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ABSTRACT

This thesis studies the different aspects of speech recognition

by computers. The work is divided into two parts: (a) expository part
and (b) - research part.
In the first part an historical introduction is presented

followed by a study of the complicated prdcess of speech production.

Included in this partvis a description of a speétrograph, vocoder, low-
pass filter, high-pass filter and band-pass filter.

In Part Two, simulation of an ideal-filter om the IBM 360/65
is developed together with é study of different simple»smoothing routines.
In the final stagés‘of this part a recognition élgorithm'which enabled us
to recognize five out of six words for three different speakers is

discussed.
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EQUIPMENT USED FOR SPEECH PROCESSING

'Analog Digital (A/D) Converter

Conversion of the analog voice data to IBM digital format is
carried out using the Radiation Inc. A/D converter. This device samples

all input data at a rate of 7000 cps. The data samples are subsequently

multiplexed and written on seven channel, IBM, one inch magnetic tape,

The digitized voltage levels range from 2047 to =2047, corresponding_to

analog signal voltages with a full scale range of plus two volts to
minus two volts. The output from the A/D converter can be written on one

to twelve channels.

IBM 360/65 Computer

System 360/65 is a general-purpose system which employs
solid-logic integrated components. System 360 is designed to accommodate

 large quantities of addressable storage. Increased capacities are

provided by the combined use of high-speed storage of medium size and

large-capacity storage of medium speed.

: " Although the description of system 360/65 could be very long
and complicated, it should be noted that the only parts which are of real

interest and importance to this thesis is the disk which is used for

partial storage and the magnetiéatape which is used for storing the
digitized data. The machine has been used extensively for running

simulation programs.




CHAPTER I

GENERAL INTRODUCTION

Modern computers are capable of processing informatioh at
speeds considerably faster than man is capéble of supplying it. A great - -
loss of efficiency occurs at thisAman-machine interface chiefly because
-man must presently encode this information into machine language to
communicate with the system. A great need therefore ariSeé for devices
with which man will be able to communicate directl§ in his own hﬁman'
speech.

The development of the computer has increased the need for man
to aﬁSwer'the‘quéstions which have puzzled him for countless years:

What is the nature of speech?, and,_how is it perceived and classified by
‘the ear? At this stage phe investigations conducted by ﬁany ﬁen_like
Reddy [1], Helmholtz [2] and Lindgren [3] have provided us Qith an
extensive list of fécts'about the‘speéch signal and the.organs by which
it>is produced.

Itdis knﬁwn, for example, that the acoustic propertieé‘of the
vocal tract causevselective transmission ofvthe:frequeﬁcy componéntsbof
the harmonically rich sounds generated bf'the glottis. ‘The glottis is
an éperture between the vqcal cords. With sufficiént pressure from a
puff of air coming from.lungs.the cords, which are aﬁproximately one
inéh iong for_mén and three eights of an inch long for 'wdﬁén,'arg '
'forced ~@part briefly allowing the puff of air to escape. The souﬁﬂs.are
transformed into recognlzable speech sounds by such artlculators as

11ps, tongue, vocal cavities or the comblnatlon of two or more of these.'




The spectrographic manifestatioﬁs of this selective transmissioh proéess
are the formants which indicate éround which fréquencies the'excitatory
energy has been concentrated by the vocal tract.

In this thesis by direct processing of the speech wave form,
frequency aﬁd amplitude changés ﬁhich combinerto produce an utterance
have been derivéd. All major computing work has been done on the IBM
360/65 and has been written and organized»to be cbmplete and self-conﬁained
account for a reader with a'background in physics, computer studies and
-electrical enginéering; However, properties of the speech signal, as well
-as the structure of the voéal tract will not be described in any great
detail. (For a detailed treatment See »yisible Speech", Potter, Kopp, and
Green, 1947.) | |

To oﬁtain these results, six words were recorded on a tape
recorder by three different speakérs. 'The speakers were chosen by the
pitch of their voice, i.e. low=-pitch voice (man), mediumépitch voice
(man), and high-pitch voice (woman). The feéorded signal was then
digitized at a frequency of 7000 saﬁpleé/sec; and finally stored on a disk,
By simulating a filter bank on an IBM 360/65 (Chapter‘III) an ideal filter
| comprised of forty b&nd pass filters from zero to 7000 in steps of 175
cycles_per second was prodﬁced. The filtered data Qas sampled using
different time intervals, with both frequency and amplitude being
recorded and stored. The parametér determining the sampling time was
made variable so that a best sampling time could be obtained. By
experimentation it was determined that a sample. time of 175=% sec. produced
“best results., The filtered results were then passed through a filtering
routine (Chapter IV) which eliminated ali noise pfoduced by organs such

" as teeth, tongue and nasal cavities which are of different size and shape




. for each speaker, Thg final result was smooth frequency and amplitude

data whichAwas stored on disk and plotted oﬁ the Calcomp plottef. The

daté was then scanned by a second routine to detect voice onset and eﬁd.

All routines and filter simulations have been written using simple logic

in order that hardware could easily be constructed to perform the#e procésses.

Vocoding devices which are instruments that pass a speéch signalv
to synthesizers along a narrow bandwidth channel, and machines.which |
transduce értificial speech frbmvsﬁectrograﬁs have demonstrated that
speech sounds can be adequately charaéterizea by specification of the
frequencies and amplitudes of the first three formants and by specification
of the type of excitation. (See Chapter II)

In Chapter II we give an historical introduction to the stu&y
of speech and a compiehensive,study of what is presently known about
speech signals and their production in the vocal tract.

Chapter III contains detailed.descriptions.for the construction
of hardware filters in addition to filter simuiation-program written by
the author,

Chapter IV discusses different smoothing routines used‘by‘the
author, The recognition algorithﬁ is given in Chapter V and the final

conclusion in Chapter VI.




CHAPTER II

REVIEW OF PROBLEMS IN SPEECH ANALYSiS
AND SPEECH SYNTHESIS

Introduction.

Study of human speech has a long history. Some of the_highlights
éf this research are specified in Sectiom 2.1 ', o
Section 2.2 provides a basic introduction to.the‘theory of

speech. It describes the vocal apparatus, the spectrograph and the .

vocoder, thus serving as the basis for the remaining chapters.

2.1 ,Histbrical,lntfoduction

The earliest known characterization of the sounds of human
speech was made by thevHindu gfammariéns about 300 B.C. [4].' Their
wori consisted simély of describing‘the positions of the articulators
necessary fof,the production of any spéech sound. The very fact that
their methodAis being . freguently used ‘?y phoneticians and language
' ;eachéré up to fhé pfesént day aﬁtests that their research was mqsﬁ
effective;

, In.l679 a German.scholar, Samuel Reyherr, published'the
"Characteristic Pitches" of French and Germaﬁ vowels.[S}.

The first frequency standard to be used was a brass wheel.
with equally spaced teeﬁﬁ demonstrated by Brifish physicist,
Roberthooke in 1681 [6]. fhe wheel was rotated with the teeth striking-
a reed which grﬁduced a tone, The freéuehcy of this toﬁe>éould be
specified in terms of the number of fevolutiéns per second and the number

of teeth on the wheel. A more.widely‘used frequency standard was the




" tuning fork developed by a British musician, John Shoré, in 1711 [7]..
A Frenchman by the.name 6f Mical constructed several spéaking machines
. between the years of 1750 and 1780 [8]. Unfortunately no details of
these maghines have survived.

In 1779 the Imperial Academy of Sciences of St. Petérsburg
announced a contest for the answér to two questions: What is the ﬁature
of the vowel sounds?, an&, Is it bossible to construct a machine to
successfully synthesize:these sounds? The first prize award was won
by Dr, Christian Gottliéb Kratzenstein who used a set of organ pipes to
produce the vowel soﬁnds [91. ‘In 1790 Wolfgang Von Kempelen coﬂstructed-
the most elaborate and most documented machine of these.times [1@].

The important thing about his work is the fact that he:was the first
invéstigagor who éoﬁcentraped his attention on the consonants as well

as vowels. His speaking machine allowed control of all the following

factors:
i) ' The frequency of vibrétion of the vocal chordé.

cii) The role of the nagal cavity. |
4ii) The.position of the tongue. -

iv) The roie of thé ;getﬁ.

v) The position of the lips.’

vi) The manner of articulation.’
vii) The Qolume_of the resonant Cavities;

He was the first to talk of modulation of the sound from the
glottis by the transmission characteristics of the vocal cavity.

In_1835 a modified version of Von Kempelen's machine was.

'constructed by Wheatstone. This machine waé cépable of synthesizing the

back vowels and a few consonants {1{]. Willis also became interested

|
o
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in Von Kempelen's work and was able to synthesize vowel sounds using a
reed and a funnel-shaped pipe.' The most important observation made by
‘Willis was that the vowel quality was dependent only on the length of

the pipe and not on the frequency of the vibration of the reed. He

also described the.vowel sounds as a succession of_damped vibrations [12].
| In his '"Die Lehre von den Tonempfinoungen” in 1862, Helmﬁolz

pbinted out that the voéél cavity ié a resonator whose resonances alone

‘determine vowel duality [2]. - He waé able to séparate.the German vowels

into two groups according to whether they éxhibited one or two resomnances.

He then specified these resonances by comparison with some standard

frequency source., His results are shown in Table 2.1

' . " TABLE 2.1

. Vowel Resonances as Perceived by Helmholz

Single Resonance - A' Double Resonance
, w-175 4 - 175, 2349
o - 466 : e - 349,'1976
a-932 u - 175, 1468
o - 349, 1109
: | a - 587, 1568

Modern investigations have shown that for every vowel there
_are three or more resonances in the vocal tract, some more predominant

~ than others.

