enable us to devise a
low-redundancy code. Speech compression could then he achieved by simply
translating from the ""natural' code to tte new one. Decompressicn, or
synthesis, involves nothing r'ore than inverse translation followed by
digital -to -analogue conversion in order to reproduce the original sampled-
and-quantized speech signal., This, in turn, need only be passed through

W low-pass filter in order to recover the original signal (25 corrupted by
quantizing noise). This approach, should it be successiul, would therefore
eliminate al! of the problems cf spee:h analysis and spesch synthesis assn-

ciated with the rore ambiticus sper:ch processing approach.

7.2.6 The hardware required for this approach is quite straight-forward
and involves rothing rmore then tap recording ecuipment, sampling cirecitry,

pulse-height analysis circuitry, and some low-speed logic circuitry,

7.3 A Technique for Discovering Patterns in Speech Signals

7.3.1 While the first approach, sub-section 7.2, considers the speech

processing problem as one of cnding, this appivach considers it as a
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decodink problem. Startinyg as before with sampled quantized speech, we
consider a sperch message as a string o! symbols Afl' where each symbol
represents a particular voltage level. We now suppose that there exists a
sct of Juper-symbole Bﬂ. where 2 particular B'_\ consists of a string of

syirools Aj. Thus, fur examgle,

By = 8A5% 98

By = AtiAat (7-9)

it

etc.

We sct ourdeives the probiam of discovering the super-symbols B. Hope-
fully, the number of super-symbols actually used is less tb:an the totality cf
super-symbols possible, and we can achieve compression by coding the
speech message as a string of supec-~symnbols., Further compression wiil,
of courre, be possible through a modified coding to elim¥nate redundancy

if the super-symbols do not appear with egual frequency. The merit of this
aporoach lies in the possibility that we can uliimately construct a device

for recognizing super-symbols, thus taking a large step forward in solving

the man-machine communication groblem.

7.3.2 We infer the existence of super-symbols. or patteirus in the speech
signal, from the fact that speech sounds asc 2 relatively small sub-set of the
set of all possible souncs. Speech, for example, does not involve any sus-

tained pure sine -w.ves,

7.3.3 There ar? a number of ways of searching for super-symbols, but
a description of ona way wiill suffice. Let us consider a particular symbol

. This may appe-ar at the begianing of a super-symbol, within a super-
symbol. or ot the ead of a super-symbol. Let us suppose that AJ appears at
a particular location, say 2s the tenth symbol, in a particular super-symbol.

- 1Y -
There is a cerlain symbol pattern (of A's) to the iait of A, and another to the

rigi\t. When Aj appears at anather location, say the thir{ieth symbol in the
same super-symbol, or at some point in another super-symbol, it is accom-
éanied by different symbol patteras on its right and on its left. Roughly
speaking, if AS appears at some number of different interral locations in



the set uvf :uper-symbols, the number of differeunt patterns on the left of Aj

should be thz same as the number of different patterns on its right

PR

If we consider only those cases in which Aj is the last symbol in a
super-symool, the number of patterns to the left of Aj is, at most, just the
number of cifferent super-svmbols which end in A. The number of patterns
on the right of Aj' nowevel, is vervy neaxrly equal to the total number of

viper-symbols.

Similarly, if Aj appears at the beginning o1 a super-symbol, the
rumber of different patterns un its right {the number of super-symbols
starting with Ajp is Jess than the number of different pa‘terns on its left {the

total number of super-symbols).

7.3.4 We now initiate our search for super-symbols (paicerns) in the
following way: ‘
a. We compute a sct of probabilities Pj’ whereP:.' is the preooa-

bility of occurrence of the symbol A..,

b. We next compute the set' of joiat probabilities P‘k’ where
F:ik is the probability of occurrence of the symbol pair

A;A\’ in that ordcy.,
ik

c. We next compute the sums

: ZPJ log2 1-3 {7-10)
3
Z'ij- log, Py (7-11)
;ij log, By, | (7-12) -

d. We now compute

1. i e ay
loga F"‘ - pj— g ~ij logz ij {7=13)
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If there are no constraints between Aj and the following

symbol Ak' we have
ij = Pij {7-14)

and ec "ation {7-13) reduces to

- Zkz B log, P (7-15)

If, at the other extreme, there is corplete constraint so that

Aj is always followed by, say, Ar' then
P, =P, ifk=r
- To(7-16) .
2 0, ifk # )

&nd equation (7-13) reduces to zero. Expression (7-13) is
therefore a measure of the freedom from constraint on the

symbol following Aj

Similarly, we compute
. 1 A .
log, 53 -3 Z ij leg, Py, (7-17)

which is a m2asure of the freedom-from constraint on the

symbol preceding Aj .

Finally, we take the ratic

log, ¥ -gr E B log, B,
{7-18)

N
logz { !,-‘_, logzP

and sxamine this for various values of j. A high ratio indi-
cates low constraint to tne ieft of A A and high constraint to

the right. Hence we suspect that Aj appears at ‘he start of a

" super-syrnbol,

if thia procedure does not yield a good candidate A} we try again

wit.h the most hkely candidates .45 iorrung the ratio (fo: the likely values
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1

log, P - g %: Pralogz Py
J (7-19)
1

log, P, 'FJ' % Fajto8; R,

7.3.5 _Having found a likely candidate Aj for the start of a super -symbol,
we next axamine doublets Ajﬁﬁc to find out which ones lie at the beginning of
a super-symbol starting with Aj and which ones lie withiu super-svmbols.

To do this, we calculate the ratio

logz ik " E P logz ikl
17-20)
1"gz (' 21- 1jk 1982 i

which gives us Aj“‘k as the start of a super-symbol ‘f the ratio is high. As
before, if the ratio {7-20) does not enable us tc choose Ak' we ase the ratio

log, Py - Zpklm log, Piim :
Jk im (7-21)

log, B z Pim 1°gz Imjk

The process i3 continued in the same way. The end of a super -symbuol is
signalled by a relaxation of constraints. so that there is no obvious nesxt
symbol te add o the pattern, or by a simple repetition of the patiern (indi-
cating that the super-symbol is repeated).

7.3.6 Having found a set of super-symbols, we next attempt to derive

an even more basic set ¢f symbois by locking for families of super-symbols
which differ 'c;mly, say, in the amplitude of the oxriginal speech signails from
which they are derived. The speech message can then be coded as a string

of besic super-symbols, each with an appropriate modif ,riﬁg symbol attached
to it. We would hope, in the end, to have a set of machine-recbgnizable sub-
phonsmes whicﬁ, together with arnplitude and pitch modifiers, would reprqseht
natural speech with no loss in quality. (The duration of a phoneing will be
signﬂled by the number of times the appropriate sub-phoneme is repp;&te&,}

5
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7.4 A Technique for Instrumenting a Phoneme Rucognizer

7.4.1 Qur next approach is based on the assumption that the basic speech
units recognized by a processor can be the same as the wave forms which,

when repeated, form ihe phonemes used by linguists to desrribe speech.