In 1870's detailed investigations of the consonants were carried
out by Grassman, Michaelis. and Trautmann. In these investigatidns they
‘have distinguished two features of the consonants, - the type of "noise"

~ and the "characteristic pitch". ‘Although‘they were unable to make any
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scientific characterization of the types of noise due to the fact that
the analyzing equipmént was not in existence, they did howevet publish
data on the characteristic pitcﬁes of the consonant sounds [13]. Their
work has illustrated that the cﬁaracteristic pitch for a particularv
éénsonant varied greatly upon which vowel or consonant souhd prece&es
and followed that consonapt{ There is therefore, a continuous transition
of the vocal resonanées of the vowel into those of the consonant and
vice versa. Recent investigations have shOwn'tﬁat these transitions are
thévmost important pérceptual(ﬂues in the recognition of consonant
sounds,

As time progressed; electronic measuring devices ﬁade the oldex

mechanical methods obsolete; I. B. Crandall used the wacuum tube

devices at Bell Telephone Laboratories to perform Fourier analysis of

many speech sounds [14]. Fletcher investigated the perception of speech
by uéing'various forms of filters to distort the frequency spectrum
of the speech signal [1§].

'In 1920's early forms of the spectrograph first made their

‘appearance [16}. It was about this time that the term formant was used

to describe energy bands in the speech spectrum. The term was first

used by Hermann and has been in general use ever since. The first

results of spectrographic investigations of the speech signal were

published by Steinberg of Bell Telephone Laboratories in 1934 [qﬂ.

The work.of Chiba and Kajiyama (1941) has greatly increased

the knowledge of the means.by which speech is produced in the vocal

tract [}Q]. These men used X-rays to obtain a better picture of the

articulators and the vocal tract.




In closing this historical section, it should be noted that
althbugh research in this field has»been condugted_for hundreds of
years, many of the basic guestions such as what is the necessary part
and what is the redundant part of speech signal or how to determine the
beginnzng and end of a word still remain unanswered. It is hoped that the
present day, fast, large storage computers will simplify greatly the
'complicated work and research, and that this.thesié will be of some

help in this fascinating but intricate field,

2.2.1 The Speech Process

The various speech sounds will first be classified and their
acoustic propérties described. All classification is done on an

articulatory basis,

2.2.2 Articulation

Speech sounds are produced on exhalation. The air strean -
paSses through an opening between the vocal cords making them vibrate
. in vbiced sounds,iperiodicélly modulating the stream in guch'a ﬁay as
to produce a harmdnically rich spectrunm, This moving‘stream of air is
acted upon by some parfs of the vocal system, i,e, the throat, mouth,
or hasél cavities (éee Fig., 2.1) to create various acoustic disturbances
from which a listener-extracts linguistic information. To produce coméléx
- patterns of shifting rescnances.oge.must modify the size and shape of
the #oéal cavities through timé-véfying toﬁgue-and 1lip positicns. The
oral and throat cavities may or may not be coupled to the nasal cavities.

by the action of the valve at the rear of the mouth called the velum.
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Fig. 2.1 The speech‘qrgané.i

\‘\’ ’ . ) o ) .
/\ sé/ / » Glottis .




10 R Qe ot

Turbulence (noiselike sound) is produced by the movement of the air
across the edges of the teeth, and by partiai closure of the vocal
cords. In actual speech, these physical ‘articulators are rarely

stationary, but are enacting complex programs of gestures which have

their analogs in the modificetions of the acoustic output. .Changes in
output frequencies are perceived subjectively as length. By coupling
the throat, oral and other nasal'caVities one produces changing patterns
of resonant frequencies. ’Excitation harmonigs in the neighborhood of

a eavityvresonance are strongly transmitted, forming fairly narrow

frequency regions of energy concentratlon (the formants), the first three
of which are the most important for speech. The general range of formant
freqﬁencies produced by‘the vocal tract also depends to some extent upon
the relative size ef the cevities. This is the main reason why men

with lerger cavities often produce a louder range of sueh frequencies,
and womeg a higher range.' In addition, male voices, with their lower
fundamental frequencies and closer harmonic spacing often show more-

clearly defined formants than those found in female voices.

The linguistic output possible from this acoustic system

is . a lexicon of thousands of words. These words in turn are composed

of syllables which in turn are composed of roughly 40 distinct elementary

sounds called phonemes.

2,3.1 ’Elementery Speech'Sounds

The articulatory processes are traditionally classified into
“‘two groups, those assoc1ated with vowels and . those assoc1ated w1th
consonants. Vowels and consonants combine in’speech to form‘syllables

-and the syllables combine. to form words. Througheut the ﬁistory of
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speech recognition, the vowels have been studied rather more thoroughly

than the other speech sounds.

2,.3.2 Vowels

Vowelé are voiced i.e. vocal gords'are in vibration. The
vbCal tract is relatively open, i.e. there is an open passage between
the vocal cords and the outside atmo;phere. Different vowels are
characterized by different tongue tip énd hump (the baék part of the tongue)
positions, and by the degree of rounding of the lips. In the prqduction'
of‘vowels, the breath stream excites coupled vocal cavities. If the
vowel is voiced, the breath stream excitation consists of impulsiﬁe puffs
which are repeated at the fundamental fteéueﬁcy of the wvocal éords, and
consequently has é spectrum in which the harmonic amplitudes aecreaée
.witb f:eqpenéy. Since the coupled vocal cavities»are resonators,
excitatién harmonics which are in the neighborhood of a resonance will
be strongly tranémitted and Qill form regions of energy concentration
fof the particular vowel, < If tﬁe vowel isywhispered, the‘exciéation of
“ the vocal cavities is noiselike ‘in character and the frequency spectrum
will be continuous. The formant regibns will still be present, but tﬁé
rélative formant amplitudes will be modified. | |

In speech certain vowel pairs often occur which are called
diphthongs. 1In this case_the formant frequency positions.chanée
smoothly between ome vowel and the other of the pair. It is quite Cléar
that diphthong canﬁot be sustained.

For a particuiar éustgined:véwel, the férmant frequency

positions vary between speakers éndthpend on the speaker's sex.




2.3.3 ~Consonants

The consonants are classified as vowel-like soﬁnds, fricatives,
and plosives (stops). Furthermore, the vowel-like séunds can be
subdivided into glides and semifvowels. For the vowel-like sounds as
for vowels the vocal cords are in vibration. The glides are transitory
in mature ﬁainly,because»they are.formed by rapid articulatory changes at
the begipning‘of a vowel; Due toAthe fact that the size and shape of
the vocal cavities are changing,'the‘frequency.resonanées which are
analogous to vocal formants are altering in position. As a result of
these changes, there is a considerable steepness variation in thé time
track of resonances. This steepness depeﬁds greatly on the glide
articulation speed. The four glides usually coﬁsidered are |W|, ljl,
{1], and lr] as iﬁ Eg,.ipu, let, and read.

Seﬁi—Vowels‘in contrast to glides may be sustained. These
sounds are produced ﬁith closed mouth and open nasal cavities, i.e. they
are'nasaiized. The frequency resonances of the semi-vowels are analogous
to véwel forﬁants. The semi-vowels are lml, In], and Inl as in 99,139,
and sing. |

For fricati&eslwhich may be sustained, the air flow is uéually
pfedominantly turbulent in character. In their production, the air is
usually passed through the marrow openings in the vocal tract or over

the edge of the teeth. 1In addition, the vocal cords may or may not be

in vibration. For example |sf in see is an unvoiced fricative, while lzl_

in zoo is voiced. The fricatives have a low acoustic powér. The
spectrum of these sounds may éxhibit broad noise-like frequency bands, and

certain frequency regions may be accentuated.

12




The plosives-or stops are always of a transient nature. In
most cases, a.practically'silent interval is followed bf the removal of
a block formed with the lips‘and tongue. If air is then released to the
outer atmosphere, an acoustic pulse or burst will be produced. The
burst is of much shorter duratlon than the acoustic co-relates of the
other speech sounds. The p1081ves are usually low in acoustic power and
may be voiced or unvoiced. The Ip] andv]tl in pat are unvoiced plosives,
whereas |b| in bit is voiced. An example of a plosive which does mot
involve a burst is |k] in act.

Perceptually the fricatives are often hiss-like, bnt a
sonorous quality is sometimes evident as in the |z| in zoo. .The vowels
and vowel-like sounds are noticeable sonorous in quality. The plosives

on the other hand have more the quality of pops.

-

2.4 The Spectrograph
In order to get an exact understanding of voiced sounds, man
has constructed many machines which break down the speech signal into

its frequency components. These machines, known as spectrographs, have

now become standard equipment in all laboratories involved in the research -

of voice analysis.
The spectrograph is constructed essentially of a set of band-
pass filters (see Fig. 2.2) with considerable overlapping between filter

frequency ranges. A simple filter is the RLC cirouit shown in Fig. 2.3.

Thls type of circuit has a very steady state and transient behaviour. The

-

1nputs of all the filters are connected in parallel to the source of the
speech signal. The output of each filter is rectified and smoothed to

eliminate all ripple or noise which occurs at the glottal rate of

13
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Fig. 2.2 Simple Diagram of a Spectrogréph




épproximately 100 cps. The presence of frequency in a specific band

. triggers off the light bﬁlb,connected to th#t band expoéing the film
which is constantly in motion. The final output of the spectrograph

is usually presented in a photographic form (see Fig. 2.4) with time as
the abscissa and frequency (number of cycles per seond) as the ordinate.
The ampiitﬁde or intensity of.thé output signél is represented by the
degree of exposure of the photographic paper. |

Fig. 2.4A (Potter, Koﬁp and Green, 1947) is an example of such
a film from a spectrograph with filters of 45 cps bandwidth, Fig. 2.4B
(Potter, Kopp and Green, 1947) gives the analysis of the same wave-form
at 360 cps. bandwidth., It is clea; from Fig. 2.4A that sound consists -
mainly of harmonic components of the voiced or laryngeal frequency. |

- In Fig. 2.4B these harmonics are not pronounced and the most important
feature of tﬁis graph is the fact that the energy is concentrated about
two or three main frequencies which vary imn time. These bands of
concentration of energy are caused mainly by the resomances of the voéél
tract and cévities corresponding to the formants.