7.4.2 The speech signal is first tand-limited, adjusted in level by a

slow AGC circuit, and clipped in order to avoid excessively high peaks in
either;‘;lirection. This pre-condidoned speech signal i_svnow fed to a level
extractor, which determines the short-term level for the purpose of obtaining
information about accent. This can be as simple as a rectifier followed by

2 low-pass filter. The short-term level signal is satnpled at a suitable rate,
quantized, and transmitted along with other information. At the same ime,
the pre-conditioned sprech is sent to a pitch extractor. Here the speech

is low-passed and then infinitely clipped, and a sync pulse (appearing once

in each pitch period) is derived, say, from the positive-going zero crossings
of the clipped syeech. The output of a voltage-controlled ascillator is divided
“y some suiteole aumber (say 128) in standard counter circuits, and the
appropriate sub-muliiple of the oscillator output (the 128-th, for example)

is :matched to the sync pulse by siandard techniques. The oscillator fre -
quercy i3 thereby locked to some harmonic of basic pitch frequency. The
oscillaior control voltage is sarupled at an appropriate race to obtain pitch
infor'nation. The samples are quantized and the signuls are transm‘itted
alor.g with the short-terma level signals and the phonemie identification sig-
nais. Whea- there is no discernible pitch frequency, the oscillator reverts

ts some preset stand:zrd frequency.

7.4.2 The voitage-c ntrolled cscillator is now used to produce sampling
pulses at, for example, 128 times the basic pitch frequency, or at sc.ae
fixed rate if no pitch frequency can be determined. At ear'. sampling point,
the polarity of the speech signal is determined und a corresponding binary
ai;gn/al {for example, a one for plus .4 a zero for minus) is read into a
shift register. At each zyac pulse, the shift register is dumped, providing
2 128-bit w=. 4 which describes the speech si_ghal over the most receat sam-
puing period, 'By this technique, the speecﬁ wvignal is converted to a string



of symbols, one symbol being generated during each pitch period, each

symbol consisting of a 128-bit. word.

7.4.3 The 128-bit wora mayr be clocked into a high-speed shift register,
Alternatively, tne one-zero lht-stream may be converted into a sequence

" of positive (for one) and negative {for zerolspulses and sent to an analogue

delay line. Ina either case, when the shift register or the line is full we

have 128 bits available in parzllei for cross-correlation against a set of -
referencs patterns. In the analogue delay-line case, which is perhaps

simpler to mechanize, the 128 positive or negative voltages are summed

with or without sign reversal. We thus have

FW, . (7-22)
\E ] J - -

whér?,\fs:,e;g;mple, P. is plus or minus cne volt according to the sign of the
j-th pulse, and Wi"iS‘plugc‘)r minus one according to the wiring of the

] —
coupling network from the j~th tap to the summing circuit. We have, in S
' efféct,. a cross-correlation between tgé ‘tr‘ain\of 128 pulses and the s=2 ot ’

128 weighting factors.

7.4.4 The outputs of the delay line tape ure fed, in parallel, te &_S_E_f‘:of
correlators, one for each sub-ph~.eme pattern. Each correlator, of course,
has":fés own weighting net,ork betwecen it and the delay line. The correlator
outp!'tn are smr‘;med and a pattern selector examines the nutputs at . appro-

priate ,.‘cervala' selects the highest output and transmits a string of digits .

to indicate whick of the correlators shows ths highest output. -

]
PR T 2 TITEER

7.4.5  The system output is, then, a string of symbols, each standing
for a particular pattern which, whern repeated, forma a particular phoneme.

Interleaved with this string, we send level and pitch information.

7.4.6 At the receiver, we store a set of 128-bit words (one for each
puttern) in a core memary., We use the pitch information to control an o8~ |
cillator like the one in the transmitter. At each eync pulse, we note tha
most recently received pattern identifier and shift the appropriate word
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from the core to a shift register. We then clock this word out of‘the shiit
register at, for. example, the 128-<th harmonic of the oscillator. The result
is a string of 128 positive or negative pulses, equally spaced over a single
pitch period and making the best possible rnatch (within the limited number
of pattern-ident:fying correlators) with the train of pulses which was fed to

the correlation matrix in the processor.

7.4.7
pass filtering. After compensation for the filter characteristics, it is then

The output pulse train can be converted to clipped speech by low~

. modulated b); the short-term level signal.

7.4.8
identical with the analyrers matrix. That is, the words stored in the syn-

~This scheme has the great merit that the synthesizer matrix is

thesizer core are identical with th’e’ weighting functions used in the anz2lyzer
correlators, Further, each eletaent in the analyzer matrix is either plus
one or minus one, which allows easy experimentation with slightly-
modified phoneme patterns. Clearly, the patterns can be adjusted, if

riccessary, for a compromise between best phoneme recognition and best

reproduction.,

7.4.9
but using only 16 semple points in cach pitch period. The vowel sounds &

The following experiment was carriéd out usirg this technique,

{as in boat), 4 (as in boot), and & {as in feet) were spoken by two different

people (three for ¢), and the best-match cerrelation patterns were

determined. These are given in Table 7.1,

Table 71
Best-Mitch Co:relation Patterns
Subjectl | ‘ -
51 -0--+'¢~«t+-',0€'-4~---
71 T R
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Table 7-1 (Cent)

Subject 2
o, TR R A
[ %
"13 R
<, -~ 4 4 4
Subject 3
53 - -t

The resulting patterns were then cross-correlated, yielding the results

given in Table 7-2.

Table 7-2

Cross-Correiated Patterns

% % vy Yo
o, 11.00 0.50) -.12 .12
) |

62 1 0.50 1.001 .12 $.12
- T WL GEER @R @ sun W ) rﬁ-—n-&-n-u-
4, =12 +.12  §1.00 1.301

’ [ i
- . '
u2 w12 +.12 l-._(if)_ _t!?‘OJ
. t
el 0 0 +.12 ¢.12
- i i ., y
e, | .25 .25 .12 12
53 0 0 $. 12 $.12

él 52 é3
] -. 25 0
0 -.25 0
+.12 -.12 +. 12

.12 .12 +.12

R |

y1.00 0,50  0.75,

{ 0.50 1.00 0..75

Note: Dotted squares include the cross-correlation values for the

same phonemes spoken by il.e various individuals. Values

outside the squares are the cross-correlation values for

different phonemes,

-
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Those cruss-correlations which cught to be high (cross-cor . elations
between pitterns tor the same phoneme as spoken by different people) are
all 2bove +0.50. Those which ought to be low (cross-correlation between

different phonzmes) are all be.ow +0,12,

7.5 The Use of Optical Correlation for Pattern Recognicion

7.5.1 If we instrument some sort of a ~ross-correlator which is able to
recognize a specific pattern (in the time-varying speech signal) when it
appears at some standard level, we have no particulzer trouble in recog-
nizing it at any other level. A change in signol level changes the outputs

of all the croas-correlation, but the highest output still appears at the
proper place. Pitch variation, however, roses a rnore complicated prob-
lem, because each of the patterns undergoes a change in scale along the
time axis when the basic speech frequency is altered. This problem is met
by the pitch extractor and variable-rate sampler in one oi the approaches
described in sub-section 7.4. We now oifer an aiternzative which is, we

think, simpler.

7.5.2 Briefly, we make use of optical cross-correlators, which we will
describz. to identify patterns in the short-term power specirum of the
speech signal. If the spectrum is properly displayed at the correlator

inoput, a change in basic piich results in a displacement uf the pattern,

rather than a change in scale, and a single cross-correlator can recog-
nize a pattern even when the basic pitch is changed. The same cross-

correiator also sxtracts pitch information.

7.5.3  Suppose that & one-dimensional intensity patte:n is displayed (on a
cathcde ray tube, for example) anrd viewed by a photosensor t‘nrougﬁ a

.yeference transpérency which duplicates the pattern (being clear where the
intensity pattern is bright, and opaque where the pattern is dark). We have
the situation showr in Figure 7-1. The brightnass at a is multiplied by the
transmissivity at a', the brightness at b iz multiplied by the transmissivity
at b', and the total amcunt of light falling on the detactor 1s sumply the

cross-coryelation (un-normalized) ol the intensity pattern with the reference

7-13
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transparency., In the plane of the detector, we will have a bright rpot indi-
cating a higa cross-correlation., Suppose, now, that the pattern is shifted
to the left. The correlation spot, as can be seen by inspecting the figure,

will move to the right.

7.5.4 If the pattern is based on a short+term power spectrum, with inten-
sity prop.rtional to power level at each frequency, and if distance zlong the
pattern is proportional to the logarithm of frequency, thern a change in basic
pitck merely shifts the pattern to the right or left. A set of detectory,

all using the same re’erence transparency, can then recognize the paittern
whenever it appears {(whatever the basic pitch period) and; can simuua-

neously exrtract pitch irformation.

7.5.5 In the system we propoce, the speech signal is first preconditioned
(rand-limited, level-adjusted, and peak-clipped, as described in paragraph
7.4.2). It then goes to a {ilter bank, and the output of each filter is used to
light a neon lamp. The sei of lamps displays the short-term power spec-
trum, Simwulitaneously, a level-extractor determines the short-term speech
leve!, The set of lamps is viewed, throw:..ia a’ihg"{e a8t of reference trans-
parencies (one for each spectrum pattern) oy 2 tvo-dimensional array of
photosensors, A pattern identifier rircuit now selects the photowensor
having the highest output. At the receiver, a broad-band source fzeds a
similar filter bank. After some smoothing, the pattern identific: vignal,
which includes pitch information, controls modulators at the fiiter nut-
puts. The modulator outputs atre summed and again n.cdu's»red e ralled
for oy the smoothed short-term ievel signal. The result should -+ natural

speech,

7.5.6 The source at,g,l}e receiving end may de eithur 5 ; .1.5dic source
rich in harmonics or a white noise source., It m~y he ad- o tageous to fol-
low vocoder practice and have several sources availabia, switching from
one to anothex as required for a particular pattern. The number of ciiters
required will not be excessive. Fifty filters, each having a band-width

equal to 10% of ite center frequency (a Q of 10), will cover a range from
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about 80 cp#s to about 10,500, which exceeds what we specified for "excellent"

speech (paragraph 2.2.2). Witha Q of 7, fewer than 35 filters are required.

7 5.7 Aside from uncertainty in the {ilter configur~tion, thir approach

is straightforward and well within the state of present hardware art. As

a preliminary experiment, we would cons ruct a pair f filter banks to
determine a suitaeble configuration. Kach filter in the anal rzer bank would
be followed by a rectifier and smuothing cirﬁ’cuit. The output of each channel
would then be used directly to modulate the output of the corresponding filter
in the synthesizer hank. The success of this experiment would demonstrate
the capability of the system to reproduce natural speech (without com-
pression). Fellowing this, the pattern recogniticn porticas could be built
and suitable patterns cculd be discovered on a trial and error basis. Note
that further refinement would t2 possible (affording further compressiun)
by appropriate coding of the pattein identification signals, or by the use of

super ~-syrabols 1o describe strings of pattern identification signals.

7 5.8 The optical cross-correlation technique is easily extended to two-
dimensional patterns, using a two-dimensional display and t+ 2-dimensional
reference transparencies. This approach might provide a useful way of
identifying transitional patterns which appear between sustained speech
sounds and which will appear as patterns having relatively short

persistence.

Another possible appiication of two-dimensional pattern matching

is in the ideutification of the patterns described in sub-section 6. 4.

7.6 Non-Acoustical Constraints on the Processing of Phonological
Data

7.6.1 Cften in the encov.ng, ansmitting, and decoding of phonological
data by electronic-mechunical means, linguistic information is lost or
seriously distorted. At this stage in the history of linguistic research, it

7-16
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15 worth cons:der:ny ahether non-acoustic, or rather noen-phonemic, coti-

;iraings can aid in the processes of: (a) verifying our current interpreta-

3

£

tion of a piecz of phonolegical data, (b) predicting some phonetic feature,

and {¢) reconslructing obliterated dara.

Tnere are at izast tnhree classes of non-phonemic constraints that,
to sorne degree or other, aifect the gua’ity of the analysis, the interpreta-
tion, and ihe synthesis of phouological data. Thes< ¢lasses are. {z) the
statistical constraints of the linguistic codes, {b) the so-called paralin-
gu:stic constiazints, ana (c) the higher lesvel, supra-phonemic, linguistic

constraints.

7.6.2 It i< believed by niust students of lanjuzge, whether the langusge
is in the written or verbal Jorm, that natural languages are to somc extent
regular; that is, that they follow certain pred:ctable patterns in their con-
catenation of sounds, in !he structure of their morphemes in the rules of
their syntax, ete. However, language being z hurnan institution, alae,
follows very complicated rules which are often difficull to perceive {as
2500 y=ars of unfulfilled grammatical research and schola'rslup suggeste).
Within the iast hundred years. linguists and others interested in language
(cryptographers, ssychologists, engineers, etc.) have sought more formai

methods for dealing with the "irreguiarities’™ wiiliin the regular system.
7.6.3  The most successful formal metnod to date has been the applica-
ticn of statistical techniques to language siructures. New statistical methods
and techniques, plus the digital comput\er, offer promise that significant
rhead\-'ay can be made in vnis arez of linguisiic 1eseavch. Furthermore,
there is 2 growiag interest 1n the statistics of individual’ idiclects {or
personal spcech habits) as contrasted with the abstract patterns of 2 dialect
or speecn coinmunity, For exarmnple, it rnight be more economical or more
c¢fficient to tailor a space communication s;stem to one or a few individual
astronauts. 13 this way, the individuzl pecularities of idiolectical speech
patterns tould be taken intu consideration rather than being discarded as

they usually are when a system 7« designed for general use,



7.6.4 To be of any practical use, statistical information about language
structures must be juxtapcsed agaiast some standard or norm. Information
about individual speech habits is useful unls if contrasted with general ex-
pectations abouot the ''code’ characteristics of a language. Also, a certain
arrangeineat of synbols 15 predictavlie or "normal” oniy if detaiied know-
ledge about '"'normal' patierns is a.vsxildble. Thus, it becomes necessary
that we continue to acquire inrformation and statistical data about dialec-
ticai linguistic behavior: that is, language patterns of the cornmunity. At
the san.z time it is obvicas that individual speech patterns are essential to
the design of specially tiilored communications systems. The extra cost
of a “custom’’ grstem would probably be oif-set by overall improverent in

the efficiency and rcliability of suck a system.

Thirgs that should be investigated, then, are the techniques and

any special formalisms that might be needed to examine and properly

“ record highly detailed, persunai speech patterns. In addition, the spcech
habits of an  ndividual subject shouald be cxamined vnder various "'normal’
and ''abnormal’ states. For example, it is reasonable iv 2ssume that the
langiage of a person will reflect his physical and psychological states since
his language structurz:s are bound up with his overall behavior patteriis and
may bz the most sensitive indicators of how he 'feels' ~~ or what he thinkz
or fears, Knowing, fur example, that an individual pilot or astronaut
distorts his regular sentence syntax in ceriain ways might indicate that he

has certain fears befor- ne expresses them overtly,

7.6.5 A knowledge of ncn-phonemic constraint may be of great assis-
tance in aiding a speech processing device to resolve "'difficult" decisions
as it carries. out its task of speech-unit recognition, To the extent that
the processor ig tailored to a particu!ar'persox‘, or to a smail group of
people, the value of such assistance will be increased. In addition, a

~ knowledge of such constraints will supply us with para-linguistic informa-
tion to supplement what is available from physical sensors. A study of
such constraints, and of their statistics might well start with a detailed

examination of tapes {rom the various Mercury flights.

n
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7.7 Hign-Level Linsuistic Constraints

7.7.1 There is a reiatively safe, explored area of language study whi<h
lies between the rocks of phonuiov, idiolectical linguistics, and acoustical
physics, and the whirlponls of paralinguistics and pragmatics. This is the
traditional pertion of linguistics which includes mox"pholog-,, svntax, and
some aspects of semantics. 1t is in these areas that modern linguistics
has made the greateet headway. It is also ir these areas we Carn expect to
obtain suificient datc for constructing speciai seis of constraints which wiil
aid in the proce-ss of mechanically analyzing, verifying, and svntheoizing
transmitted voice over lony distances. Naturally, trere is still much we
need to know about the structures of morphology, syntax, and semantics

in Engiish. =apecially in light oi the singular problems which will attend

deep-space voice communications.