The degree of accuracy of a spectrograph has.been demonstrated
more recently with thé invention of a machine whicﬁ performs the
sﬁectrograph process in reverse order. A giass slide on which is

painted an idealized representation of the band structure of the spectro—-
gram is_passed into this machine at exactly the same rate as the scale
rate at which é similar drawing would have been produced. This machine
fhen_;ynthesizes a signal which it transduces té sound which.is found to

corréspond very closely to the original word whose spectrum was copied.
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2.5 Vocoders

The human spéeéh signal contains' frequency components extending
from tens of cycles per second to about 10 kilocycles per second.
However, it is suffi;ient for recognition of the speech signal to limit
transmission to a channel extendiqg from.approximately 300 cps to 3000 cps
as is the case with the telephone system. It has been pfoved tﬁat a
bandwidth of less than 10 cps is sufficient to transmit a signal corresponding
to one formant frequency where the channel has a signal-to-noise ratio * of
40 db** or greater [1§I. It should be noted that noise is often introduced
in practical circuits by éxtraneous vbltage signals coupled‘into the circuit
from the surroundings, The moét common noise is the 60 cps power lines.

A vocoder is a device which achieves bandwidth compressiéﬁ of
tﬁe speech signal. In the focoders, signals corresponding to the
frequencies of the first three formants>and their respecfive amplitudes are
extracted from the speech signal and passed to a synthesizer 510ng a
narrow bandwidth channel. The most important requirement for a vocoder
is to ensure'that the synthesized gpeech be indistinguishable from the
qriginal speech signal. It has been shown by Flanagan that thé amplitudes
of formants are functions of the formant frequencies thus making their

transmission redundant.

%

Signal-to-noise ratio (s/n): The energy of a desired event divided by
all the remaining energy (noise) at that time. - ‘

*% ‘Decibel (db): A unit used in expressing power or intensity ratios.
20 log 10 of the amplitude ratio or 10 logiy of the power ratio.




CHAPTER 1II

3.1 Intrbduction

In any speech recognition apparatus, the most impoftant component
must.be the filter bank -that breaks down the speech signal into its
frequency components.

| In this chapter filters and filter banks will be diséﬁssed

(3.1, 3.2, 3.3). Their construction and response characteristics will be

stated as well as the characteristics of an ideal filter. 1In Section 4
the author's ideal filter will be presented and the complete program

given in Appendix A. In all calculations standard notation is used, i.e.

"

C = capacitance, L = inductance, W = angular frequency, Z = impedance - and

X

reactance.

3.2 Low-pass Filter

A low-pass filter is a two-port filter which passes all

frequencies less than 4 certain cutoff frequency W, and attenuates all

frequencies greater than Wc.

Figure 3.1 shows a filter which is called T section, and 3.2
a T section filter. For each of these filters, X = «L and Xp = ~1/uC.

The name of the class indicates that Xj and X vary in an inverse

manner with frequency, one being directly and ‘the other. inversely
proportional to frequency. Another name for this class is constant-k
filter. If we define k as?

kzv»'= Za Iy
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then we can compute k for the sections of Figures 3.1 and 3.2vénd find it~

to be constant, i.e..independent of frequency:

2 _ = ' = =
k -zazb-—xaxb-(mL)(_l__)-L/c
wC
In'Figuré 3.3 Xy and -4%; are plofted as functions of frequency. This
kind of diagram is highly desirable for showing pass and attenuation
bands. Due to the fact that the cutoff frequency is that at which

X

a2 = Xy, the curves intersect at exactly this frequency. Furthermore,

because the pass band is the range in which X, lies between -4Xp and
Zero, fhe diagram Shows clearly that the filter is a low pass filter,

To find f. the cut-off frequency we write:

Xa = —4Xb

wéL =& 1 -or wc2.= 4
weC LC
w, =2mf, = __ 2 or f. = 1
wos . TILO%

This is extremely useful for designing a low-pass filter, since the

formulas can be used in reversed order, i.e. knowing the desired cutoff

frequency L and C for the filter can be derived.

3.3 High-pass Filter

The high-pass filter is a ‘two-port filter which passes all

frequencies greater than a set cutoff frequency W, and attenuates all

frequencies less than w,.

20
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By 1nterchang1ng inductance and capacitance in the filters of
Figures 3 1 and 3.2, one obtains a pair of. high-pass f11ters shown in
. Figures 3.4 and 3.5. As\before, one is a T section and the other a T

section. To prove that these are inverse-network filters we write:

——‘ = = 2

again'showing that k is independent of frequency. To prove that they

are high—pass filters, we plot Xy and —4Xy as‘iﬁ'Figure 3.6, If we

apply the usual criterion that X, lies between -4%p and zero in the pass
band, we find that this condition is met at frequencies higher than f,

or the point of intersection. To find the cutoff frequency we write:

Xa = _4Xb
-1 =-4 oL or w.2 = 1
e c c —
w.C 41C
W, = 1 or fc-= 1
2(LC)5s ‘ 4 (LC)%

3.4 Band-pass Filters

A band-pass filter is usually used when frequencies between a
lower cutoff frequency fj and higher cutoff frequency f, are to be

transmltted freely, while other frequenc1es, both higher and lower are

to be attenuated. Figures 3.7 and 3 8 show the inverse or constant-k
"type of band—paSS network for both T and sectlons and Flgure 3. 9 shows
the reactance curves that apply to either. The pass band is the

frequency range in which X, lies between —4Xb and the ax1s, extendlng
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between the two points of -intersection of the reactance curves,

One should note that X, and X, are both resonént at the same.
frequency near the middle of the pass band, i.e. L,C, = LyCy. If this
was not the case then there would be an attenuation band in the middle of
ﬁhe pass band.

When several frequency channels are to be séparated by band-
pass filters, several filters may be comnected in parallel or in series,
as in Figures 3.10 and 3;11. In voice analysis many filters are
- comnected to form a filter bank., The author in his experimentation used
a bank consisting of forty filters separating the rénge into steps of 175
cycles per second. However, it wa§ discovered that twenty filters with -

the same frequency bands would have been sufficient.

3.5 Ideal Filters

An ideal baﬁd~pasé filtér'transmits, without any distortion,
éll of the signals of frequencies between a certain-frequencies f{ and
f2' The signals of frequencies below f£; and above fo are completely
attenuated (see Fig. 3.12).

Unfortunatély’it is not'possible in practice to build éuch a
circuit with crystal ball properties. To obtain the same results ﬁhe
author performed a simulation using the IBM 360/65. Hence the hardware
which will replace the ideal filter, i.e. give the same results as an
ideal filter, will have to be a small special pgrpoée computer,

This special purpqseAcomputer can.bé easily constructed with
ﬁhe aid of an A/D converter; register, shift register, comparitof and.a
counter. Thé number coming f;om theAA/D cﬁnverter would be compared withA

the number in the register (originally zero). The number of changes
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would be counted by the counter, After forty points thé number in the
- counter would be placed in a shift register, shifted right by one, i.e, |
divided by two giving the number of vibration cycles per that specific |
: tiﬁe sample, As one can see, ﬁhere is no real problem in the construection
of such equipment, v
The program which performs this simulation is called “FILTEB“
(see Appendix A), The input data for this program is the speech signal
which is recorded on a tape recorder and digitized using the Radiatioﬁ
Inz. A/D converter at the rate of 7000 samples/sec. The result is a set of
integers between plus and minus‘2047, which are stored on disk in blocks
of 1209 numbers, Each block is 1abelled‘with a number from one to 255, ‘
The program which performs this blocking is called "VOICE" (Appendix A),
There are two variables_wﬁich control the input to “FILTER",
The variable "BLOCK" contains the value or label of the block where the
desired word starts, whereas “NO” contains the number of blockggwhiéh
comprise the given word; The piogram samples the data at a'speéified
time rate controlled by the variable "IN", The rate used by.thelauthor
is forty which is 40 x 1/7000 sec. First of all the first two integers
aré compared; If Ag > Ay controllis péssed to the*pért of the program
which passes all integers for which A; ™ Aj.4, until the conditién is
not satisfied, At tﬁis point variable "FREQ" is incremenied by one and
control is passed to the 1ar£ of the pregram which passes all integers
for which the condition A3 ¢ Aj-1 is. satisfied. As before, when this .
_ test:fails "FREQ" is incremented by 6he. At'the completion of examining
:forty points “FREQ"” is divided bj two and multiplied by 7000/40 giving '
the number of cycles per sécohd for that specific time interval.,  This

number is then passed to the subroutine called "IPRINT“~which fits it’into

* Note- A; and A, are the elements of the‘a‘r'ray"'A"' used in "FILTER"
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a specific band-pass range and stores it on disk; The final result
stored is an integer between one and forty which is thé number of the
band-pass filter passing that specific frequency,

In addition to the frequency analysis, “FILTER" also performs
amplitude analysis, This is accomplished by commring the absolute value

of each iﬁteger and recording the largest one as the amplitude of the |

given time interval,

The final result for this program is plotted byﬂthe subroutine

*IPLOT" which produces two curves, i.eo frequency vs time sample‘(thick

curve) and amplitude vs time sample (thin curve), For each graph a heading

is printed'specifying the word répresented by the plotted frequency

-combination, and the speaker pronouncing the word. The difference between

two horizontal bars 151175 cps. The frequency range 1s froh‘zero to 7000
cps. The X axis repiesents the time sample with each sample béing
L40/7000 sec, The output of "IPLOT" is presented-in Table 3.1. ' The top
graph on each page in this Table represents the iaw spectra of the wqrd
Specified by the heéding. It should be noted that :in the case of A.YQ,
the spectra is sometimes flat at the top and bottom, This characteristic

is produced by the input into A/D converter reaching'the saturation point,

~1.e, i'2V. The reason for allewing the input to go into saturation is the

fact that under normal conditions the signal produced by I.R., is so small

.that it resembles a straight line, Furthermore,'by.observing the two

giaphs on each page it can be seén that the thin éurve, i.e. amplitude.
trace in graph two is an enlarged shabe of the overall positive shape of
graph one, It‘should‘bg noted that Table 3,1 has been divided into two

parts with Part A on page 29 and Part B in Appendix B.
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TABLE 3.1 (Part A)

Note - The area indicated by * represents solid

black spectra eliminated by the reducing instrument.
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TABLE 3.1 (continued)
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TABLE 3.1 (continued)
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CHAPTER IV

SMOOTHING AND SEGMENTATION
OF FILTERED DATA

4.1 Introduction

As can be seen from Table 3.1 the general shape of the
lfundamentél’ane for each word is basically similar. 'The only difference
is the position of the-wave.invthe frequeﬁcy range as well as ;he
harmonies of each wave. In this chapter a smoothiné technique developed
by the author will be presented as well as a plotting routiﬁe which

eliminates inbetween word noise.