7.7.2 A knowledge of such constraints will be ¢f the utmost importance
a3 soor as effective speech compressicn is achieved at compression ratios
near ike theoretical limit. In the limiting ¢ase, the compressed speech is
stripped of all {o: nzarly all) redundancy at the speech-~unit level (what-
ever speech-units are used). Accordingiy, a system using such compressed
speech has no way of coping witl: additive noise at the speech-anit level,
just as a te}etype system has nc way of coping with noise at the single-
symbol (letterj levei. In both cases, the system will make an error in the
presence of excessive noise and wiil deiiver an erroneous outpui. In the
teletype case, errors are corrected by using a knowiudge of the inter-
symbol constraints (a knowledge of spelling). A knowledgc of hign-level

linguistic constraints wiil serve the same< purpose in correcting errovs in

the output of a low-redundancy speech transmission gystem.

7.7.3  Morphological Censtraints - Merphulcgy can be characterized as -

the study of the formation of minimal meaning units. We usually think of

two kinds of morphemes:r bound and free. In ti2ditional terms the duand

morphemes are called "affixes'; the frez morphemes are c=Mad "stems'.
. s ‘" . | B - Y
‘The combining of the various morphemss intc words icllows very strict and

fairly weil~known rules. The formation of plurals of ncuns in Eanglish, for
. i

s v
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cxample, is an automatic process iu both the spoken and written langoage .
Exluding ine Cozen or 50 exceptions, we simply ada i -s) to the writteu Yorm
of an English noun to make it plural. In the zpoken ianguage we add one of
three affixes (-z), (-5}, (iz). The (ucita ofthecrajer one depends 1n an in-
variant wey on the final so 'nd o1 the singular 2cun we are to pluralize.
Simiier such rules are part of the proces. for building vornpound words,

participles, verbals, and many other word classes.

We will be able to take advantage o: this regularity in construcling
our set of constraints for processing languzge on the word or minimal seg-
ment level. For the purposes 2t hand, theie 1s zlsc much we would tike to
know aboui distinctive d.graphs and irizraphs and their relation to the
affixes of Einglish. This is an area whrcih straddies both English statistics
and English morpaclogy. By establisaing sets of rules about word fuimation
we wiil be able to reconstruct garbied word endings and even garbled stexns -
if syntactic constraints are also available tc tne synthesizer. For example,
knowing the grammatical functicn of a word we wili be able to :nake a rea-

sonable guess about its obliterated sections. This i3 obvious in the

sentence:
He :s go to the market.

where the obliterated word must be the present par*iciple. and the aifix
for the present participle in Engiish is invariably (-ing).

It is inevitable, in such special commaunications systems as we
envisage, that there wili also be problems of special languages or cant,
Thatis, the rature ¢f the inforination to be discussed leads itself Lo the
formation of special words, special phrases, and maybe even a special
cyntax. This 38 natural in any specialized professional jurgon. We must
“then bs prepared to deal in our statistics and our rules of morpholegy witl
problems of cant or jargon. This will add more complexity 1o our hzear

racrphological constraints, but it cannot be avoided if we are to develep a

aalistic and workable system. Thus, we must continue to seek out the

rules ui standard word formation in English, and in addition make allew-

¢
ances for gspeial constructions of cant.



7.7.4 Syntactic Constraints - As was owvious from the discussion of

morphological constraints, there is no clear -cut distinction between mor-
phology, syntax, semantics, or even phornolegy These academic or peda-
gogscal classifications arc useful only in teaching elementary concepts ¢ _
linguistics or in dividing up the linguistic labouirs. uiore oiten than not,
thoy cloud the reality that language is a complex system, with each of its
""parts' interdependent on (b others. Nevertheless, we will discuss gyn-

tactic constraints as if ihey were independent of the rest of ianguage.

In Engiish the role of syntdax, that is, morpheme or word ogdzring
in the speech stream, is much more important than in other, h ghly in-
fiected languages. In fact, it was only recent y that language scholars have
acknowledged the ensrmous richnress of English syntax or grammmar. This
area of language could yield many useful pieces ¢f dati. with which we could
construct powerful constraints, but much work remains to be done,

expecially in the field of perscnal or idiolectical syntax.'
P Y p yr

One of the places one might start in discovering useivl constraints
for oar special speecih prublems vould be % the sentence types and their
variations. It is recognized that therc are only abou: a do:en basic sen-

tence forms., The most common is:

1. Subject - verb - direct ohject
The man hit the ball.

Anctucr is: P

2. Subject - to be - adjective-

. The garl is happy.

There are, however, many variations tc these basic types. By adding
modifiers to the nouns, verbs, and to the sentence az a whole, these basic
types can be extended almost infiritely. The basic sentenre structure,
however, is usually easily recognized ir spite of the variaticns. There
are also transformations one can perform o1 these basic *ypes to yield
different variation~ ior interrogatioas, inperatives, passive constructions,
etc. For example, sentence 1. can easily be converted into a qucstion by
adding "'did" and changing the intoaation of the spoken sentence:

Did the man hit the ball?
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We can o'sc put Sentence | in the passive voice by 2 simple transformation:

The ball was hit by the man.
’ Discovex;ing these basic sentence types and their variations and transfor-
mations has been the object of much work in the last few years.

This work should make constructing syntactic constrain.s a rea-
listic undertaking. One wouidhope totake advantage of this work and modify
it for the special problems of space communicatiors. Four examgle, in
cur examination of the voice exchanges between Walter Shirra, Jr. in
iviA -8 and hir ground comrnunicators, we notliced many deviations from
the standard syntactic patterns, Are thes~ accepted transiormations upon
the basic sentence types ur are they abnormalities that reflec. a linguistic
“mistake' of an idiolectical form? Mazybe neither case is true. It it\.poas;
sible that pilot and astreonaut conversations would create special, but,
under the circumstances predictable iorms, These would have tc be dis-

N

covered and codified in a thorough description of the sentence norms.

Within the sentence types themselves, one may find invariant
subsiructur s in the phrases. There are classes of words in English that’
are very imjortunt in keepinyg our syntax clear and unambiguous. These
words, the so-called structural consiants, also deserve attention.
Examples of these words are the noun markers: the, a, an, elc; the
adjective markers: very, rather, quite, etc.; the verb markers: could,
may, will to he, to have, etc. and many other groups -~ usvally small
in class size. These freqiently used words are really syntax markers and

rules of their use constitute an important area for study.

Many speakers have their own structural markers ia addition t> 4
these standard syntax indicators. We wouid like to knov' what these are
for any particular speaker, how he uses the, how he forms them, and why
they are used in place of, or in addition to, the standard markers.
7.7.5 1n addition to the morphological and syntactic constraints, it is
poasible thar contextual knowledge could be useful in the processing of
language. This represents a higher order of language processing and at
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thie present litt)e it known about contextual and semantic structures.