4.2 - Smoothing Routine

When writing the smbothingvroutine, two very important
objéctives were kept in mind: (a) the'rdutine had to serve the purpose,
(b) it had to be as simple as possible. The purpose of the routinevwas
to produce as unique as possible an output for each of the six words
regardless of the spéaker. The reason for simplicity was the fact that
in the final stage the éuthor's objective is to be able to replace
sof;ware with hardware.

By studying the graphs it was observed that tﬁe waves for‘each
word, regardless of the speakér, were cdmpfised of almost identical
fundamental wave and harhonics,>wﬁich were different for each speaker.

,Theireason for the great differences iﬁ harmonics for each speaker was

éssumed to be the fact that no two people have the same vocal tract




structure. Again aésuming‘that the harmonics are produced by such parts
of the vocal tract as spéces between teeth or différent vibrations of
lips, tongue or cheeks, one can easily see how ;hese differences are bound
to arise. It is worth noting that in a system whose main purpose was to
recognize speakers, it‘would be the harmonics which would play the main
function‘in the fecognition process. However, our purpose is the opposite
éne, i.e. identificafioﬁ of the words irrespective of the speaker.
Furthermore, ‘it will 'be noticed that the average length of a phoneme
is approximately 600/7000 sec.'keeping‘in mind that phonemes are the
~ basic sounds whiéh formArééoénizable words. A fluctuation in frequency
lasting for only 40/7000 sec. would seem to be too smal; an interval to
be detected by the ordinary human ear. It is the author's belief that.
_what the human ear detects is thé changes in the average frequency, and
interprets tﬁe words from that information. A more detailed congideration
of these questions will be given in Chapter V. Taking all the assumptions
into coﬁsideration, the author decided.tb'eliminate all the harmonics
leaving as the final resﬁlt only the fundamental wave. The drawback of
:such a process is the fact that the smoothiﬁg technique if‘qarried too far,
can eliminate together ﬁith the redundant parts or meaningless changes for
.oﬁr purposes, parts of the wave which are necessary to distinguish between
‘words. This of course raises the primary question which is how to
determine which are the necessary'and which the‘redundant parts -of each
graph. The author's method was to test the routines on all wordé for
each speaker and see which produce&'the best résults.

Many routiﬁeé'haQe been tried. Thé first Qas to take an -
interval of Six 40/7000 sec., fin&‘the>aQeragé ffeguéncy throughout the

B intervél; and set this avefage as the.freQuency of the whole of that
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Hépeéific ﬁiﬁe“sample. ‘This routine was called "Straight Five Averaging'.
As c%p:pefseen;frqmuTébleA4.1, ;he<routiné did ﬁét éroduce a unique
réﬁféééﬁtétien of the word'"exhiﬁits". It should be noted that although
the routine was tested on all words for each speaker, the word '"exhibits"
best démoﬁstrates the general failure of the routine. The reason for

the failure of this routine was attributed to the fact that a variation
in fréquency between two filtering time intervals increased the average
‘0of only the smoothing interval in which the variafion'occurred. |

Furthermore, the method is somewhat arbitrary in the sense that a

comparatively small change in the starting‘pOSition could cause considerable

variations in the smoothed graph. To rectify this problem-anofher
routine was designed. In this routine, a variation between two points
‘reflected on the position of the average préceding that interval as well
as the one following it. The routine "Six Point Overlap" was tested on
all words. However, as in the previous case, only the results for the
word "exhibits" which demonstrates the improvements over the last method
~are given (see Table 4.2). 1In this rouﬁine, the first six poiﬁts
represented the first smoothing time interval. . From that point on the
interval was increased by the next three points which replaced the first
three points. Hence, if the original interval I; consisted of points Pl
to Pg, the next interval Ij would be comprised of points P, to Pg (see

Fig. 4.1). As can be seen, each interval overlaps the previous interval

by three'points1 "The resultant wave produced was much smoother than the

3

one producéd by "Straight Five Aﬁeraging", i.e. the sharp discrepancies were

reduced considerably. Nevertheless, the wave was far from unique for the

word "exhibits". The extra features imposed on the fundamental wave
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were attributed to the fact that an increment of three.points was much too
small to eliminate the harmdnics, keeping in mind that average phoneme is
comprised of approximately 20 points.

To rectify this problem the intetvgl Ik was increased to
15 points with an overlap of fen points with the previous interval Ik—l
(see Fig. 4.2). The results were quite good for the word fexhibifs"
(Table 4.3), however,_in."resonance" (Table 4.3) the freguency change of
"nan" was eliminated by A.Y. and D.C. Furthérmore, if one eliminates the
time dependance, then "resonance" for A.Y. and D.C. and "exhibits" for the
same two speakers possess Qery similar fundamental waves failing to enable
us to distinguish them. Obviously in speech recognitiom, it is more
desirable to have two recognition patterné for one word,'than having two-
words with the same pattern. Although all our methods so far have been
tiﬁe—dependent, this is not a c:iterion‘that can beArelied on since each
speaker has his own way of pronouncing words and phoﬁemés, both with
respect ﬁo stress as well as time,  Hence for one speaker thé leﬁgth of
a phqnemé may be as short as 400/7000 sec. whereas for another speaker it
could be as long as 1000/7000 sec. Cdntinuing this empirical method,
the author decreased the interval of the last smbothing~routin¢ to niné"
points, with increments of three points, and oveflap'of éix points with
interval Ij-l and three points with interval Ij_3 (see Fig. 4.3).
1Looking at Table 4.4 one can see that the results are Ve;y much similar
to those of "Six Poiﬁt Overlap". Thé finai foutine &hich produced the
best results was similar to- "Six Point Overlap"; however,fthe interval
wasbincreased to ten»point;.with five point ovérlap (see Figt'A.é), As
caﬁ 5e éeen<from Table 4.5, fhe results are quite goodlv it should be

ngted that the author judged the smoothing routines on the basis of
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TABLE 4.3 (continued)
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TABLE 4.3 (continued)
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TABLE 4.5
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TABLE 4.5 (continued) -
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uniqueness. A wave for_a particular word is said to be unique for all
three speakers, if the n;mber of peak to péak upward and downward chaﬁges
in each wave is the same. In addition to that, the wave for each Qord
must be distinct. The last smoothing routine-achie&ed 667% uniqueness for
all three speakers., For results between individual épéakers see Table 4.6.
Furthermore, one should realize that 66% uniqueness does not imply that
only 66% recognition can.be achieved. For a full description of the

recognition methods see Chapter V.

4.3  Segmentation of Input Signal Into Necessary and Redundant Data

One of the more serious problems in speech recognition is
detecting the word énset as well as its end. In the case of words whiéh
begin with a vowel, the author used the criterion that the onset of the
word is at thé point at which the amplitude crosses the third frequency
scale line or 525 frequency_mark.' This assumption was based oﬁ
observation of the graphs and proved to be correct in all’cases in which
_the word begins with a vowel. However, in cases in which a word begins
with a fricative as "F" in "flyihg" or plosive like "P" in "planes': the
‘previous criteria cannot‘be used. These phoﬁemes have low amplitude and
high frequency characteristics. In these special cases, increase in
frequency curve from the zero or noise level, which is 1925 cps in this
- case, would have to be.detected and marked as the onsét point for that

specific word. At this time,‘it should be noted that the value of 1925 cps

which is used as the noise or_inbetwéen word value has 'beén obtained with -

- the aid of the smoothing technique used in previous.séction. Furthermore,

this value is not constant. -In many cases the curve deviated up or down

by as.much as 525 cps. - In all such cases the_author assumed the change to

ot
i
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"~ be stray noise. The base for this assumption was the fact that all low
frequency sounds are broduced with the aid of the vocal cords which are
vibrating. At the same time all sounds which are produced with vibrating

vocal cords are high or relativély high in amplitude. Hence, since these

deviations are low iﬁ amplitude aﬁd low in frequency, then they cannot be
produced by the speakér and therefore must beinoise. For upward
deviations, the problem was not as easy to éolve as the previoﬁs,case.
The!x@gest'problanrarosélwhen'aﬁ upward deviation occurred at the

beginning of a word. In such cases, the change was considered to be

the onéet of that word, and it therefore became a part of it. One remedy
would be to groundsas much as possible, all the components or recognition- j
equipment to prevent the pickup of stray noise. However, another way,
depending oﬁ how éophisticated the equipment must be, is ﬁo ignore all
fricative or plosive beginnings, setting the onset point at the occurzernee
of the.f;rst vowel. The disadvantage of this method is the fact that
words like "flying" and "lying" could not be used simultaneousl& in the
'same system‘due to the fact that they possess the same recognition pattern.-
The end point of a word was simply that point aftgr which: followed

25% 40/7000 sec. of . silence. This of course places a restriction on

each speaker to leave 71 seconds between each word. The length of
this interval was chosen on the basis that the silent spot between "A"

and "T" in "that" was 20% 40/7000 sec. for D.C. Setting the interval

to a smaller value woﬁld cause the recognition mechanism to interpret thé

silent spot as the end qf that word causing failure in the recognitioﬁ.
Thg accuracy of our assgmptions and criteria ' are clearly

‘demohstrated_in Figure 4.5 in wﬁiéh one één éasil§ detect the WOfdvonseF;

end, and inbetween word noise. The routine which picks out the noise

is called "pIck" and is given'in'Appendik A.
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CHAPTER V

5.1 Introduction

In Chapter V a close look will be taken‘at the three most
important parts of any recognition system. The three parts are: the
speaker, the 1ist of commands and the recognition algofithm.

In Section 2 the threé main speakers in this thesis will be
described and their vocal peculiarities discussed,

\ In Section 3 the prqblems which can arise from a poor
choice of words will be listed, - Phonetic description as well és the
reasons behind our choice of.the six words used in this thesis'ﬁill-be
given, The actual recognition algorithm and its use will be described

in Section 4,

5.2 The sEéaker

The major,questionfwhen designing speech recognition equipment
is, what class of people will be the main users of the instrument. The
p:opér way tovappfoach this'problem would be to initially lihit.its use
to a carefully controlled group of speakers, By a carefully.controlled
group we mean a group of spéakers who all possess‘similar vocal
A characteristics, perferably all average speakers, After thorough and
precise examination of different irregularities, the systenm couldkbe
extended to take into accouni Qider divergency of pitch and accent, with
the final system allowing for some of the more common speech défects

sﬁch as stuttering and lisping. The term average in this case




applies to persons who possess a medium pitch and é medium intensity voice.
It shoul& be noted that éhe speaker in our investigation who possesses
these characteristics is D.C. The other two speakers exemplified the

two extremes, with A.Y. possessing deep loud voice and I.R. soft high=
éitch voice. In addition, I.R. possesses a slight British accent which,

of coursé, added to the problems of recognition. At present, it is hard

to determine whether the-differénces in the graphs of I.R. are caused

by the high pitch voice or the accent. It is the author's belief that

the latter is the prime reason for the differences.

Another great problem brought about by the speaker is his lack
of faith in the machine, as well as his nervousness. Most épeakers
overarticulaste. their words, trying t§vmake sure thg; the machine hears
each individual phoneme comprising the given word., Similarly, when-
under nervous strain, the voice of the subject tends to vibréte or
change pitch., The probleﬁsAwhich are caused by these irregularities lie
in the fact that the stresses or the pitch changes may not occur in the-
same place each time the word is pfonounced. The réason for this is that
they are not produced habitually and the speaker may forget which:syllable
he or she stressed previoﬁgly. | |

At this point, it should be noted that the qﬁestion of the
speaker depends greatly on the type of system that we are designing.

If the sole purpose of the machine was to recognize "Open" and "Close",
then the speaker does not pose any great problems. In such a system,

with only two words to be recognized, fhe recognition patferns'couldvbe .
-made so general that only éné or two main characteristics of‘these words
would trigger off the necessary‘equipment‘which would perform thé necesgary

command. However, if the system was to recognize a long list of commands,




then the recognition patterns would have to be made precise to énsure
uniqueness. In this caée the spea£er plays a crucial roie, since the
smallest irregularity might cause the failure of recognition of that
specific word, unless proper steps have been taken to-compensate for

such difficulties. Since the list of possible irregularities is so great,
it is very unlikely that such a system can be developed in the near
future. At thg present moment both the speaker and the list Qf words

will have to be chosen in such a way that no ambiguities arise.

5.3 List of Words

In any speech recognition system, the list of wor&s to be
récognizea plays as important a role as the speakér. The two main probiems
which comé about from the choice of words are sound'ambiguity and the
phrase ambigﬁity. By sound ambiguity we mean words like "to", "Fwo",
and "too'". Since words are recognized on the basis of their sound, the
above words could therefore not be included on the same list. Similarly
phrase ambiguity concerhs our inability to distinguish between such words
as "icecream" and "I scream" since these phrases sound the same.

In addition to the above cases we also have such problems as
words which poésess the same vowel and consonant represeptation. An
example of this are words "0.K." and "obey". These words would
produce very similar output waves which would fail the recognition
algorithm. The list of words which was used in the research work for
.this thesis was not chosen in such a way as-to.avoid any ambiguities; but
rafher to exemplify as‘many-as.possible of the difficult phonemes.

Thé word "that" (|¥] |a] itl),:was chosen for its soft beginning

|8, loud and prolonged l]a], silent spot bétween'the la] and the le],




s

and of course, the soft ending"tl.

The word "information" (|i| |n| |£] [8] @) |m] le| |/}
|3] |n|), possesses vowel beginning, change from vowel to fricative and
back to vowel in |nfd|, and, fricative to vowel ending in |fap|. In
addition, it is compriéed of méﬁy phénémes,:demonstratingldlearly
different changes which may occur.in vowel to consonant relations.

The word "eshibits® (|¢| |g| |z| 1] [5] [1] |&] |sD), was chosen
for the phonemes |g| |2|, changes in |1] [b] ||, and the ending |¢| [s|.

The word "resonance” (|z| |¢| |2| |3] |n] [3] |a| lsP. tn
addition to its representation of many sounds possesses hard vowel-like
beginning (|r|), fast change in soﬁnds inhlnan], imbeded fricative lz], .
and turbulent ending. |

The last two words "flying" (|£]| [1| |3i}*|1] |n]) and "planes”
(o] [1] le| |n| |2]) demonstrate a fricative soft beginming in |£|, and

plosive beginning in |p]. Furtherméfé, the sound |n| was of much

interest, as well as the sound Ien .
It should be noted that in addition to the above reasons, the

words "that", "information", '"exhibits" énd "resonante" when joined,

Iform a sentence, The‘advantage of pronouncing a séntence instead of

individuadl words is that the speaker does not place so much emphasis

oﬁ stressing each syllable in each word, but rather concentrates on the

overall fluenc& of the sentence. The problems which arose in this List,

as will be seen later in this chapter, were connected mainly with the

. word "exhibits",

* |3i| as in "bind"
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-5,4  Recognition Algorithm

With the onset and ending point detection ﬁetﬁods discussed in
'Chapte# IV the only problem remaining is to determiﬁe a method for the
recognition of the words. It should be noted that the author's objective
in this thesis is nof to present a 100% fool-proof recognition algorithm,
but rather fo discuss ways in whiéh such an algorithm could be obtained.
First of all if such a system were to be designed, the spgakers would
not be chosen with such extreme voice characteristics as I.R. and A.Y.
Hqﬁever, for the purpose of our study the extremes are of great importance,
and it is interestiné that we have obtained recognition of five out of
the six words for such diverse speakers, |

As it was stated before (Chapter 1V), what the human ear
~ detects is not set frequency levels corresponding to certain phonemes,
but rather frequency level changes. The very fact that the average

frequency of "n" in "resonance" is 175 cps for L.R. and 700 cps for

A.Y. illustrates this point. Hence our main concentration will be on

frequency level changes. The changes will be divided into three main

groups, i.e. small (S), medium (M) and large (L). However, to account

" . for differences in speakers, two subgroups will be introduced. The two

subgroups are medium-small (MS) and medium-large (ML). These éubgroups
will overlap the main groups and any change fallihg into one of these
subgroups will be in the final stages represented by either small or
medium change as in the case of (SM). It should be ﬁoted that a subgroup
such as medium-large can be written as either ML or LM,’aﬁa we use the
"former to indicate that thé change is more likely to belong to the medium
~ group wﬁile the latter indicates that the change is more-likely to be'o§~v

the larger variety. For numerical values of the level changes for each

of'these groups and subgroups see Table 5.1.




TABLE 5.1

"Group Name  Peak to Peak Change

s . 1- 3
SM 4~ 6
M 7- 9
ML - ‘ 10 - 12
L 13 or over

The integer values in the Table represent number of frequency bands
(175 cps) between the upper and lower consecutive peak; in the wave.
 Before going into the recognition algorithm we should state

one more very importaht obsefvation that was made concerﬁing noise. The
observation is that anykhigh frequency changes such as the one in "that"
by I.R. at the 1925 cps level (see Table 4.6) are produced by noise, and
: hence‘can be ignored.‘ The Easis_for this assumption is the fact that to
produce such a frequency dip, twovfricatives or plosives such as ls]_lfl
or |p! Ikl would have to be used side by side which is a very rare case
.in the English 1énguagé.'

| The method by Whiéh the vélues for the recognitioﬁ algorithm
were obtained is as follows: The starting vélue was taken_from the 1925 cps
point to the next lowest point. By ignoring the front plosives and
fricatiﬁes we know that the:word will always start with a vowél and hence
the graph will be decreasing‘froﬁ our zero (1925 cps) level, Thqé, the
next value will be an increase folloﬁed again By a decrease. Fufthermore,«

the final change back‘to the zero level will be ignored and replaced with -

"END" .




The reason for the replééement of the final vaiue is the faé;
that in contrast to the fromt plosives and fricatives, tﬁe end plosives
and fricatives are a part of the recognition algorithm. These phonemes -
characterize the ﬁpper-ﬁound of each speaker's voice frequency band, which
is different for each spéaker.' Hence, the last value, being calculated
with respect to a fixed zero levei (1925 éps), would be a representation
of speaker's band and différent in each case. It should be noted alsé
that the ;ower bound is almost the same (175 cps) for eéch speaker,

The numerical values for each word and.speakér are given to Table 5.2
. with the ending part given. |

Another very important thing that should be noticed is that
each péttern is at first compared to all the recognition patterns.
lHowever,'a match méy not. be found because of three main reasons:

A, The pattérn bears no resemblance to any of our list of words. 1In
this case; we are unable to continue and'conséquentiy the procedure
-terminates.~

B. The pattern is, in fact, similar to one of our:list except that due
to the pronunciation of one of the phonemes the pattern is too shorf.
At present there is no.way to match this COrfectly_since the random
'introduction of features wpuld obviously lead to many errérs.

C{. - The pattern bears some resemblance to one of our list patterns but
is too long. In this case, we can reasonably attempt a matching
by the concatenation of a wave.

The first small change would be eliﬁinated by;céncatenatiﬁgfthe
two.baunding values. This means that the word must be first‘changed back
to iﬁs numerical values.to prodﬁcé the prdpgf classification. Such a

problem as will be seen does come about with the word "resonance" for




TABLE 5.2

"WORD- - SPEAKER CHANGES
That A.Y. 6 3. 1 6 3

I.R. "8 5 2 7 2
Information A.Y. 8 9 10 8 3 .8 leV 8

D.C. 7 8 10 6 2 9 13 9

I.R. 8 10 10 6 1 9 14 9
Exhibits A.Y. 8 11 12 5 1 13 7

D.C. 8 9 10 12 3

I.R. 7 8 10 6- 2 6 2
Resonance A.Y. g 10 9 1 1 13 6

p.c. 7 8 9 1 2 13 &4

IR, 0“4 1 7 12. 6 5 10 2
Flying AY. 8 4 & 9

D.C. 8 6 6 8

I.R. 6 5 8 10
Planes A.Y. 5 1 4 14 6

D.C. 6 1 4 12 4

I.R. 7 6 8 11 &




I.R. The-steps taken in this concatenation will be discussed later in
this chapter. At the same time it should be noticed fhat if the
elimination of the first small change does not produce any definite
results, the next small change is eliminated restoring the first one.
If this still does not improve the recognition then the recognition
simply fails.