Again, it is g:c;ssible that individual speakers could be ¢xamined for coantex-
tual pecularities that might be built into a communicatica sysiem as we hzve
suggested. In fact, it may turn out that "context' and semantics' may
have meaning cniy on an idioiectical level. All these areas of study must
somehow be taken into account, if the automatic processing of specech is to
Le seriously entertained. Again, we suggest that a good poin: b1 departure

is a rdetailed examination of the Mercury tape.

7.8 . Paralinguistic Information

7.8.1 The recent interest in communications problems by psychologists,
mathematicians, engineers, and scientists of 3li diciplines, has brought
new ideas, new conceptual tools, znd new ways of viewing old facts te bear
on communications problems in generzl and on linguistics in particular,

It is currently popula: to look upon man-tz-man and ma« ~to-machine com-
munications from a ''systems" point of view. I! seems reasonable to
assume that an exchange of information bet'ween two huinan beings in an
extremely complex activity, involving much more than uttering and perceiv-
ing patterns of sounds. Each member of the communication system is a
member of many environments and we know that these environments in-
teract in coraplicated fashions. In vis-a-vis speech, for example, the
visual gestures and movements of the speakers may turn out tc be vital

for a complete understanding of human '"speech''.

7.8.2 '"Paralinguistics" is a term usually given for the study of 41l those
accompanying non-auditory, observable, mostly muscular., activities that
parallel the acoustic Behavi,or in "speech'. Paralinguistics includes such
types of behavior as facial expressions, hand and bedy gestures, body
positions and stances, and presumably all other muscular or kinesthetic
activity. Other physiological behavior must certainly be relevant also.
For example, it is a common,  sveryday experience to {ind the meaning

Lf a sentence spokeix v someone completely reversed or modiiied in

some subtle way by a smile or othe: "expression' on the speakers face.

The entire activities of teasing, satire. sarcasm, uader-statements,
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bembast, etc. are almost always accompanied by visual gestures which

parallel and modify the interpretation of a "'standard'speech pattern.

Whether the speakers are male or female, young or ~123, have
different social, cultural, education backgrounds are also tc be included
as paralinguistic factors. Even the profession of the speaker; whether he
has a cold; a physiczl impediment; a linguistic tic; is acmosexual; under
drugs; on alcohol; is fatigued; under psychological stress; and dozens of
other factors, are all possible constraints that could influence the inter-

pretaiion of the speaker's phonological cutput.

7.8.3 In the problem to which we address ourselves, tha* of voice com-
snuriication ircm deep space, we will find that many of these non-linguistic
conditions, siates, or activities will play a crucial role in developing an

economical communication system.

Because of the nature of the space commaunication problem, tha:
is, the fact that the astrorauts will be few in number and greatly probed
and studied, we can take advautage of their exclusiveness and contemplate
a communications systems designed to fit their parsonal speech idiosyn-
crasies, In such svstems, not only do we need to know as much as we can
about their per@so.inal speech patterns, but, if possible,we would like to
correlate their speech with their other individual activities, i.e., pulse,
respiration, temperature, and other outputs from sensors attached to each
astronaut. These paralinguistic activities could provide us with possible
constraints to either interpret garbled data or reinierpretv what is spoken

but not meant.

7.8.4 Obviously this aspect of linguistics is in itz irnfancy. But the
weight of evidence seems to indicate that linguists should begin to consider
this aspect of language before a compliete description of human communi -

cation can be given.

In sub-section .1, we indicated how ""abnormal' speech patterns

could be clues to '"abnormeal' pilot conditions. If we cculd also currelate
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speech patterns with paralinguistic information, tiien we might be able to
anticipate the astronaut's reactions or distinguish when he is hallucinating, etc.
A stariing point, here, would be an examination of the Mercury tape together

with other records of the Mercury flights in an attempt to demonstrate use-

fu! correlation patterns,
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8. CONCLUSIONS P

8.1 General Remarks

In this section, we shall confine our comments to the more significant
aspects of our work under the contract and the conclusions to which we wera
led.

8.2 Highlights of the Report

8.2.1 From our standpoint, the most important parts cf the report are

subsection 2. 2, subsection 2,2, and the whole of secticn 7.

8.2.2 in subsection 2.2, we examine the uverall problem of voice communications
over inter-planetary distances. Using heuristic arguments, we arrive at quanti-
tative descriptions of poor, good, and excellent speech. These descriptions,

which are set forth in paragraph 2. 2.4, include the band-widths and signal-to-
noige ratios required for analogue speech transmission systems of various
qualitics. In addition, they inciude the bit-rate required for equivalent digital
systems. On the basis of these descriptions, we arrive, by further heuristic
arguments, at estimates of the theoretical lirnits on speech compression ratios.
These limits are 300 for speech of good (telephone) gualitv and 1500 for speech

of excellent (high-fidelity) quality. By contrast, ‘present sysiems offer com-

pressipn ratios of the order of 10-30:].

8.2.3 In subsection 3.2, we examine the power ;equired for voice communication
over inter-planetary distances with both communication equipment avail-

able in 1963 a:d that which may be expected to be available in the post-1970
period. Our rcsults, set forth in subsection 3. 2.5, appear to us to establish

the necd for a drastic improvement in speech compression techniques if
satisfactory voice communication is to be achieved with reasonable power

levels.

8.2.4 In section 7, weoffer a number of new approaches to the probiem of achieving

the required break-through in opeech processing.
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8.3 The New Approaches

8.3.1 We propose a number o. {to us) new approvaches to the problems of
speech compression and speech processing. Thzse are explained in detail in
section 7, and are described briefly in subsectign 3,6. All of them are
interdisciplinary agpproaches, drawing on the field of coding theory, informa-
tion theory, pattern matching, and linguistics. Fach of them lies within the
capability of General Precision, [ac., and each of them is, we think, worthy

of suppurt. They are mentioned very briefly below.

8.3.2 In subsection 7.2, we propose an approach to the restricted problem

of speech compression This is based on a coding tneory. Considering samplad
quantized speech as a message expressed in terms of symbols, where each
quantizing level is a distinct symbol, we pro;bose to examine the siatistics of

the messape=, “ctermine the degree of redundancy, and devise a translatic:n
which will recode the speech from its existing high-redundancy code to a new

one of lower redundancy.

8.3.3 In subsection 7.3, we propose an approach to the more general problem
of speech processing. In particular, we pfopose to draw on informatior theory
in order to find the patterns, in sampled quantized speech, which an optimum
3peech analyzer will be called on to recognize, We do not assume that these

pattercs will be identical with the phonemies used by linguistics to describe

_ speech,

A

8.3.4 In subsection 7.4, we propose work on a mechanical phoneme recognizer.
This is a cortinuation of an initial efforf carried out as part of our work under
the contract.
8.3.5 In subseciion 7.5, we propose an apgproach whick is based on pattern-
matching techniques of a speciai sortqr Here, we propose to recognize p -werns
in the short-term power spectrum of the speech signal. OQur instrumentation,

however, eliminatzs the usual complications attendant on pitch-tracking.

8.3.6 In subsection 7.6, 7.7, 7.8, we propose work based on the use of
linguistics as an aid to voice-comm’unication systems., As we explained in
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subsection 7. 7.2, a knowledge of the linguistic wspects of speech wiil azsvme
mmcreasing importauce as we achieve suducss in develaping speech tranwni’ssion
systeme of low redundancy; that 1s, thuse having high compressic: ratin~. We
feel, therefore, that an initial effort in this direction is justified at this time,
even though our prograra in this area is not as well defined as the others

inentioned above,

8.4 Conuuding Remark

Cur feelings aboutl tne general oroblems of speech compressinn car. be
summmed up very briefly -— a hreakthrough will be required. and the time i«
ripe 1or a number of related attempts bas~d on interdisciplirary approaches,

such as those summarized in this cection.
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APFENDIX '"A"

THE MINIMUM TRANSMISSION LOAD FOR

A-MINIMUM PERFORMANCEY EYSTEM

We assume that the maximuem rate tor spoken speech does not

exceed 3 words/second.
We assume that the average word has a length of 5 letters.

If we allccate a character for "'space', in addition to the 26
characters used for the letters, the assumptions above imply
that spoken speech {when transcribed without punctuation) in-

volves at most 186 ciaracters/second.

With a total of 27 ckaracters, we can use brute-force coding

and allocate 5 bits teo cach characier.

The transmission load for .essages of this sort is no! greater
than 90 bits/sécond if we neglect timing bits and other house-

keeping signals.



APPENDIN B

THE MINIMUM TRANSMISSION LOADS FOR
INTERMEDIATE AND MAXIMUM PER7ORMANCE 5YSTEMS

i. We assume that the ocutpur cf an intermredizte pervform:ance system is
equivalent to that of 2 minimum periorniance sysfem ‘wvith the zddition

oi marks indicating the nuances of expression.

2. Expression is carried by stress and intonation, which iray be loosely
¥ y )
eouated with the lay {from a linguistic standpoint) terms accent ang
pitch. Linguists use a single stress judicatur and a single intonation

wmdicator for each syllable

3. Linguists distinguish 3 or 4 relaiive levels of stress. We assume that
g 8

. bits/svilable (8 levels) wili be adcguate for absolute strezs indication.
b4 e |

4. Lingu ~ts distinguish 3 or 4 relative leveéis of intonation., We asrume
" that 4 Lit =y svilsble (16 lavels) will be adequate for absolute intonation

indication.

5. The {oregoing as.u.qptions lead 'c a requirement of 7 bits/syllable tor

the addition of nuaaces.

6. Assuming a maximum rzt> of 6 svllables/second, the addition of nuances

requires 42 tits/second.

|

Adding the figure of 42 bits/sccond ty ihe 90 bits/second derived n
Appendix VA" for the minmimum transmission lcad associated with 2
mnh}mum pertormance system, we 'arvive at 132 bits/second for the
minimum transnmssion load assoc:ated with an intermediate perfor-

mance system. We round this figure off to 135 bits/second.

8. To derive the minumum transmisgsion foad associated with a maximum - .
performance system, we start with vhe figure of i35 bits/sccond and
add what seems necvessary for the tvansmission of para-speech inputs,

»'
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" 9. Assunmmng 10 non-acoustic quantities. and assiguing £ bits (4 1=vels)
to eachi, we have 20 bits to describe the pari -speech inputs at any

instant.

10. Supposing that the parz-speech inputs change not oftener than 3 times/
second, we require 60 bits/secend for para-speech signals.

11. Adding $0 bits/second to the figure of i 35 bits/second ior the infer-
mediate performance system, we arrive at 195 bits/second for the
minimum transmission load assaciated with a maximuam performance -

syrtem. We round this off to 200 hits/second.

~k
.
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APPENDIX "7

TRANSMISSION LOADS FOR BAND-LIMITED SPEECH

i. In order to arrive at a figure for the transmission load {in bits/se~ond}
associated with band-limited speech :tis necessary to assui.e a specific
technigque for converting thc continuous speech signzls into 2 bit stream
of some sart. The te hnique we bave cssvmed is described below, and
te essentially sirnilar for all three yrades of speech {poor, good and

excellent) -~

2. The acoustic speech signal is converted into an electrical speech signal

vthe electrical analugue of the acoustic signal) which is a time-varying

voitage.
3. The electrical spzech signal :s5 band-limited by a suitable filter network.
4. The nltage level of the band-limitzd speech signal is adjusted, if

necessa: ', so that its long-term RMS voltage levul isqs volts,
For this purpose, we assume a manuul level control for coarse ad-

justnent and a Jist-attack slow-deczy AGC sysiem for fine adjustment.

W

We now sample the spo:ch signal at a uaiform rate. The output of the
samplef is then a train oY pulszs, some porsitive #nd some negative,
un.fermly spacec in timie. 1he height of an, given pulse, in volis, is
equal to the voltage of the speech signal at the corresponding 1nstant of

sampling.

&~ 71 the sampling rate exceedc twice the highest frequency present in the

band-limited tignal, a filtered version 0% ‘i orig nal signal can be
recovercd by passing the pulse train through a tow-pass filter whose ‘
cut-off {requency is half of the sampling frequency. Subsequent
equélizaticn wiil then yield i ieproduaction of the band-limited signal
as it appeaicd at the input to the sampler. On a brute-force basis,

" then, the mi\r‘limum sampling rate is twice the upper bana limit. It
ie a . elatively simple process, however, to shift a band-limitea
signal along the frequeacy axis so that its lower vand limit, after

shifting, lies at a frequency close to zero. The minimum sampling



Sote s then twice the band-wadth of the original band=limited signal.
L subeequent calculations, we will assume that this frequency-shitting
prO\;‘bS, which is describea in deiail in theAfollov.'ing paragraph, has
heer, carried out before sampling, Ac'cordingiy, we taike the sampling

rate to be twice the band-widtil:.

We digress, here, to describe the frequency shifting process. The
several steps are shown in Figure C-1. The original sigral, which
extends irom fl 1o iz, is multiplied by a sinusoid of irequency fo, The
origmnal signal is shown at (a) in Figure C-1, and the rssult after
multipiication is shown at (b). We now isolate the upper side l;:v'.d by
filtering and multiply it bv a sinusoid of freguency (t;)+ Ll‘ The lower
side band of the product is shown at {¢) and is th: irequency-shifted
signal we want. The inverse fregquency shift must, of course, be
carried cut after we reconsiruct a signal from the pulse train at the
receiving end of th: system, This involves multipiication by a sinusoid
of frequency (fo + fl) to thaiia the product shown at (d). Frc:m this, we
1solate the upper side band by filtering, after which we multiply again by

a sinusoid of frequency fo to obtiin the original signal, shown at e.

Returning to our pulse train, we now quantize the pulses. That is, we
choose & finite set of M discrete voltage levels and assign a number to
each pulse which identifies the standard voltage level nearcct to the

pulse height Tl e pulse train is then represented with sorme error, which
we call quantizing wocise, by a string of numbers with one number for each
pulse. We can, no~, transmit these numbers {in binary form) and re-
construct the quantized paises at the receiving end. From the train of
quantized pulses, we reccpstruct a version of the signal as it appeared
before sampling. This version differs from the true origiral signal by
virtue of its corruptica by additive quantizing noise (and by other noises
which we neglect here}. We must, of course, carry out a freq'xen'ryr-
shift operation after reconstruction in order to recover a varsion of the

origine! band-limited speech signal.

The transmission load, in bits/second, is the product of the sampling

rate by the number of bits recvired to specify the voltage level of 2
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Figure C-1. Freéquency Shifting Process
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single rulse (after quantization). As we quantize more finely, we have
raore voltage ievels and require more bits to identify a given voltage
level. Accordingly, the transmission load goes up. At the same time,
the voltage levels are closer together and we have less guantizing noise.
We now leock for a relation between the number of gnantizing levels and
the signal-io-noise power ratio of the quantized signal (considering no

aoige except quantizing noise).