For symbolic v;lues for the words see Table 5.3. bThé author's
symbolic representations are presented in Table 5.4. As can be seen
"resonance" by I.R. is too longifor any pattern in Table.5.4. Hence,
the original vglues for_"resonanée" are considered, i.e; 10, 4, 1,

7, 12, 6, 5, 10, 2. The first small change occurs in the 4, 1, 7
sequence. By adding four and seven together and subtracting one from
them to compensaﬁe-for the dip we obtain the value tén or ML. Hence, '
the new representation of the ﬁord is ML, ML, IM, MS, SM, ML, END.
Looking at the set symbolic.representation table (Table 5.4) we see tﬁat
the first symbol (ML) matches all words. The next one (ML) eliminates
the words "that" and "planes". The next one (LM) matches all three
remaining words, however, the next one (MS) eliminates the word "flying".
The next two symbols, i.e. (SM) and (ML) again matgh both words with the
final "END" matching the pattern for "fesonance"f Usiﬁg this method 100%
recognition for the five words can be obtained. |

It is Unfortunaté é@gt'the word "exﬁibits" did not
produce a definite pattern, however, it is the author's -belief that the
cause of the failure was the fast change in "ibi" where timing and,stressf

are very important.
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TABLE 5.3
WORD SPEAKER °  SYMBOLIC REPRESENTATION
That A.Y. MS, S, S, MS, END
D.C. SM, S, S, MS, END
1.R. M, SM, S, M, END
Information -  A.Y. M, M, ML, M, S, M, IM, END
D.C. M, M, ML, MS, S, M, L, END
I.R. M, ML, ML, MS, S, M, L, END
Resonance ALY, M, ML, M, S, S, L, END
D.C. M, M, M, S, S, L, END |
I.R. ML, SM, S, M, LM, MS, MS, ML, END
Flying A.Y. M, SM, SM, END
D.C. M, MS, MS, END
I.R. MS, SM, M, END
‘Planes A.Y. - SM, S, SM, L, END
D.C. MS, S, SM, LM, END
I.R. M, MS, M, ML, END
Exhibits*’ A.Y. M, ML, ML, SM, S, L, END
D.C. M, M, ML, ML, END

I.R. M, M, ML, SM, S, SM, END

* Note - No discernible pattern was found for the word "exhibits"

.and hence the word will not. be included in the recognition table.




TABLE 5.4

SYMBOLIC REPRESENTATION

WORD

That M, S, S, M, END
Information M, M, L, M, S, M, L, END
.Resonance M, M, M, S, S, L, END
"Flying M, M, M, END

Planes M, S, M, L, END
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CHAPTER V1

CONCLUSION

Although the procedures used in our research work enabled us
to recognize five out of six words, the results should not be taken as
perfect considering the number of words in the English language and the

number of possible speakers. When extending our system to general cases

the following points should be taken into consideration.

First of all in the collection of instructions there are two

types of recognition systems. One which recognizes connected speech

and the othér which‘recogﬁizés set gommands;.’The system which the author/
has presented was more command oriented than connecfed speech. . In such
'a system stresses and nervousness of the speaker alter the results
considerably. To qbtain thé characteristics of words as they appear in .
connected speech, the subjecté would be asked to repeat a long text 

~into the tape recorder from which the embedded words would be edited and

studied. This procedure should be repeated several times and the results

obtained compared, to,assuré that the characteristics are frequency
changes and not noise,
The choice of subjects should be made in such a way that all

the speakers are average or possess the same speech alternations such

as high pitch, low pitch, or a foreign or regional accent. Although each
‘speaker has his own small sﬁeech peculiarities like the harmonics in our

waves, the déveloper should make sure that they are of limited importance.




With regard to the recognition algorithm, the ideal system
would be one which would reéognize words on the-basis of levels of
changes without storing them in memory for alternations such as the
concatenation in our system. It is our objective to achieve a system
which performs commands instantaneouélﬁrwithbut "learning" such as is fhe
case with "Lisper" [20]. Such a system however is hardly feasible and
the author écknowledges that beside frequency changes many more aspects
such as amplitude, time and alternatiomns of thé results should be

. considered. This new system would work on an eliminaﬁigﬁ basié:‘ I at

. the end of the most important recognition process (frequency.changes)
two or more words ended in a tie, or the procedure failed, the second

. recognition méthod, i.e, amplitude levels woﬁld be applied. If however,
this method stili failS'to,obtain definife results, the characteristics
would be put through the remaining processes until either’recognition
ﬁas obtained or the‘failure'was signified.

As can be seen, much work still remains t§ be done in this
field. It is hoped that man will soon bé able to communicate with
machines, computers and appliances in his moét.natﬁral communication =

process speech.
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APPENDIX A

18  MAIN  DATE = 702646

FILTER BANK

FORTY FILTFEPS IN STEPS QF 175 CYCLES PEF SECOND,
BLOCK IS THE STARTING BLOCK OF THE WORD,
NG IS THE NG OF BLOCKS CF NUMBERS FOR THE SPECIFIC WORD.

A(120Q7) IS THE AFRAY CCNTAINING NO'S FOR THE SPECTRA CF THE WORD.

TITLE IS THE SPECIFIC WCRD BEING ANALYZED.

INTEGFR FDCQ'%LCLK,TIM:S TITLE(15]), NOTHIN/' v/,vaLy
INTEGER™2 C,yB,A{120C) ’
INTEGER IBUF(100C) ) '

IN IS THE NUMBER OF PCOINTS PER TIME SAMPLE.

IN=46

INC IS THE FREQUENCY BAND FOR EACH FILTER.
IMC=T9DN/1IN

FFEN [S THE NUMBER OF VIRRATIONS PER TIME SAMPLE.
FREQ=0 ‘

CALL PLOTS{IBUF,1000)

CALL PLOTI{D.C,2.0,-3)

FEAD(5,42,,END= 2000) RLGCK, NOyTITLE

FORMAT (215,15A4)

11 IS THE VUHBE? OF THE TIME SAMPLE.

I11=0 '

PEA?(12,3) C1BrA

IF{8,.ME.BLOCK-1) GO TO 4

PO 10720 TIMES=1,NO

READ{1253) CqeByA

FORMAT (742,200A2, ZOOAZ 20042,200A2,2C0A2,2C0A2)

1 CONMTROLS THE LOOP 0F THE SPECTRAL WINDOW.

=2

N=1IN

IAMP CONTAINS THE MAXIMUM AMPLITUDE FOR THE SPECIFIC TIME
[AMP=0

IF(A(TI-1).0T. A(I)) GO TC 102

GG TO 52

THIS FILT®R PASSES ALL VALUES FOR WHICH THE CONDITION
A(I=1)>A(T) IS SATISFIED.

FPEQ=FREQ+]

I=1+1

IF(T.€0.8+1) GO TO 200

VALU=A(T) _
VELU=TA3S{VALU) , _ -
IF(VALULGT.TAMP) TAMP=VALU o ' - :
IF(ALI-1).LT.A(I)) GO TO S1

¢ FREQ=FREQ+]

I=1+1
IF(1.50.N+1) GO TO 200 .
VALU=A(1) ’

“VALU=TABS({VALUY

IF{VALU.GT.IAMP) TAMP=VALU
IF{A(I-1).GT.A(LE)) G3I TO 101
GO TO 50

Note - All programs are written by the author unless otherwise specified.
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'Block.diagram of the main program,

Read the value of the block

where the specific word begins,

Scan through-
data until the
heginning block is.
found.

Read one
block of
numbers.

Find the largest
absolute amplitude

I

Count the number .
of vibrations
per forty points,

Y

Iprint >

ot}

Po




CRTAAN TV 6 LEVIL e COMAIN

3R
“nan
g
"'4"«1.1
362

OO

270

2000

THIS FILTTR BASSES ALL VALUES FOR
A{I-71<alT) IS SATISFIED,

N=p+ N

[T=11+1

B y=FRIRxINC/2

CALL 190 INT{1AMP, IFREQ)
FLZ= .

[F(H,50, 120C+IN) GO TO 10CO
S0 TY 8
LONTINGT
SNCGEILTE €9
nTMINY e

CALL SH0CTH

CrLL PICK '

CALL IPLEOT (TITLE,ND)
6T 1 '

CALL PLOT{5,,0,7,%9¢)
CALL SXIT

END :

DATF = 70254

AHICH THE CONDITION
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Block diagram of the subroutine "IPRINT".

Calculate the
number of the
band-pass filter
whi¢h passes that
specific frequency

(1)

Calculate the
number of the . .-
band-pass filter ‘ : '
which passes that
specific amplitudq

(J)

Write the
numbers on
scratch.
disk
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FRRTRAN [V 4 LEYEL 10 ' ' TerINT - DATE = 77254 23/53/52
iy ' SUBLTUTINT [ ORINT (14%P, [FEED)

CITOYTING FITS THE CR?QJEVCY INTO & BAND-PASS FILTZR FREQUENCY

D000
53
i

i S CALCOLATr Y=o 2MOLITUNE BANDE,

J IflTﬂf MR Es nE Juy AVDL[TU??V3AN90
TN v g J:'[_-‘._“i:‘/?_-_.’f\
? IE{Tame, 70,0175y J=J-1
"2 J=ges

HIT I, 00 j,J

s :
S5 4 SCETIT(212)
St RETHILN
~;;7 . T
.
.
3
.




Block diagram of the subroutines "SMOOTH" and "IAVER".

Read the first
five points of
amplitude and fred

/g;ad the next five
points of amplitudg
and frequency.

Iaver -

Read next five
points into the loJ
cations of the
first five points, .

Add the ten
values of amplit-
ude and frequency |

Find the averages
of amplitude and
frequency.

krite the. aver-
ages on scr-
atch disk;




ORTR AN

0007

0C08

© 0009

0610
- 0011t
Q912
ocl3
0Cta

1V

C
c
c
c
.
c :
1C
5
c
C
C
C

6 LEVEL

20

13 . SMOOTH | DATE = 70246 © 18/48/10

SUBRCUTINE SMOOTH

THIS SUBRIJUTINE PERFORMS THE SMOOTHING OF THE WAVES.

INTEGZR A(15),B(15)

READ THE FIRST FIVE POINTS OF FREQUENCY AND AMPLITUDE.