Since we will ultimately code the quantized voltage levels in binary form,
we start with the assumption that M, the number of levels, is an integral
power of 2. We assume, further, that the quantizing levels differ by
multiples of some voltage A so that the M voltage levels aiz

M 1 M 3 M 1
C-ztgie . Logtp e e g -8 (C-1)

If we choosé A reasonably smail compared to Js_(see paragraph 4),
the quantizing error will be uniformliy distributed over the range from
(- A—) to {+ A-) In this case, the 4verage error will be zere, and the
mean square quantizing error will be a /12 This resuits in a signal-

to-noise (power) ratio of

g 2
4 25
“X(5TN) ’ : (C-3)

which defines 4 in tern:s of S and {S/N}. Tne largest pulse we can
accommodate without peak-clipping in excess of the prziulated amount
8/2 is one whose voltage is +5~-4 . Supposing th:is peak voltage

level to be C times the RMS level S, we have

Boscys | (C-4)
_2cNs . '
rEEM ‘ (C-5)

and, from (C-3) and {C-5) N

-cjs 12 8 R ‘ '
dﬁﬂi (C-6)

(.q(m) Vs_fﬂ R (C-7)
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However, by cur earlier assumptioy,
n
M = 2

whence, from {C-7) and (C-~8)

o0 . C (S/N)
2
b
25.] - (S/"N)—SC-‘—
and
3x 227 = c?(s/N)

J

1C-38)

(€:-9)

(C-10}

k (C-11)

In Tabkle C-1, Jelow, we tabulate 3 x Z“n for some integral values of n.

Table C-1
_. 3x ZZn for Some Integral Values of n
n 3 x 221\ n 3 ¥ 22n
] 12 9 78¢€,432
2 48 10 3,145,728
3 192 11 12,582,912
‘ 4 768 12 50, 331, 648
5 3,072 i3 201, 326,592
6 12,288 14 B05, 306, 365
7 49,152 15 3,221,225,472
8 196, 608 16 12,884,901, 888
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13.

using the values in the table, we arrive at the following values fotu

n, (8/N)., and C

Quality

Poor

Good (mn.)
Good {max. )
Excellent {min.)

Excellent {max.)

[able C-2

Values for n, {S/N) and C

n S/L7 C

2 +10db 2.2
5 +25db 3.1
6 +30db 2.3
11 +60db 3.5
12 +70db 4,5%

We next assigr band iimits in the various grades of ~peech

Table C-3

Band Limits for Various Grades of Speech

Quality_
Poor

Good (min.)
Good (max. )
Excellent (min.)

Excellent {(max.}

Band Lrmits

500 -~ 1,500 cps
300 - 3,000 cps

300 - 3,500 cps’
100 - 8,000 cps
Q0 - 10,000 ¢p.

Multiplying n by twice the band-width, we obtain the transmission

load in bits/second.

Poor
CGood (min.)
Good {ma~-.

Excellent (min.}

‘Table C-4
Transmission Load in Bits//Second
4,000 bits/second
27,000 " '
3&" 4G0 " "
173 800 "
257,660 U i

Ex.cellent (max,))

c-6
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On the basis of the bit rates in Table C-4, we arrive at estimates
of 30,000 bits/second for good speech and 200, 00Q bits/second for
excelien, speech., Working backwards to find band-widihs and signal-

to-noise ratios which correspond to these rates, we have

lable C-5
Band-Widtks and Signal-to-Noise Ratios vs. Bits/Second
Quality no S/N C Band Limits Bit Rate
Poo 2 +10db 2.2 500-1500 cpis 4,000 b/s
Goad 5 +25db 11 300-3300 ¢ps 30,000 b/s
Escellent 11 +60db L5 90-9180 cps 200,000 b/s
-

€7
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AFPENOIX "2

OPERATING RANGES

l. Distances to the planets are conveniently measured in Astronomical
Units (abbreviated AU), vhere one AU 135 the mean distance frora the
earth to the sun

one AU = 1.5x10 3 em (D-1)
For an electromagnetic signxi, the round-trip time over a distance of
one AU is 1,000 seconds, or almost 17 minutes.

2. Minimum and maximum distances from esach of the planets to the sun

are given (in AU) in Table D-1.

Table D-~1

Distances from Planets to Sun

Distance to the Sun
Planzat Minimum Maximum
Mercury 0. 31 0.47
Venus 6.72 0.73
Earth 0.98 1.01
Mars 1.38 1.67
Jupiter 4.95 5.45
Saturn 9.00 10. 07
Uranus 18,28 20,09
Neptuns 29.80 30 32
Pluto 29,67 49, 34
3. Neglecting orbital inclinations, we now compute the minimum and

maximum distances from each planet to the earth. Fo. the inner

planets (Mercury and Venus), we use the relations

{Min to Flarth) = 1 - (Max to Sun) {D-2)
{Max toc Earth) = 1 ¢ (Max to Sun) (D-3)
For the other planets, we use
{Min ‘o Earth) = (Min tc Sun) - 1 (D-4)
(Max to Earth) - (Max to Sun) + 1 (D-5)
\
D-i «
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These distences ace set forth in Tulie -2 belew

Table D-2

Listances from Plarets to Earth

Distence to the Sun
Planet Minimum M: iimum

Mercury 0.53 1.47
Venus 0.27 1.73
Earth --- -

Mars 0.33 2.67
Jupiter 3.95 6.45
Saturn 8.00 11.07
Uranus 17.28 21.09
Neptune 28. 80 31,32
Pluto 20.67 50. 34

Using the tigures in Table D-2, we now put the planets into three
groups.” Minimum and Maximum distances for each group are given

(with some round-off) in Veble D-3,

Table D-3

Rounded-Off Distances of Planets to Earth

r—- ——
Distance to Eartu
Planet wnimum Maximum

Mercury )
Venus ) 0.27 2.7
Mars )
Jupiter )
Saturn ) 4.0 11.0
Uranus }

l Neptune ) i7.0 50. 0
Pluto )

n-2
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APPENDIL "E"

BASIC POWER CALCULATIONS

In this appendix, we caiculate the transmitter cutput {in watts) required
to develop a signal-tc-noise ratio of unity (at the ear:h-based receiver)

over a band-width of one cps at 2 distance of one Astronomical Unit,

The equivalent noise input power in a band-width of one cps at the
receiver is kT watts, where k is Boltzmann's zonatant (1.4 x 10°_23
watts/cps per degree Kelvin) and T is the effective noise temperature
of the receiver (in degrees Kelvin]. (We take a band-width of one ¢ps.)
For a vigual-to-icises raiio of one, we require that

PR = kT, {(E-1)

where PR is the power (in watts) delivered to the receiver.

Assuming that the -eceiving anteuna is proparly simed, we can write

{for a circular aatcnna)
Pp = 0.5 A g, (E-2)

where AR is the area of the rece ving anterna {(in cm ) and @ is the
nower density (in watts per cm ) delivered by the transmitter. From
{E-1) and (E-2),

? :%AR .- (E-3)
Feor aa isotropic radiator at the transmitier {(one which radiates unifcrmiy
in all directiorns, we can write - - ‘

¢ = Lo, = (E-4)

49R

whersa Pl in the radiated power (in watts) and R is the operating range
(:n ¢m). From(E-3) and (E -4), we have

P, = ATRKT (E-5)

Assuming the use of a properly aimed directional transmitting antenna,

we can write (for a circular antenna)

E-1

N SN R TR T T il S At e



2' A,
> = 2 -
II PT T (E-6)
where F‘l is the total power input (in watis) to the directional tranemitting
antenna, Ar ia the area (in cmz) of the antenna, and \ is the operating

wave;ength (1n cm). From {E-5) and (E-6), we have
2.2

s o
T TR -

€. Finally, we write '
P, = QP (£-8)

wl.ere Po is the transmitter cutput power {in watts) required to deliver
an effective radiated power of P.I., and where Q is a dimensionleas con-
stant (greater than anz) which accounts for everything w2 have left out:
a) RF losses between the transmitter itself and the transmitting
antenna;
b) RY¥ losseu Letween the receiving antenna and the receiver itself;
c¢) Absorprion and scaitering by interplanatary debris;
d) Errors due to untenna deformation;
e) etc. {errors in catinating T, for example).
Using (E-7) and (E-8), we have
4QNR3kT

Po = _W . {E-9)

7. We now insert the following values:
a) kisl.4xi023 watts/cps per degree Kelvin;
b) R {atone AU)is 1.5x 103 cm
Onthis basis, (D-9) becomes

T

4 )
P = 1.26x 10 A (E-10)
0 AI‘ .
8. As represertative of current practice, we take the following valaes:

a) N\is 30 cm, corresponding tc a frequency of l09 cps;

b) T is 27 Aegrees Kelvin, of which 15 degrees is assignable to

» space noise and 12 degrees is assignable to the equivalent noise
tamperature of & Helinm maser;

c) Apis 1.3 x 10t cmz, corresponding to a civcular disk with a
a diameter of 4 feet;

. .
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d) AR is 5.1 » 106 cmz. ~orresponding to a circular disk with a
diameter of &5 fee?.
Using these values in {\E-10), we ave

o
Taking 4 as a reasorable valve of Q and rounding off. we have

P = 3.53x10%0 (E-i3}

P o~ 2x107 watte (E-12)

for the iransmitting output required to develop a signal-to-noise ratic
of unity over a band-width of one cps at a distance of cne AU, using
curreat techniques.
By 1570, we can anticipais that:

a) A will be 10 cn;

b) the transmitting antenna will have < diameter of 20 feet;

c) the receiving antenna will have a diameter of 250 feet

Po will therefore become

\2 2 2
.02 x(%u) x (2-*5) x (2-35%-) ~ 1072 watts (E-13)
It is conveaient (0 express these powers in dbw, or db relative to one
watt. On this basis, the treismitter output required to develop 2 signal
to noise ratic of unity (at §j.e receiver) over a band-width of one cps at

a distance of one AU is

P, = -1i7dbw, 1963 )
) \ (E-14)
= = 50 dbw, 1970)
“f
E-3
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AFPENDIX "F"

PCWER REQUIREMENT FOR A GIVEN BIT-RATE

According to Shannon, the capacity of a noisy channel i5 given by
C =8B 1«:)gZ (1+S/N) ,

(F-1)

where C is the channel capacity {for error-free transmission with

optirnum coding) in bits/seco=A.

B is the band-width of the channeti in the single-ended freguency

domair, in cps.
S is the signal power spectral density in watts/cps.
N is the noise power spectr:l density in watts/cps.

It follows from (F-1) that

-g— = logz {1+S/N) .
C
ZF = 1+S/N .
and
-CB-an
e = 1+8/N .

If B is much larger than C In 2, we can write

g-ln 2 ~
) = l+%ln2 .

and, irom {F-4) and (F .5},

c _s
E—an "N

From (F-6),

. BS w CNinz = 0.7C N,

but
BS

"
i

B A T N DAY ) PR SRS SR 420U

{F-2)

(F-3)

(F-4)

(F-5)

(F-6)

(F-7)
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where P is the transmitter power. Hence
P = 0.7CN, . i -9)
and the required transmitter power is 0.7 C times that required to

develop a signal-to-noise ratio of one over a band-width of one cps.

Althcugh Shannon codes exist in principle, they have not, in general,
been discovered. It seems reascnable, hawaver, to suppose that we

can achieve an acceptably low error rate if
P = CN. (F-10}



. APPENDIX "G"

TEF OBJECTIVE MEASUREMENT OF
SPEERCH INTELLIGIBILITY

I. There are two general procedures for the measurement of intelligi-

biuily in spezch communication systems. One, which is used by design
engineers, is an analytical procedure which calculates a predictive
raeasure of intelligibility. In general this m~thod 1s rather complex,
and has not been used to any great extent in evaluating speech com-
prehension systems since i¢ tends to break down when used with com-
ple: speech processing systems. A more complete discussion of this

method can be found in reference 38.

The second method involves mexsurement ~i intelligibility through
direct tesuung. This procedure wiil b briefly described here. (Refer
to Human Engineering Guide to Equipment Design 39 for more detailed

discussions. )

2. Intelligibility testing requires careful control of laboratory conditisns. -
There have been disagreements betwecn contractors test results on
their equipment and objective comparative tests such as are reported
in reference 9. Much of the disagreement can be attributed to varia-
tion in test conditions, size and type of test vocabularies and training

of the listener. N

3. One of the moust genervlly used mea.ures of intelligibility is PB word
intelligibility, which is referred to throughout this report. PB words
are drawn from Phonetically Balanced word lists. These are inono-
syllabic word lists in which the frequencies of cccurrence of the
various fundamental speech sounds are proportional to their-ire-
quencies of occurrence in everyday speech. The following list is '

typical.

Mg . o sz« N . . -
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Table G-1

i Phonetically Balanced (PB) Wcrd List
R gill 11. gloss 21l. cloua 31. corpse 41, bounce
; 2. suck i2. hire 22. scythe 32. bait 42. bud
3. perk 13. bought 23. blush 33. job 43. frog
4. {ats 4. dab 2. shue 34, hit 44. quart
5. five 15, earl 25. snuff 35. hock 45, rap
6. need i6. bean 26. moose 36. ni=ce 46, charge
7. pick 17. =aut 27. ute 37. tan 47, sludge
8. lug 18, ways 28. rib 38. wvast 48. tang
9. nab 19. wish 29. awe 39. our 49. them
10, else 20, pit 30. trash 4v. start 50. vamp

in addition, other test materials can bz used to define an intelligikility

index. Nonsense syllables, which & ¢ random combinations of funda-

mental speech sounds in the patter:. ccnsonant-vowel-consonant, and

sentences which are drawn from - “wrze ensemble can be us<d.

Figure G-} indicates the intellig: .ity of aricus forms ot test mate-
' . rial versus the articulation indcx (AI'. (Unln: - therwise noted,

1000 different PB words is the basic index usea through.-it this report.)

4, Al is a predictive measury of intelligibility, and for facg-to-l’ace com-
munication Tabie (;-2 is an approximate representation of the relation-
ship between Al and speech communication. By use of Table G-2 and
Figure G-1, nne sees that a PB word score of 85% indicates a satis-

& factory communicatiox_x system. This relationship is only approxi-

:E’f mate, however, and the possible unnatural and harsh-sounding outputs
of some vocoders may influence the communication atéeptabilitfr of
these systems so that highe: ~I'c 2:¢ required for satisfactory

communication,

G-2
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z Table G-2

Intelligivility Criteria

An Al of...... Provides communications......

6.7t0 1.0 Satisfactory to excellent

0.3t0 0.7 Sligitly difficult to satisfactory -
up to 96% of sentences are heaxd
correctly

0.0t0 0.3 Impossible to difficult - special
vocapularies and radio-telephone
voic¢ prucedures are required
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