RFAD(Q’S ,‘E"C=?O)(A(U,B(I),I=1 15)

INCREMENT THE INTERVAL WITH THE NEXT FIVE PCINTS.
PEAD(?,S,FHD=20)(A{T)}48(1)41=6,20]}

FORMATI(212)

CALL THE SURFCUTINE IAVER TO FIND THE AVERAGE OF THE TEN POINTS.
CALL TAVER(A4,3)

REPLACS THE FIRST FIVE POINTS WITH THE NEXT FIVE.
PEAD{D,5,FND=2C0)(A{T),8(1),1=1,5)

CALL THE SURFOCUTIME TAVER TO FIND THE AVERAGE OF THE TEN POINTS.
CALL TAVER(A,BR)

GC T BEGINNING AND PERFORM THE OPERATION WITH NEXT TEN POINTS.
G0 70 10 :
ENDFILE 10

REWIND 10

REWIND 09

RETURN

END
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e ERESEe)
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[ R}

O

£ ATAAT IV G LEVEL

[RVINRS )

1e ' TAVER
SURR YT INT TZVER (A, 9)

THIC S JRF 0T INE FINDS THFE

[N T=: ASTAVS maw axD upw,

INTE 3" 215),73(15%)
SST THT CHHITTRS TO (e .
77T =" »
Pgye

IR

‘.\ x’) !" i— N A
ARPLITOUNS T SHM,

17T =1 T TAL+3(1)
[SUv=1S 1+ (1)

FIND THE AVULAST AMPLITYF
TTOTAL=1TOTAL/LG
TSU=130%/)0

D REPRE S B

< =1y

-

1) TSI, TTOTAL
IR ; ,
=T
SRS

JEITS THE AVYTSAGES ON THE
?

OATE = 72254
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POAINTS PASSED

VALUTS QF SRUAUENCY TG ITOTAL AND THE VALUES OF

AND FRIQUENCY FOR THE SPECIFIC PDINTS,

DISKe




FIRTRIN IV G OLEVEL

sy

P B
-

Wy

~a1 0

112

AR

w033

"1 6
3

DO OO

™ -

ie ' : PICK

CRURATYTINTG 2I0K

THIS Suar
THE 25R0 (1728 (PS) VALUF,

CTNTEGER AU E), FRI(5])

RUAD{L e 2y S D=6 (FEEDITN,240({T),1=1,5)
FNFSATZ[2)

TF(4203),L752) GO TO 4

ATIT (S, TV (S22 1) AMPLT ), 1214 2)

-

. 1

PATE = 70254

s 1700 aFREN(2)aLTes) 50 T0

69
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QYTIYE BLIMINATES THZ IN3ETWAOEN wJéD NOISF SETTING IT TO
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FORTRAN IV G LEVEL 18 o MAIN DATE = 70246 22752751
c ‘ .
o ‘THIS PROGRAM PLOTS THE VOICE SPECTRA.
¢ » _
cnny- ‘ INTEGER BLOCK,TIMES,TITLE(15), IBUF{1C20)
cong INTEGER®2 (C4B3,A{1270) ' i’
203 CALL PLOTS(IBUFR,ICO)
G4 CALL PLOT{200,200=2)
nrgs - 1 RT8D(5,2,END=2¢L0) BLGCKNO,TITLE
AL 2 FORMAT(215,15A4)
o ICh¥ & RELD(12,2) C,yR,4A :
nrng . 3 FORMAT(ZAZ 4 2C0A2 20T A2420N0024,200A2,2C0A2,200A2)
2019 : IF(5,NF3L0CK-1) GO TO 4
) APITE(5,2) BLOCK,NO,TITLE
011 [=¢ ' , : '
cal2 CLLL AXIS(Dal 40Dy LIHTIME SAMPLE =11 4N0%155,0001995092000)
Ge13 _ CALL AXIS(50U 180 v OHAMPLITUDL y 9926095500 y=2047542C470)
. GGlsg CAatL SYM-’i:L(C’oC’,‘?o(?yo28,TITLE.1C/°G,60)
- 0ris CALL. PLOT(D6cD11a0s=3)
Ca16 NG 1500 TIMES=L,NO
0017 READTL293) CaRyA . _ g
no13 CALL IPLCT3(A,IyNO) i
£©n19 193¢ COMTINUE . , o .
Q329 CALL PLOTINO%1o5+4209=1069=3)
60zl GO TO 1 : ' .
0022 2070 CALL PLOTIND®) 45+5,030,0,959)
po23 CALL EXIT

0024 . END
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CFOSTRAN IV G LEVEL 18 - IPLOT3 DATE = 70246
Ao : ' SURRIUTING IPLOT2(Ay I,NO)
Qng2 INTEGER 22 A(1200)
2003 NN it K=1,12040
G004 I=1+1
595 - POIMNT=A(K) ' ' :
22946 CALL PLOT(I/1260.0%1,5,PUINT/204T%1,2)
007 107 CONTINUE S '
2008 RETURN
AG0g END




FORTRAN IV G LEVEL

0001

0092
0003
orQG
¢I0C5
CI0NA
0co7
CCOR
" 0C09
¢a10
coll
o012
on1?2
0014
0015

0216

Gov7?
Qc18
cCl9
GG20
0C21
qc22
¢Cc23
C024
002%
0026
co27
0028
©G29
0C30
Q031
0032
GG23

A OO

i8 IPLOT DATE

SUSROUTINE I1PLOT(TITLE,ND)

72

= 70246 . 18/48/10

THIS SUBRJUTINE PLCTS THE RESULTS OF THE FILTER BANK.

INTEGEP I1BUF(10DC),TITLE(15])

CELL AXIS(O.Cy0.Cy1IHTIMZ SAMPLE —11,&C*).5y0 0490, O,?OgO)

. CALL AXIS{0.0,0.0,9HFRECUENCY,+9,5.0,90.0,0.0,51470. O)

10

Y

4¢

‘50
5C

CALL SYMBIL{G.046.0,428 TITLE,O 0,50)
1=1

Y=1%175./7000.%5,0

CALL PLOT(0.0,Y,3)

CALL PLOT(NO%®1.5,Y,2)

I=1+1

Y=1%175.0/7000.,0%5.0

CALL PLOT{MO*1.55Y423)

CALL PLOT(0.0,Y,2)

I=1+1 .
IF{1.LT.&0) GO Tols

CALL PLOT(C.0,0.0,3)

DO 2¢ I=1,1000
READ(2,10,END=30) K

FORMAT(I2) .
CALL SYMROL(I/20. 0,K/4O 0%5.049 407311 30.0,-2)
CONTINUE :
PEWIND .09

CALL PLOT(0.0,0.0,3)

ne 5C¢ I=1,1000
READ(9,40,END=60) L

FCRMAT (2X, 12)

CALL PLOT({I1/20.0,L7240.0%5.0,2)
CNNTINUE

CALL PLAT(NO*1.5+2,0.0,-3)
REWIND 09

RETURN

" END




FORTPAM IV G LEVEL

oGy

¢on2
Neo3
¢cnna
coCs
€205
Qre7
20083
GOGo
cn1n
001l
cni2

FeLon A I

0014
¢nls
Gols
0017
c01g
¢012
cQ20
Go2l
0022
0123
0on24
0325

Ge26 -

o027
0023
23
cezn
N3
Gn22

2 s Xaka 0

"

-l
L0

Wi
"

18 I1PLOT2

SURRMYTING IPLOT2(TITLI,ND)

THIS SUBRIUTINE PLCTS THE SMOOTHED WAVES.

INTEGTR IRUF(IOQC),TfTLE(lS)

CLLL ‘\XIS(?’-Q,C.O,?HFF ECIJ:";CYy"'q,S.O’Q«(JoC »O 001140000’
CALL AXTS{0. 0 0.0, TIHTIMT SEMPLE y= 11 yNU*Y,.540,090.0920.0)

CALL SY3L(0.T9€009.22,TITLE40.0,60)
I=1
Y=1*175./7C00..%5.0
CALL 2LNT(0.C,Y,2)
CALL PLOT{NO#Y 5,Y,2)
=147
Y=1%175,0/7009,0%5,0
CELLL PLOT(MO®Y,5,Y,2)
CALL OLOT(0.D,Y,2)
I=I+1

IF{ILLT.42) GO TO S
CALL PLOTH(O.C0.0,2)
Do 29 I=:i,100C
PEAD{LC, 10, ENN=10) K
FORMAT(T2)

COMTINT

PEWIND 1D

CALLL PLOT(D.04940,43)

DO 57 1=1,1000 '
RELD(IC,40,°NR=60) L
FOPMAT(2X,172)

CRLL PLAOT{I/20434L740,0%5.0,2)
COMTINUE :

COCALL 2LIOT{NNFL1.542,43C02.0,~-3)

PEWIND 10
PETURY
END
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LEVEL YJANG7

06901
CCo02
0C203
0L 204
06305
00706
CC007
06o09
06009
0Co1N
0211
003 2
0Co13
0eo14
00015
20015
00017
70318
00012
00920
cee2l
16022
(023
0C024
36325
50026
16027
20023
)0020
30030
0031
10332
30033
€034
Y0035
1C036
)C027
10038
10029
20040
10041
1042
10043 -
0044
0045
10046
10047
€048
Y0049
30050
0051
0052
30053
10054
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""VOICE" L
| coBOL F

INENTIFICATION DIVISION.
PRASEAM-TD. 'BIN3TM!,

JAUTHOR.  DL.RL.SPRAGUE.

DATE=WFITTEN, NOV.15,1967.

DATZ-COMPILED. SEP 3,1970° _

PEMARKS. THIS PFOGREAM CONVERTS A 12-BIT SIGNED BINARY NUMBER ON
7-TRACK TAPS TO A 16-BIT SIGNED BIMNARY NUMBER ON 9-TRACK

ENVIROMHEMT DIVISION,

COMEIGURATIOY SECT TON.

SOURCE-CCMPUTER, 1BM-360 H65%

» QRJIZCT-COMPUTER,. IRBM=360 H65,

INPUT-QUTPUT SECTICHM.
FILE-CONTROL, ’
SELECT OCT-TAPE ASSIGN TO *'TAPEIN' UTILITY 2400 UNIT, RESERVE
1 ALTERMATE AREA. : ' o
SELECT HEX-TAPF ASSIGN TO *TAPEOUT! UTILITY 2314 UNIT
FESZREVE 1 ALTEENATE AREA. L
SELECT PRINTZIR ASSIGM TOD *'SYSOUT' UNIT-RECORD 1403 UNIT.
DATA DIVISION. -
FILE SECTINN.
FD OCT-TAPE LA4BEL RECGRD IS CMITTED, RSCORCING MCDE IS Fy
' BLDOCK COMTAINS 2404 CHARACTERS, DATA RECORD IS REC-IN.
01 PREC-IN. : )
02 IN-GUTS PICTURE X(2404).
FD HEX-TAPEZ LAREL KECORD IS STANDARD, RECCRDING MODE IS F, o
8LOCK CONTAINS 2404 CHARACTERS, DATA RECORD [S REC~-0QUT.
01 REC-CUT. .
02 QUT-GUTS . .- PICTURE X(2404).

FD PPINTER DATA PECORDS ARE LINE-OUT, TITLE-1

LARZL RECORD IS CMITTED, RECORDING MOGE IS F.
01 . LINE-QUT. ,

02 FILLER " PICTURE X.
02 NUM3ER-FLD ~ OCCURS 1& TIMES - PICTURE -(7)9.
G2 FILLER PICTURE X{15).
01 TITLE-1. :
G2  FILLER : PICTURE X.
02 NAMI=) T - : PICTURE X(135),
WORKTMG-STCRASE SECTION. ‘
77 X COMPUTATIONAL  VALUE O PICTURE $9999.
77 Y COMPUTATIONAL  VALUE 0O PICTURE S9999.
77 2 CGMPUTATIONAL - VALUE © PICTURE $9999.
77 LINF=CNT ' , PICTURE S$S999. -~
01  OPTICNS. , '
£2 BRAMCH-IPT : ‘ PICTURE 9.
02  BLK~-CNT-NPT S PICTURE $99.
02  CHAMNEL-BPT : PICTURE 99.
01 WORK-IN. - » '
€2 IN-CHAR CCCURS 2404 TIMES PICTURE. X.
01 WORK-OUT. . _ -
- 02 BUT-CHAR OCCURS 1202 TIMES - S
USAGE IS CGMPUTATIONAL ~ _PICTURE $9999.

01 FRECEIVES.
02 . HOLD-ON.

03 1ST-HALF ’ - PICTURE X.
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£ICs5s 1480 03 2ND-HALF ‘ : PICTURE X.
00054 1499 " 02 BINARY-1 REDEFIMES HOLD-CN
20037 1529 USAGE IS CUOMPUTATICNAL PICTURE $9999.
nCos3 1810 C? SHIFTER, .
00059 1520 03 HI-HALF PICTURE X. * e
0Ce3n 1539 © 03 LO-HALF PICTURE X.
Moesl 1540 C? BINARY-2 RENEFINES SHIFTER
00cs2 1€50 - USAGE IS CCOMPUTATICMAL PICTURE $9399.
(0C43 1560 OY  BLOCK-CNTR, : ‘
6024 1875 02 FILLER VALUE 'RUN NO, ! PICTJRE X(8).
0003 1580 (2 R=-CMTR PICTURE 119.
00Ca5% 159C 02 FILLER VALUE SPACE PICTURE X(8).
00Cs7 0 1670 £2 FILLLR  VALUE *BLOCK N3, ! ‘ PICTURE X(10).
0ACE3 1610 G2 B-CNTR : PICTURE 2ZZ9.
NoCs9 2070 PROCEDURE DIVISION,. '
30407¢C 2010 INI IALTZE.
007 2020 ATCEPT CPTIONS.,
: T2049 GJ TO RZAD-IN, WRITE-READ, READ-BACK DEPENDING ON BRANCH-0°T,
0CC73- 2190 READ-IN,
00074 2101 CPEN INPUT OCT-TAPE, GUTPUT HEX-TAPE, .
€1C?5 2106 READ-IT, .
62C76 2110 READ NCT-TAPE INTO WORK-IN AT END GO TQ EQF-T7T.
Qo077 2120 MIVE O T0O Z. : ‘
€I673 2122  MOVE -1 TQ X, MOVE Q TO Y.
€0C79 2130. PERFORM COMV-RTH 1202 TIMES,
‘cocz9 2140 WRITE REC~-OUT FRCOM WORK-0UT.
0031 2150 GO TO READ-IT.
00¢322 2200 CONV-ETN, :
00C33 2210 ADD 2 TO X, 450 2 TC Y. ADD 1 TO Z.
00524 2220 MIVE 0 T RINATY-1, RINMARY=2,
60025 2229 MIVE IN-CHAR (Y) TO 2ND~HALF,
€£0C2s 2240 MOVE IN~CHAR (X) TO HI-HALF,
€oecR7 2240 COMPUTE RIMARY-) = BIMAFY~1 + (BINARY-2 / 4).
nocae 2270 IF BIMARY-1 NCT < 2048, COMPUTE BINARY-1 = =1 % (BINARY-1
6CC39 2280 -~ 2048). - : N
00Ce) 2230 MOVE BINARY-1 TO OUT-CHAR (Z). Lo
00031 2520 EOF-7T.
i00Ce? 2510 . CLASE OCT- TAP:, HEX~TAPE.
00C=3 2511 SWITCH=1,
0ciss 2%12 G731 T CLOSE-0QUT.
€0035 2530 WRITE-READ,
€905 . 2540 " ALTER S®ITCH~1 TO PROCEED TO READ~BACK,
CoC3T. 2559 60 TN RTAD-IN.
£ocos 2560 READ-2ACK.
Gocsa . 2570 0O2FEN [HOUT HEX-TAPE, OUTPUT PRINTER,
aci1en 258¢ MOVE 1 TO Y.
nG1Cl 2620 GO-IN.
00122 25695 MOVE 2 TO 7.
ceins 2610 READ HFX=TADPEZ INTO WORK-OUT AT END GO TO CLOSE- 2.
ioo!oa 2€15 MOVE CUT-CHAR (1) .TO R=CNTR.
0C125 2620 - MIAVE OQUT-CHAR ({2) TO B-CNTR.
cecins 2¢€25 MOVE BLOCK-CNTE TO NAME-1,
6107 2630 WRITE TITLE-1 AFTER ADVANCING O LINES.
00198 2631 MOVE SPACES T0 TITLE-1. _
00169 T 2434 IF QUT-CHAR (2) > BLX-CNT-0PT GO TCO CLOSE-2.
c0110 26490 PERFORM MOVE=-PFINT UNTIL Z > 1zCl.

20111 . 2670 60 TU GO-ON,




cc112
0C113
0(114

JERE-I

0C115
L0117
S cc11s
“oclilg
ecL2o
ooz
00122
ac123

00124

100125
S 00126
‘ec27

,0C128

2583
2650
27317
2710
2800
2%'0

o298

2820
2820
234D

293D

2858
2871
2871
2872
2830
831

CLASE=-2,
LIS
CLOSE-QUT.
STOP RUN,
MOVE-PRINT,
PERFORM LNAD-UP THFU E£1 VARYING X FROM 1 BY 1
CUNTIL X > CHANMNEL-9PT,
WRITE LINT~-NUT AFTER ADVANCING 1 LINES,
? MOVE SPACES TO LINE~OUT.
LOAD~UP, '
ADD 1 TO Z.
MOVE QUT-CHAR " {Z) TO NUMBRER~FLD {X).
I 7 > 1201 THEN IF X = CHANNEL-0OPT MOVE 1 TO Y
FILST COMPYTE Y = X + 1 COMPUTE X = CHANNEL=-OPT + 1
ELST MEXT SENTENCE. -

PRINTSR, HEX—~TAPE.

El.
EXIT.




INFORMATION BY A.Y.

TABLE 3.1 (continued) (Part B) ‘

APPENDIX B
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TABLE 3.1 (continued)

INFORMATIGN BY O.C.
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TABLE 3.1 (continued)

INFORMATION BY I.RH.
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TABLE 3.1 (continued)

EXHIBITS BY A.Y.
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TABLE 3.1 (continued)

EXHIBITS BY D.C.
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DE  x10°
0,90 20,47

v
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TABLE 3.1 (continued)

EXHIBITS BY I.R.
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TABLE 3.1 (continued)

RESENANCE BY A.Y.
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TABLE 3.1 (continued)

RESGNANCE BY 1I.R.
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TABLE 3.1 (continued)

RESONANCE BY D.C.
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TABLE 3.1 (continued)

FLYING BY A.Y.
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TABLE 3.1 (continued) -

FLYING BY D.C.
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TABLE 3.1 (continued)

- FLYING BY I.R.
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TABLE 3.1 (continued)

PLANES BY A.Y
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TABLE 3.1 (continued)

PLANES BY D.C.
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TABLE 3.1 (continued)

PLANES BY I.R.

20.47

«10°

Ladmprorkuh
3T ‘7:1 ii-‘ :"M”Q

(=]
[=)
o

B Y NPy GO ,{-"”?”7’5'?'-’?‘“'7’-“;‘”‘4”.19‘3_\5#"“45"hf;‘!‘;".ly.‘ll}‘s
i . s T T

TUDE

i
dT
=3 - - - -
- < 'g. 00 20.00  40.00  60.00_ _ 0.00_  1Q0.00  120.00  340.0Q
. A . , TIME SAMPLE : o

20.00

55.00

] T -
L TSR S
x T - .3 e 3 L f st ettt
L. DL N ik X “

a arn i Rt % 4 bt gy % .

. 3368 | R sl e 3 . X6
povt ,[\l. M n 5 % = ;-

i 1 VN \ P 3 i 7
H‘h" ~‘»-“.; : FRAYANPRN? 1] T 1
t—f 5 i « 3 + —

‘EAJ".% Lo Gt e

RN % Sk R R e —c

L ‘3 vl — "y X, r Pl 3
g i T AR e ’F,, " Y
o T -y T T T -1 ~
%.UQ S U8 () R $ 8 U 6. 00 3c.Ca 100, T2 J2u.eg 146,08

: . T [>¥e] :

: : i IME SEMPLE




